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1 Scope

The present document represents an interoperability test specification with the purpose of support-
ing the NG112 Emergency Communications Plugtest™ 2017 by covering the following:

• location & location based call routing

• audio, video, real-time text

• policy based routing

• LTD functional elements

• PEMEA architectures

• WebRTC enabled entities

• logging and recording

The main focus is to validate the interoperability and conformity of different solutions on the market
on end to end emergency services communications. The following figure (Fig. 1) illustrates the
basic test infrastructure. The given test infrastructure supports several variations of end to end

Figure 1: Testbed

emergency communication. The following lists high level test objectives that are major items to be
proven as an outcome of the testing.

• Connectivity: Tests cover basic connectivity between functional elements at both, network
and application level. Application level refers to signaling and media transport protocols in
use.

• Routing: Tests cover variants of location based emergency call routing. These include differ-
ent methods how user location is assessed and how this information is delivered to emergency
services.

• Media: Tests cover different media types in order to contact emergency services. Besides
the three main types audio, video and text, test scenarios may also consider messaging and
additional data.
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• Policy: Tests cover variants of policy based emergency call routing. A major strength of
next generation emergency communication are advanced call routing features that allow re-
targeting emergency calls based on time of day , call volume and queue or element state.

• Quality: Tests cover quality aspects with respect to emergency calling. These are among
others successful call setup, call setup time, and media quality. Specific tests depend on
access networks and core services that are considered for testing.

• Location: Tests cover variants of location configuration and conveyance methods such as
advanced mobile location (AML). The aim is to show how these technologies integrate with
next generation core services for emergency calling.

• Application: Tests cover PEMEA based applications and supporting functional elements for
such an architecture. The aim is to show interoperability among all PEMEA stakeholder and
how these elements integrate with next generation core services for emergency calling.

• Communication: Tests cover WebRTC enabled elements (originating and terminating emer-
gency calls) as well as intermediate services in order to bridge signaling and media flows.
Tests shall evaluate how these technologies integrate with next generation core services for
emergency calling.

• Logging & Recording: Tests cover logging and recording aspects with respect to emergency
calling. These are among others successful media recording and event logging. Specific tests
depend on access networks and core services that are considered for testing.

The following lists test cases and test objectives that are explained further in chapter 7.

• Connectivity [5]:

CN/BASIC/01 (7.1.1) Verify end-to-end connectivity between UE and PSAP for admininis-
trative calls

CN/NGCS/01 (7.1.2) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IP access and NG core services

CN/NGCS/02 (7.1.3) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IMS/VoLTE access and NG core services

CN/NGCS/03 (7.1.4) Verify end-to-end connectivity between UE and PSAP for emergency
calls including UC access and NG core services

CN/NGCS/04 (7.1.5) Verify end-to-end connectivity between UE and PSAP for emergency
calls including PSTN access and NG core services
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• Routing [8]:

RT/LBV/01 (7.2.1) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IP access, NG core services and Location By Value

RT/LBV/02 (7.2.2) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IMS/VoLTE access, NG core services and Location
By Value

RT/LBV/03 (7.2.3) Verify end-to-end connectivity between UE and PSAP for emergency
calls including UC, NG core services and Location By Value

RT/LBV/04 (7.2.4) Verify end-to-end connectivity between UE and PSAP for emergency
calls including PIF, NIF, NG core services and Location By Value

RT/LBR/01 (7.2.5) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IP access, NG core services and Location By Refer-
ence

RT/LBR/02 (7.2.6) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IMS/VoLTE access, NG core services and Location
By Reference

RT/LBR/03 (7.2.7) Verify end-to-end connectivity between UE and PSAP for emergency
calls including UC access, NG core services and Location By Refer-
ence

RT/LBR/04 (7.2.8) Verify end-to-end connectivity between UE and PSAP for emergency
calls including PIF, NIF, NG core services and Location By Reference

• Media [3]:

MM/VID/01 (7.3.1) Verify end-to-end connectivity between UE and PSAP for multimedia
emergency calls (audio and video) including IP access and NG core
services

MM/RTT/01 (7.3.2) Verify end-to-end connectivity between UE and PSAP for multimedia
emergency calls (audio and text) including IP access and NG core
services

MM/TC/01 (7.3.3) Verify end-to-end connectivity between UE and PSAP for multimedia
emergency calls (audio, video and text) including IP access and NG
core services
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• Policy [4]:

PO/TIME/01 (7.4.1) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IP access, NG core services and routing policies
(time)

PO/STAT/01 (7.4.2) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IP access, NG core services and routing policies
(queue state)

PO/LNG/01 (7.4.3) Verify end-to-end connectivity between UE and PSAP for emergency
calls including PIF, NIF, NG core services and PIF RTP monitoring
features

PO/LNG/02 (7.4.4) Verify end-to-end connectivity between UE and PSAP for emergency
calls including PIF, NIF, NG core services and PIF SIP monitoring
features

• Quality [2]:

QU/LOAD/01 (7.5.1) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IMS/VoLTE access, NG core services and eNodeB
load emulation

QU/LOAD/02 (7.5.2) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IP access (IMS/OTT), NG core services and eNodeB
load emulation

• Location [3]:

LO/AML/01 (7.6.1) Verify end-to-end connectivity between UE and PSAP for emergency
calls including IMS/VoLTE access, NG core services and AML HTTP

LO/AML/02 (7.6.2) Verify end-to-end connectivity between UE and PSAP for emergency
calls including 2/3G access, NG core services and AML SMS

LO/AML/03 (7.6.3) Verify end-to-end connectivity between UE and PSAP for emergency
calls including 2/3G access, NG core services and AML DATA SMS

• Application [1]:

AP/PMA/01 (7.7.1) Verify end-to-end connectivity between UE and PSAP for emergency
calls including NG core services, IMS and PEMEA emergency data
exchange

• Communication [1]:

CO/WRC/01 (7.8.1) Verify end-to-end connectivity between UE and PSAP for emergency
calls including NG core services and WebRTC enabled elements
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2 References

References are either specific (identified by date of publication and/or edition number or version
number) or non specific. For specific references, only the cited version applies. For non-specific
references, the latest version of the reference document (including any amendments) applies. Ref-
erenced documents which are not found to be publicly available in the expected location might be
found at http: ...

2.1 Normative References

The following referenced documents are necessary for the application of the present document.

n.1 Alvestrand, H. Overview: Real Time Protocols for Browser-Based Applications, February 2017. draft-
ietfrtcweb-overview-17, Internet Engineering Task Force.

n.2 EENA. Next Generation 112 Long Term Definition, Version 1.1, March 2013. http://www.eena.org/
uploads/gallery/files/pdf/2013-03-15-eena_ng_longtermdefinitionupdated.pdf.

n.3 EMTEL. Emergency Communications (EMTEL); Total Conversation Access to Emergency Services,
ETSI TR 103 170, June 2012. http://webapp.etsi.org/workprogram/FrameWorkItemList.asp?
qETSINUMBER=103+170.

n.4 EMTEL. Emergency Communications (EMTEL); Total Conversation Access to Emergency Services,
ETSI TS 101 470, June 2012. http://webapp.etsi.org/workprogram/FrameWorkItemList.asp?
qETSINUMBER=101+470.

n.5 3GPP. TS 22.173: IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and
Supplementary Services; Stage 1, Version 9.4.0, December 2009.

n.6 3GPP. TS 23.167: IP Multimedia Subsystem (IMS) Emergency Sessions, Version 9.3.0, December
2009.

n.7 3GPP. TS 24.229: IP Multimedia Call Control Protocol Based on Session Initiation Protocol (SIP) and
Session Description Protocol (SDP), Stage 3, Release 11, Version 11.4.0, June 2012.

n.8 Reed, C. and Thomson, M. GML 3.1.1 PIDF-LO Shape Application Schema for Use by the Internet En-
gineering Task Force (IETF), April 2007. http://portal.opengeospatial.org/files/?artifactid=
21630.

n.9 Lake, R. and Reed, C. GML Point Profile, Version 0.4, July 2005. Open Geospatial Consortium,
http://portal.opengeospatial.org/files/?artifactid=11606.

n.10 Vretanos, P. GML Simple Features Profile, Version 1.0, April 2006. Open Geospatial Consortium,
http://portal.opengeospatial.org/files/?artifactid=15201.

n.11 IANA. Geopriv HTTP Enabled Location Delivery (HELD) Parameters Registry. http://www.iana.org/
assignments/held-parameters/held-parameters.xhtml.

n.12 Mockapetris, P. Domain Names - Implementation and Specification, November 1987. RFC 1035,
Internet Engineering Task Force.

n.13 Droms, R. Dynamic Host Configuration Protocol, March 1997. RFC 2131, Internet Engineering Task
Force.

n.14 Rosenberg, J., Schulzrinne, H., Camarillo, G., Johnston, A., Peterson, J., Sparks, R., Handley, M. and
Schooler, E. SIP: Session Initiation Protocol, June 2002. RFC 3261, Internet Engineering Task Force.

n.15 Rosenberg, J. and Schulzrinne, H. An Offer/Answer Model With the Session Description Protocol
(SDP), June 2002. RFC 3264, Internet Engineering Task Force.

n.16 Roach, A. Session Initiation Protocol (SIP)-Specific Event Notification, June 2002. RFC 3265, Internet
Engineering Task Force.

Interoperability Test Description Final Version 1.0 10

http://www.eena.org/uploads/gallery/files/pdf/2013-03-15-eena_ng_longtermdefinitionupdated.pdf
http://www.eena.org/uploads/gallery/files/pdf/2013-03-15-eena_ng_longtermdefinitionupdated.pdf
http://webapp.etsi.org/workprogram/Frame WorkItemList.asp?qETSINUMBER=103+170
http://webapp.etsi.org/workprogram/Frame WorkItemList.asp?qETSINUMBER=103+170
http://webapp.etsi.org/workprogram/Frame WorkItemList.asp?qETSINUMBER=101+470
http://webapp.etsi.org/workprogram/Frame WorkItemList.asp?qETSINUMBER=101+470
http://portal.opengeospatial.org/files/?artifact id=21630
http://portal.opengeospatial.org/files/?artifact id=21630
http://portal.opengeospatial.org/files/?artifact id=11606
http://portal.opengeospatial.org/files/?artifact id=15201
http://www.iana.org/assignments/held-parameters/held-parameters.xhtml
http://www.iana.org/assignments/held-parameters/held-parameters.xhtml


2nd NG112 Emergency Communications Plugtest™

n.17 Sparks, R. The Session Initiation Protocol (SIP) Refer Method, April 2003. RFC 3515, Internet Engi-
neering Task Force.

n.18 Schulzrinne, H., Casner, S., Frederick, R. and Jacobson, V. RTP: A Transport Protocol for Real-Time
Applications, July 2003. RFC 3550, Internet Engineering Task Force.

n.19 Rosenberg, J. A Presence Event Package for the Session Initiation Protocol (SIP), August 2004. RFC
3856, Internet Engineering Task Force.

n.20 Sugano, H., Fujimoto, S., Klyne, G., Bateman, A., Carr,W. and Peterson, J. Presence Information Data
Format (PIDF), August 2004. RFC 3863, Internet Engineering Task Force.

n.21 Berners-Lee, T., Fielding, R. and Masinter, L. Uniform Resource Identifier (URI): Generic Syntax,
January 2005. RFC 3986, Internet Engineering Task Force.

n.22 Hellstrom, G. and Jones, P. RTP Payload for Text Conversation, June 2005. RFC 4103, Internet
Engineering Task Force.

n.23 Peterson, J. A Presence-Based GEOPRIV Location Object Format, December 2005. RFC 4119, In-
ternet Engineering Task Force.

n.24 Handley, M., Jacobson, V. and Perkins, C. SDP: Session Description Protocol, July 2006. RFC 4566,
Internet Engineering Task Force.

n.25 Schulzrinne, H. and Tschofenig, H. Location Types Registry, July 2006. RFC 4589, Internet Engineer-
ing Task Force.

n.26 Schulzrinne, H. Dynamic Host Configuration Protocol (DHCPv4 and DHCPv6) Option for Civic Ad-
dresses Configuration Information, November 2006. RFC 4776, Internet Engineering Task Force.

n.27 Schulzrinne, H. A Uniform Resource Name (URN) for Emergency and Other Well-Known Services,
January 2008. RFC 5031, Internet Engineering Task Force.

n.28 Thomson, M. and Winterbottom, J. Revised Civic Location Format for Presence Information Data For-
mat Location Object (PIDF-LO), February 2008. RFC 5139, Internet Engineering Task Force.

n.29 vanWijk, A. and Gybels, G. Framework for Real-Time Text Over IP Using the Session Initiation Protocol
(SIP), June 2008. RFC 5194, Internet Engineering Task Force.

n.30 Hardie, T., Newton, A., Schulzrinne, H. and Tschofenig, H. LoST: A Location-to-Service Translation
Protocol, August 2008. RFC 5222, Internet Engineering Task Force.

n.31 Schulzrinne, H., Polk, J. and Tschofenig, H. Discovering Location-to-Service Translation (LoST)
Servers Using the Dynamic Host Configuration Protocol (DHCP), August 2008. RFC 5223, Internet
Engineering Task Force.

n.32 Winterbottom, J., Thomson, M. and Tschofenig, H. GEOPRIV Presence Information Data Format Lo-
cation Object (PIDF-LO) Usage Clarification, Considerations, and Recommendations, March 2009.
RFC 5491, Internet Engineering Task Force.

n.33 Schulzrinne, H. Location-to-URL Mapping Architecture and Framework, September 2009. RFC 5582,
Internet Engineering Task Force.

n.34 Barnes, M. HTTP-Enabled Location Delivery (HELD), September 2010. RFC 5985, Internet Engineer-
ing Task Force.

n.35 Thomson, M. and Winterbottom, J. Discovering the Local Location Information Server (LIS), Septem-
ber 2010. RFC 5986, Internet Engineering Task Force.

n.36 Winterbottom, J., Tschofenig, H. and Barnes, R. Use of Device Identity in HTTP-Enabled Location
Delivery (HELD), March 2011. RFC 6155, Internet Engineering Task Force.

n.37 Wenger, S., Hannuksela, M.M., Stockhammer, T., Westerlund, M. and Singer, D. RTP Payload Format
for H.264 Video, February 2005. RFC 6280, Internet Engineering Task Force.
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n.38 Rosen, B., Schulzrinne, H., Polk, J. and Newton, A. Framework for Emergency Calling Using Internet
Multimedia, December 2011. RFC 6443, Internet Engineering Task Force.

n.39 Mahy, R., Rosen, B. and Tschofenig, H. Filtering Location Notifications in the Session Initiation Protocol
(SIP), January 2012. RFC 6447, Internet Engineering Task Force.

n.40 Schulzrinne, H. and Tschofenig, H. Synchronizing Location-to-Service Translation (LoST) Protocol
Based Service Boundaries and Mapping Elements, October 2012. RFC 6739, Internet Engineering
Task Force.

n.41 Winterbottom, J., Tschofenig, H., Schulzrinne, H. and Thomson, M. A Location Dereference Protocol
Using HTTP-Enabled Location Delivery (HELD), October 2012. RFC 6753, Internet Engineering Task
Force.

n.42 Winterbottom, J., Thomson, M., Barnes, R., Rosen, B. and George, R. Specifying Civic Address Ex-
tensions in the Presence Information Data Format Location Object (PIDF-LO), January 2013. RFC
6848, Internet Engineering Task Force.

n.43 Bellis, R. Flow Identity Extension for HTTP-Enabled Location Delivery (HELD), April 2013. RFC 6915,
Internet Engineering Task Force.

n.44 Schulzrinne, H., Tschofenig, H., Holmberg, C. and Patel, M. Public Safety Answering Point (PSAP)
Callback, April 2014. RFC 7090, Internet Engineering Task Force.

n.45 Roach, A.B. SIP-Specific Event Notification, July 2012. RFC 6665, Internet Engineering Task Force.

n.46 Rehor, K., Portman L., Hutton, A., Jain, R. Use Cases and Requirements for SIP-Based Media Record-
ing (SIPREC), August 2011. RFC 6341, Internet Engineering Task Force.

n.47 EENA. Advanced Mobile Location (AML), Final Version, March 2016. http://www.eena.org/
download.asp?item_id=165.

n.48 EENA. Pan-European Mobile Emergency Application (PEMEA) Requirements and Functional Archi-
tecture, Version 7, December 2015. http://www.eena.org/download.asp?item_id=158.

n.49 Gellens, R., Tschofenig, H. Next-Generation Pan-European eCall draft-ietf-ecrit-ecall-21.txt, De-
cember 2016, Internet-Draft, Internet Engineering Task Force. https://tools.ietf.org/html/
draft-ietf-ecrit-ecall-21.

2.2 Informative References

The following referenced documents are not necessary for the application of the present document
but they assist the user with regard to a particular subject area.

i.1 Barnes, R. and Lepinski, M. Using Imprecise Location for Emergency Context Resolution, July 2012.
draftietf-ecrit-rough-loc-05 (work in progress), Internet Engineering Task Force.

i.2 Aboba, B. and Thomson, M. Emergency Services Support in WebRTC, June 2013. draft-aboba-
rtcweb-ecrit-01, Internet Engineering Task Force.

i.3 Polk, J. Dynamic Host Configuration Protocol (DHCP) IPv4 and IPv6 Option for a Location Uniform
Resource Identifier (URI), February 2013. draft-ietf-geopriv-dhcp-lbyr-uri-option-19 (work in progress),
Internet Engineering Task Force.

i.4 Rosen, B. Interior Location in the Presence Information Data Format - Location Object, March 2010.
draftrosen-geopriv-pidf-interior-01 (expired), Internet Engineering Task Force.

i.5 Thomson, M., Winterbottom, J. and Barnes, M. Device Capability Negotiation for Device-Based Lo-
cation Determination and Location Measurements in HELD, March 2011. draft-thomson-geopriv-held-
capabilities-09 (expired), Internet Engineering Task Force.

i.6 Thomson, M. and Winterbottom, J. Location Measurements for IEEE 802.16e Devices, March 2011.
draftthomson-geopriv-wimax-measurements-05 (expired), Internet Engineering Task Force.
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i.7 Tschofenig, H. Emergency Services Functionality With the Extensible Messaging and Presence Pro-
tocol(XMPP), March 2012. draft-tschofenig-ecrit-xmpp-es-00 (work in progress), Internet Engineering
Task Force.

i.8 ECMA. Technical Report TR/101, Next Generation Corporate Networks (NGCN) - Emergency Calls,
2nd Edition, December 2010. http://www.ecma-international.org/publications/techreports/
E-TR-101.htm.
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3 Abbreviations

AML Advanced Mobile Location
AP Application Provider
APP Application
BCF Border Control Function
BE Backend
DUT Device Under Test
ECRF Emergency Call Routing Function
ESRP Emergency Service Routing Proxy
EUT Equipment Under Test
FE Functional Element
GW Gateway
HeLD HTTP enabled Location Delivery
IFS Interoperable Functions Statement
IMS IP Multimedia Subsystem
IP Internet Protocol
LAN Local Area Network
LIF Loction Interwork Function
LIS Location Information Service
LNG Legacy Network Gateway
LOC Location
LOG Logging
LRF Location Retrieval Function
LoST Location to Service Translation
MGW Media Gateway
NAPTR Naming Authority Pointer
NG Next Generation
NIF NG112 Interwork Function
NW Network
OTT Over the Top
PEMEA Pan-European Mobile Emergency Application
PSAP Public Safety Answering Point
PSP PSAP Service Provider
RAN Radio Access Network
REC Recording
RTP Real-time Transport Protocol
SGW Signaling Gateway
SIP Session Inititation Protocol
SRV Service (Record)
SUT System Under Test
TC Total Conversation
TD Test Description
UC Unified Communications
UE User Equipment
WAN Wide Area Network
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4 Conventions

4.1 Test Description Proforma

A Test Description (TD) is a detailed description of the process that needs to be followed to test one
or more inter operable functionalities between two or more vendor implementations. A TD should
include as a minimum the following elements: The following different types are defined:

Interoperability Test Description
Identifier a unique test description identifier should follow a well-defined naming

convention, e.g.: TD/AB/XX/00
Test Objective a concise summary of the test, which should reflect its purpose and

allow readers to easily distinguish this test from any other test in the
document

Configuration - list of all the required equipment for running this test, possibly also
including a (reference to) an illustration of a test architecture or test
configuration

References - list of references to the base specification section(s), use case(s),
requirement(s), etc. which are either used in the test or define the
functionality being tested

Applicability - list of features and capabilities in the IFS which are required to be
supported by the SUT in order to execute this test (e.g. if this list
contains an optional feature to be supported, then the test is optional)

Pre-test conditions - list of test specific pre-conditions that need to be met by the SUT
including information about equipment configuration, i.e. precise de-
scription of the initial state of the SUT prior to start executing the test
sequence

Test Sequence Step Type Description
1 <type> step description
2
3

Notes - optional list of explanatory notes

• A stimulus corresponds to an event that triggers an EUT to proceed with a specific protocol
action, like sending a message for instance.

• A check step consists of verifying that the EUT behaves according to the expected behaviour
(for instance the EUT behaviour shows that it receives the expected message).

• A configure corresponds to an action to modify the EUT configuration.

• A verify step consists of verifying that the tested scenario provides expected results (for
instance an emergency call is received at the correct PSAP and media is transmitted).

Each check step consists of the receipt of protocol messages on reference points, with valid content.
The check should be performed using a trace created by a monitor tool.
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4.2 Interoperable Functions Statement

The "Interoperable Functions Statement" (IFS) identifies the standardised functions of a DUT.
These functions can be mandatory, optional or conditional (depending on other functions), and
depend on the role played by the DUT. The IFS can also be used as a proforma by a vendor to
identify the functions that its DUT will support when interoperating with corresponding functions
from other vendors.
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5 Configurations

5.1 CFG_BASIC_LAB-1

CFG_BASIC_LAB-1 is shown in Fig. 2. UE, SIP Proxy and a default PSAP are required. UEs may
connect via a 4G data bearer. Any UE registers with the SIP Proxy and the SIP Proxy forwards
emergency calls to a configured PSAP.

This configuration is used for basic connectivity tests and comprises signaling and media interfaces
as shown in Fig. 3

Figure 2: CFG_BASIC_LAB-1 Scheme

Figure 3: CFG_BASIC_LAB-1 Interfaces
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5.2 CFG_BASIC_IP-1

CFG_BASIC_IP-1 is shown in Fig. 4. UE, SIP Proxy, BCF, ESRP, and a default PSAP are required.
Any UE registers with the SIP Proxy and the SIP Proxy forwards emergency calls to a configured
BCF.

This configuration is used for basic emergency call routing where calls originate from an IP network
that connects to a PSAP and comprises signaling and media interfaces as shown in Fig. 5.

Figure 4: CFG_BASIC_IP-1 Scheme

Figure 5: CFG_BASIC_IP-1 Interfaces
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5.3 CFG_BASIC_IMS-1

CFG_BASIC_IMS-1 is shown in Fig. 6. UE, IMS, BCF, ESRP, and a default PSAP are required.
Any UE registers with the IMS (emergency bearer) and the IMS forwards emergency calls to a con-
figured BCF.

This configuration is used for basic emergency call routing where calls originate from an IMS that
connects to an ESInet and comprises signaling and media interfaces as shown in Fig. 7.

Note: The term IMS is used synonym for IMS functional elements that route emergency calls.

Figure 6: CFG_BASIC_IMS-1 Scheme

Figure 7: CFG_BASIC_IMS-1 Interfaces
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5.4 CFG_BASIC_UC-1

CFG_BASIC_UC-1 is shown in Fig. 8. UE, UC, BCF, ESRP and a default PSAP are required. Any
UE registers with the UC (soft switch) and the UC forwards emergency calls to a configured BCF.

This configuration is used for basic emergency call routing where calls originate from an UC that
connects to an ESInet and comprises signaling and media interfaces as shown in Fig. 9.

Figure 8: CFG_BASIC_UC-1 Scheme

Figure 9: CFG_BASIC_UC-1 Interfaces
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5.5 CFG_BASIC_PSTN-1

CFG_BASIC_PSTN-1 is shown in Fig. 10. UE, LNG, BCF, ESRP, and a default PSAP are required.
Any UE terminates at the LNG and the LNG sends emergency calls to a configured BCF.

This configuration is used for basic emergency call routing where emergency calls originate from
a PSTN that connects via an LNG to an ESInet and comprises signaling and media interfaces as
shown in Fig. 11.

Figure 10: CFG_BASIC_PSTN-1 Schema

Figure 11: CFG_BASIC_PSTN-1 Interfaces
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5.6 CFG_NGCS_IP-1

CFG_NGCS_IP-1 is shown in Fig. 12. UE, SIP Proxy, LIS, BCF, ESRP, ECRF, LOG/REC and
PSAPs are required. Any UE registers with the SIP Proxy and the SIP Proxy forwards emergency
calls to a configured BCF. Location information is retrieved from a LIS either by the UE or any ca-
pable FE within the ESInet.

This configuration is used for emergency call routing where emergency calls originate from an IP
network that connects to an ESInet and comprises signaling and media interfaces as shown in
Fig. 13. Further, emergency calls are routed based on location information, events are logged and
media is recorded.

Figure 12: CFG_NGCS_IP-1 Scheme

Figure 13: CFG_NGCS_IP-1 Interfaces
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5.7 CFG_NGCS_IMS-1

CFG_NGCS_IMS-1 is shown in Fig. 14. UE, IMS, LRF, BCF, ESRP, ECRF, LOG/REC and PSAP
are required. Any UE registers with the IMS (emergency bearer) and the IMS forwards emergency
calls to a configured BCF. Location information is either provided by the IMS (value) or may be
retrieved from the LRF by any capable FE within the ESInet (reference).

This configuration is used for emergency call routing where emergency calls originate from an IMS
that connects to an ESInet and comprises signaling and media interfaces as shown in Fig. 15. Fur-
ther, emergency calls are routed based on location information, events are logged and media is
recorded.

Note: The term IMS is used synonym for IMS functional elements that route emergency calls.

Figure 14: CFG_NGCS_IMS-1 Scheme

Figure 15: CFG_NGCS_IMS-1 Interfaces
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5.8 CFG_NGCS_UC-1

CFG_NGCS_UC-1 is shown in Fig. 16. UE, UC, LIS, BCF, ESRP, ECRF, LOG/REC and PSAP are
required. Any UE registers with the UC (soft switch) and the UC forwards emergency calls to a
configured BCF. Location information is either provided by the UC (reference or value) or retrieved
from the LIS by any capable FE within the ESInet.

This configuration is used for emergency call routing where emergency calls originate from an UC
that connects to an ESInet and comprises signaling and media interfaces as shown in Fig. 17.
Further, emergency calls are routed based on location information, events are logged and media is
recorded.

Figure 16: CFG_NGCS_UC-1 Scheme

Figure 17: CFG_NGCS_UC-1 Interfaces
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5.9 CFG_NGCS_UC-2

CFG_NGCS_UC-1 is shown in Fig. 18. UE, UC, LIS, BCF, ESRP, ECRF, LOG/REC and PSAP are
required. Any UE registers with the UC (soft switch) and the UC forwards emergency calls to a
configured BCF. Location information is either provided by the UC (reference or value) or retrieved
from the LIS by any capable FE within the ESInet.

This configuration is used for emergency call routing where emergency calls originate from an
UC that connects to an ESInet and comprises signaling and media interfaces as shown in Fig. 19.
Further, emergency calls are routed based on location information received from the UC LIS, events
are logged and media is recorded.

Figure 18: CFG_NGCS_UC-2 Scheme

Figure 19: CFG_NGCS_UC-2 Interfaces
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5.10 CFG_NGCS_PSTN-1

CFG_NGCS_PSTN-1 is shown in Fig. 20. UE, LNG, LIS, BCF, ESRP, ECRF, LOG/REC and PSAP
are required. Any UE terminates at the LNG and the LNG sends emergency calls to a configured
BCF. Location information is retrieved from a LIS either by the LNG or any capable FE within the
ESInet.

This configuration is used for emergency call routing where emergency calls originate from a PSTN
that connects via a LNG to an ESInet and comprises signaling and media interfaces as shown in
Fig. 21. Further, emergency calls are routed based on location information, events are logged and
media is recorded.

Figure 20: CFG_NGCS_PSTN-1 Schema

Figure 21: CFG_NGCS_PSTN-1 Interfaces
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5.11 CFG_NGCS_AML-1

CFG_NGCS_AML-1 is shown in Fig. 22. UE, IMS, LIS, BCF, ESRP, ECRF, LOG/REC and PSAP
are required. Any UE registers with the IMS (emergency bearer) and the IMS forwards emergency
calls to a configured BCF. Location information is provided by AML (HTTP push) and retrieved from
the LIS by any capable FE within the ESInet.

This configuration is used for emergency call routing where emergency calls originate from an IMS
that connects to an ESInet and comprises signaling and media interfaces as shown in Fig. 23. Fur-
ther, emergency calls are routed based on location information, events are logged and media is
recorded.

Note: The term IMS is used synonym for IMS functional elements that route emergency calls.

Figure 22: CFG_NGCS_AML-1 Scheme

Figure 23: CFG_NGCS_AML-1 Interfaces
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5.12 CFG_NGCS_AML-2

CFG_NGCS_AML-2 is shown in Fig. 24. UE, LNG, SMSC, LIS, BCF, ESRP, ECRF, LOG/REC and
PSAP are required. Any UE terminates at the LNG and the LNG sends emergency calls to a con-
figured BCF. Location information is provided by AML (data SMS) and retrieved from the LIS by any
capable FE within the ESInet.

This configuration is used for emergency call routing where emergency calls originate from 2/3G
network that connects via a LNG to an ESInet and comprises signaling and media interfaces as
shown in Fig. 25. Further, emergency calls are routed based on location information, events are
logged and media is recorded.

Note: The term 2/3G is used synonym for 2/3G functional elements that route emergency calls.

Figure 24: CFG_NGCS_AML-2 Scheme

Figure 25: CFG_NGCS_AML-2 Interfaces
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5.13 CFG_NGCS_AML-3

CFG_NGCS_AML-3 is shown in Fig. 26. UE, LNG, SMSC, LIS, BCF, ESRP, ECRF, LOG/REC
and PSAP are required. Any UE terminates at the LNG and the LNG sends emergency calls to a
configured BCF. Location information is provided by AML (SMS) and retrieved from the LIS by any
capable FE within the ESInet.

This configuration is used for emergency call routing where emergency calls originate from 2/3G
network that connects via a LNG to an ESInet and comprises signaling and media interfaces as
shown in Fig. 27. Further, emergency calls are routed based on location information, events are
logged and media is recorded.

Note: The term 2/3G is used synonym for 2/3G functional elements that route emergency calls.

Figure 26: CFG_NGCS_AML-3 Scheme

Figure 27: CFG_NGCS_AML-3 Interfaces
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5.14 CFG_NGCS_PMA-1

CFG_NGCS_PMA-1 is shown in Fig. 28. UE, IMS, PSP, BCF, ESRP, ECRF, LOG/REC, AP, PSP
and PSAP are required. A PEMEA based application (UE) sends authentication information to an
application provider (AP) and subsequently provides location, connectivity and other information to
the AP for conveyance to a PSAP via a PSP.

This configuration is used for emergency calls and simultaneous data conveyance based on PE-
MEA functional elements where emergency calls originate from an IMS that connects to an ESInet
and comprises signaling and media interfaces as shown in Fig. 29. Further, a PSAP has the ca-
pability to retrieve additional data provided by a PEMEA ready application. Emergency calls are
routed based on location information, and additional emergency data is forwarded to the PSAP.

Note: The term IMS is used synonym for IMS functional elements that route emergency calls.

Figure 28: CFG_NGCS_PMA-1 Scheme

Figure 29: CFG_NGCS_PMA-1 Interfaces
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5.15 CFG_NGCS_PMA-2

CFG_NGCS_PMA-2 is shown in Fig. 30. UE, IMS, PSP, BCF, ESRP, ECRF, LOG/REC, AP, oPSP,
tPSP and PSAP are required. A PEMEA based application (UE) sends authentication information
to an application provider (AP) and subsequently provides location, connectivity and other informa-
tion to the AP for conveyance to a PSAP via oPSP and tPSP.

This configuration is used for emergency calls and simultaneous data conveyance based on PE-
MEA functional elements where emergency calls originate from an IMS that connects to an ESInet
and comprises signaling and media interfaces as shown in Fig. 31. Further, a PSAP has the ca-
pability to retrieve additional data provided by a PEMEA ready application. Emergency calls are
routed based on location information, and additional emergency data is forwarded to oPSP, tPSP
and retrieved by the PSAP.

Note: The term IMS is used synonym for IMS functional elements that route emergency calls.

Figure 30: CFG_NGCS_PMA-2 Scheme

Figure 31: CFG_NGCS_PMA-2 Interfaces
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5.16 CFG_NGCS_PMA-3

CFG_NGCS_PMA-3 is shown in Fig. 32. UE, IMS, PSP, BCF, ESRP, ECRF, LOG/REC, AP, oPSP,
ASP, tPSP and PSAP are required. A PEMEA based application (UE) sends authentication infor-
mation to an application provider (AP) and subsequently provides location, connectivity and other
information to the AP for conveyance to a PSAP via oPSP, ASP and tPSP.

This configuration is used for emergency calls and simultaneous data conveyance based on PE-
MEA functional elements where emergency calls originate from an IMS that connects to an ESInet
and comprises signaling and media interfaces as shown in Fig. 33. Further, a PSAP has the ca-
pability to retrieve additional data provided by a PEMEA ready application. Emergency calls are
routed based on location information, and additional emergency data is forwarded to oPSP, ASP
and tPSP and retrieved by the PSAP.

Note: The term IMS is used synonym for IMS functional elements that route emergency calls.

Figure 32: CFG_NGCS_PMA-3 Scheme

Figure 33: CFG_NGCS_PMA-3 Interfaces

Interoperability Test Description Final Version 1.0 36



2nd NG112 Emergency Communications Plugtest™

5.17 CFG_NGCS_WRTC-1

CFG_NGCS_WRTC-1 is shown in Fig. 34. UE, BCF, ESRP, ECRF, LOG/REC and PSAP are re-
quired. Media and signaling gateway allow to make emergency calls to an ESInet and are consid-
ered as part of the UE.

This configuration is used for emergency call routing where emergency calls originate from We-
bRTC enabled devices that connect to an ESInet and comprises signaling and media interfaces as
shown in Fig. 35. Further, emergency calls are routed based on location information, and additional
emergency data is forwarded to the PSAP.

Figure 34: CFG_NGCS_WRTC-1 Scheme

Figure 35: CFG_NGCS_WRTC-1 Interfaces
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5.18 CFG_NGCS_WRTC-2

CFG_NGCS_WRTC-2 is shown in Fig. 36. UE, BCF, ESRP, ECRF, LOG/REC and PSAP are re-
quired. Media and signaling gateways allow to terminate emergency calls at an WebRTC based
PSAP and are considered as part of the PSAP.

This configuration is used for emergency call routing where emergency calls originate from an
IP network that connects to an ESInet with a WebRTC enabled PSAP and comprises signaling
and media interfaces as shown in Fig. 37. Further, emergency calls are routed based on location
information, and additional emergency data is forwarded to the PSAP.

Figure 36: CFG_NGCS_WRTC-2 Scheme

Figure 37: CFG_NGCS_WRTC-2 Interfaces
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5.19 CFG_NGCS_WRTC-3

CFG_NGCS_WRTC-3 is shown in Fig. 38. UE, BCF, ESRP, ECRF, LOG/REC and PSAP are re-
quired. Media and signaling gateways allow to make emergency calls to an ESInet and terminate
emergency calls at WebRTC based enpoints (UE, PSAP) and are considered as part of UE and
PSAP.

This configuration is used for emergency call routing where emergency calls originate from We-
bRTC enabled devices that connect to an ESInet with a WebRTC enabled PSAP and comprises
signaling and media interfaces as shown in Fig. 39. Further, emergency calls are routed based on
location information, and additional emergency data is forwarded to the PSAP.

Figure 38: CFG_NGCS_WRTC-3 Scheme

Figure 39: CFG_NGCS_WRTC-3 Interfaces

Interoperability Test Description Final Version 1.0 39



2nd NG112 Emergency Communications Plugtest™

6 Interoperable Functions Statement (IFS)

6.1 Entities

Table 1: Entities

Item Which entity do you support? Status Support
1 UE
2 IMS
3 UC
4 PIF (LNG)
5 NIF (LNG)
6 LIF (LNG)
7 BCF
8 LIS
9 ESRP
10 ECRF
11 L/R
12 PSAP
13 PSP
14 ASP
15 AP

6.2 UE Features

Table 2: UE features

Item Feature ID Ref Status Support
1 Does the UE support SIP? UE_SIP n.14
2 Does the UE support RTP? UE_RTP n.18
3 Does the UE support G.711? UE_G711 n.18
4 Does the UE support H.264? UE_H264 n.37
5 Does the UE support Real-time Text? UE_RTT n.22
6 Does the UE support GPS? UE_GPS

7 Does the UE support PIDF/LO? UE_PFL
n.23
n.28

8 Does the UE support service URNs? UE_URN n.27
9 Does the UE support AML (HTTP)? UE_AMLH n.47
10 Does the UE support AML (SMS)? UE_AMLS n.47
11 Does the UE support AML (DATA SMS)? UE_AMLD n.47
12 Does the UE support PEMEA Pa? UE_PMAPA n.48
13 Does the UE support WebRTC? UE_WRC n.1
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6.3 IMS Features

Table 3: IMS features

Item Feature ID Ref Status Support
1 Does the IMS support SIP? IMS_SIP n.14
2 Does the IMS support RTP? IMS_RTP n.18
3 Does the IMS support G.711? IMS_G711 n.18
4 Does the IMS support H.264? IMS_H264 n.37
5 Does the IMS support Real-time Text? IMS_RTT n.22

6 Does the IMS support HELD? IMS_HELD

n.11
n.34
n.36
n.41
n.43

7 Does the IMS support NG specific SIP
Header?

IMS_NGS n.2

8 Does the IMS support PIDF/LO? IMS_PFL
n.23
n.28

9 Does the IMS support service URNs? IMS_URN n.27

6.4 UC Features

Table 4: UC features

Item Feature ID Ref Status Support
1 Does the UC support SIP? UC_SIP n.14
2 Does the UC support RTP? UC_RTP n.18
3 Does the UC support G.711? UC_G711 n.18
4 Does the UC support H.264? UC_H264 n.37

5 Does the UC support PIDF/LO? UC_PFL
n.23
n.28

6 Does the UC support service URNs? UC_URN n.27

6.5 PIF Features

Table 5: PIF features

Item Feature ID Ref Status Support
1 Does the PIF support SIP? PIF_SIP n.14
2 Does the PIF support RTP? PIF_RTP n.18
3 Does the PIF support G.711? PIF_G711 n.18
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6.6 NIF Features

Table 6: NIF features

Item Feature ID Ref Status Support
1 Does the NIF support SIP? NIF_SIP n.14
2 Does the NIF support RTP? NIF_RTP n.18
3 Does the NIF support G.711? NIF_G711 n.18
4 Does the NIF support NG specific SIP

Header?
NIF_NGS n.2

5 Does the NIF support service URNs? NIF_URN n.27
6 Does the NIF support NG Logging? NIF_LOG n.2
7 Does the NIF support NG Recording? NIF_REC n.46

6.7 LIF Features

Table 7: LIF features

Item Feature ID Ref Status Support

1 Does the LIF support PIDF/LO? LIF_PFL
n.23
n.28

2 Does the LIF support HELD? LIF_HELD

n.11
n.34
n.36
n.41
n.43
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6.8 BCF Features

Table 8: BCF features

Item Feature ID Ref Status Support
1 Does the BCF support SIP? BCF_SIP n.14
2 Does the BCF support RTP? BCF_RTP n.18
3 Does the BCF support G.711? BCF_G711 n.18
4 Does the BCF support H.264? BCF_H264 n.37

5 Does the BCF support HELD? BCF_HELD

n.11
n.34
n.36
n.41
n.43

6 Does the BCF support NG specific SIP
Header?

BCF_NGS n.2

7 Does the BCF support PIDF/LO? BCF_PFL
n.23
n.28

8 Does the BCF support service URNs? BCF_URN n.27
9 Does the BCF support NG Logging? BCF_LOG n.2
10 Does the BCF support NG Recording? BCF_REC n.46
11 Does the BCF support Real-time Text? BCF_RTT n.22

6.9 LIS Features

Table 9: LIS features

Item Feature ID Ref Status Support

1 Does the LIS support HELD? LIS_HELD

n.11
n.34
n.36
n.41
n.43

2 Does the LIS support SIP SUB-
SCRIBE/NOTIFY location update?

LIS_SIPLO
n.2
n.45
n.23

3 Does the LIS support PIDF/LO? LIS_PFL
n.23
n.28

4 Does the LIS support AML (HTTP)? LIS_AMLH n.47
5 Does the LIS support AML (SMS)? LIS_AMLS n.47
6 Does the LIS support AML (DATA SMS)? LIS_AMLD n.47
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6.10 ESRP Features

Table 10: ESRP features

Item Feature ID Ref Status Support
1 Does the ESRP support SIP? ESRP_SIP n.14

2 Does the ESRP support SIP SUB-
SCRIBE/NOTIFY location update?

ESRP_SIPLO
n.2
n.45
n.23

3 Does the ESRP support SIP SUB-
SCRIBE/NOTIFY queue events?

ESRP_SIPQU n.2

4 Does the ESRP support HELD? ESRP_HELD

n.11
n.34
n.36
n.41
n.43

5 Does the ESRP support dequeue regis-
tration?

ESRP_DEQU n.2

6 Does the ESRP support LoST? ESRP_LOST
n.30
n.31

7 Does the ESRP support policy routing
function?

ESRP_PRF n.2

8 Does the ESRP support PIDF/LO? ESRP_PFL
n.23
n.28

9 Does the ESRP support service URNs? ESRP_URN n.27
10 Does the ESRP support NG Logging? ESRP_LOG n.2

6.11 ECRF Features

Table 11: ECRF features

Item Feature ID Ref Status Support

1 Does the ECRF support LoST? ECRF_LOST
n.30
n.31

2 Does the ECRF support PIDF/LO? ECRF_PFL
n.23
n.28

3 Does the ECRF support service URNs? ECRF_URN n.27
4 Does the ECRF support NG Logging? ECRF_LOG n.2
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6.12 LOG & REC Features

Table 12: LOG & REC features

Item Feature ID Ref Status Support
1 Does the L/R support NG Logging? L/R_LOG n.2
2 Does the L/R support NG Recording? L/R_REC n.46

6.13 PSAP Features

Table 13: PSAP features

Item Feature ID Ref Status Support
1 Does the PSAP support SIP? PSAP_SIP n.14
2 Does the PSAP support RTP? PSAP_RTP n.18
3 Does the PSAP support G.711? PSAP_G711 n.18
4 Does the PSAP support H.264? PSAP_H264 n.37
5 Does the PSAP support Real-time Text? PSAP_RTT n.22

6 Does the PSAP support SIP SUB-
SCRIBE/NOTIFY location update?

PSAP_SIPLO
n.2
n.45
n.23

7 Does the PSAP support SIP SUB-
SCRIBE/NOTIFY queue events?

PSAP_SIPQU n.2

8 Does the PSAP support HELD? PSAP_HELD

n.11
n.34
n.36
n.41
n.43

9 Does the PSAP support PIDF/LO? PSAP_PFL
n.23
n.28

10 Does the PSAP support dequeue regis-
tration?

PSAP_DEQU n.2

11 Does the PSAP support service URNs? PSAP_URN n.27
12 Does the PSAP support NG Logging? PSAP_LOG n.2
13 Does the PSAP support NG Recording? PSAP_REC n.46
14 Does the PSAP support PEMEA Pp? PSAP_PMAPP n.48
15 Does the PSAP support WebRTC? PSAP_WRC n.1
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6.14 PSP Features

Table 14: PSP features

Item Feature ID Ref Status Support
1 Does the PSP support PEMEA Ps? PSP_PMAPS n.48
2 Does the PSP support PEMEA Pp? PSP_PMAPP n.48

6.15 ASP Features

Table 15: ASP features

Item Feature ID Ref Status Support
1 Does the ASP support PEMEA Pr? ASP_PMAPR n.48

6.16 AP Features

Table 16: AP features

Item Feature ID Ref Status Support
1 Does the AP support PEMEA Pa? AP_PMAPA n.48
2 Does the AP support PEMEA Ps? AP_PMAPS n.48
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7 Test Descriptions

7.1 Connectivity (CN)

7.1.1 CN/BASIC/01

This test shall verify end-to-end connectivity between UE and PSAP for admininistrative calls.

Message Sequence Diagram

Figure 40: CN/BASIC/01 Message Sequence
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Message Details

1 INVITE Caller/UE --> SIP Proxy

INVITE sip:5555@proxy SIP/2.0
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:5555@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 17: CN/BASIC/01

Interoperability Test Description
Identifier CN/BASIC/01
Test Objective Veriy connectivity between UE (IP) and PSAP with basic call
Configuration - CFG_BASIC_LAB-1 (5.1)
References - SIP (n.14)

- RTP (n.18)
Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)

- PSAP_SIP, PSAP_RTP, PSAP_G711 (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with SIP Proxy/Registrar
- SIP proxy trigger points for administrative call routing

Test Sequence Step Type Description
1 stimulus User dials dials admin. number (e.g. 5555)
2 check Dialog creating INVITE received at SIP proxy
3 check Dialog creating INVITE received at PSAP
4 check SIP dialog established
5 verify Call connected and media exchanged
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7.1.2 CN/NGCS/01

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IP access and NG core services.

Message Sequence Diagram

Figure 41: CN/NGCS/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:5555@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:5555@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 18: CN/NGCS/01

Interoperability Test Description
Identifier CN/NGCS/01
Test Objective Veriy connectivity between UE (IP) and PSAP with emergency call

including NG core services
Configuration - CFG_NGCS_IP-1 (5.6)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- ESRP_SIP, ESRP_URN, ESRP_NGS (6.10)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_NGS

(6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with SIP Proxy/Registrar
- SIP Proxy trigger points for emergency call routing (to BCF)
- BCF, ESRP default trigger points for emergency call routing

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE at default ESRP
4 check Dialog creating INVITE received at default PSAP
5 check SIP dialog established
6 verify Call connected
7 verify Use of urn:service:sos as request URI
8 verify Use of NG specific SIP header
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7.1.3 CN/NGCS/02

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IMS/VoLTE access and NG core services.

Message Sequence Diagram

Figure 42: CN/NGCS/02 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:5555@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:5555@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 19: CN/NGCS/02

Interoperability Test Description
Identifier CN/NGCS/02
Test Objective Veriy connectivity between UE (VoLTE) and PSAP with emergency

call including NG core services
Configuration - CFG_NGCS_IMS-1 (5.7)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- IMS_SIP, IMS_RTP, IMS_URN (6.3)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- ESRP_SIP, ESRP_URN, ESRP_NGS (6.10)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_NGS

(6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with the IMS
- IMS trigger points for emergency call routing (to BCF)
- BCF, ESRP default trigger points for emergency call routing

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE at default ESRP
4 check Dialog creating INVITE received at default PSAP
5 check SIP dialog established
6 verify Call connected
7 verify Use of urn:service:sos as request URI
8 verify Use of NG specific SIP header
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7.1.4 CN/NGCS/03

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
UC access and NG core services.

Message Sequence Diagram

Figure 43: CN/NGCS/03 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:5555@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:5555@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 20: CN/NGCS/03

Interoperability Test Description
Identifier CN/NGCS/03
Test Objective Veriy connectivity between UE (UC) and PSAP with emergency call-

including NG core services
Configuration - CFG_NGCS_UC-1 (5.8)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- UC_SIP, UC_RTP, UC_G711, UC_URN (6.4)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- ESRP_SIP, ESRP_URN, ESRP_NGS (6.10)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_NGS

(6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with UC
- UC trigger points for emergency call routing (to BCF or SIP Proxy)
- BCF, ESRP, SIP Proxy default trigger points for emergency call routing

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE at default ESRP
4 check Dialog creating INVITE received at default PSAP
5 check SIP dialog established
6 verify Call connected
7 verify Use of urn:service:sos as request URI
8 verify Use of NG specific SIP header
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7.1.5 CN/NGCS/04

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
PSTN access and NG core services.

Message Sequence Diagram

Figure 44: CN/NGCS/04 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:5555@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:5555@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 21: CN/NGCS/04

Interoperability Test Description
Identifier CN/NGCS/04
Test Objective Veriy connectivity between UE (PSTN) and PSAP with emergency

call including NG core services
Configuration - CFG_NGCS_PSTN-1 (5.10)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- ESRP_SIP, ESRP_URN, ESRP_NGS (6.10)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_NGS

(6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connected to PIF
- PIF trigger points for emergency call routing (to NIF)
- NIF trigger points for emergency call routing (to BCF)
- BCF, ESRP default trigger points for emergency call routing

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at NIF
3 check Dialog creating INVITE received at BCF
4 check Dialog creating INVITE at default ESRP
5 check Dialog creating INVITE received at default PSAP
6 check SIP dialog established
7 verify Call connected
8 verify Use of urn:service:sos as request URI
9 verify Use of NG specific SIP header
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7.2 Routing (RT)

7.2.1 RT/LBV/01

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IP access, NG core services and Location By Value.

Message Sequence Diagram

Figure 45: RT/LBV/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

5 POST BCF --> LIS

POST / HTTP/1.1
User-Agent: BCF/7.26.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

6 200 OK LIS --> BCF

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uhFz359wi ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>
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Interoperability Test Description

Table 22: RT/LBV/01

Interoperability Test Description
Identifier RT/LBV/01
Test Objective Veriy connectivity between UE (IP) and PSAP with emergency call

including NG core services and Location By Value
Configuration - CFG_NGCS_IP-1 (5.6)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_HELD, BCF_PFL

(6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with SIP Proxy/Registrar
- SIP Proxy trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Location object retrieved from LIS by BCF
4 check Dialog creating INVITE (LbyV) received at ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE received at PSAP
7 check SIP dialog established
8 verify PIDF/LO (LbyV) received at PSAP
9 verify Call connected and location displayed
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7.2.2 RT/LBV/02

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IMS/VoLTE access, NG core services and Location By Value.

Message Sequence Diagram

Figure 46: RT/LBV/02 Message Sequence
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Message Details

1 INVITE Caller --> IMS

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
To: urn:service:sos
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Route: <sip:orig@scscf ;lr>
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Preferred-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:carol-01@plugtest.net ">
<tuple id= "3 k8a9CI ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
<gs:Circle xmlns:gml= " http://www.opengis.net/gml " xmlns:gs= "

http://www.opengis.net/pidflo/1.0 " srsName= "
urn:ietf:params:geopriv:relative:2d ">

<gml:pos>43.62824 7.045276 < /gml:pos>
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<gs:radius uom=" urn:ogc:def:uom:EPSG::9001 ">100 < /gs:radius>
</gs:Circle>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-26T10:25:27+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-25T10:25:27+01:00 < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

3 INVITE IMS --> BCF

INVITE urn:service:sos SIP/2.0
Route: <sip:bcf ;lr>
To: urn:service:sos
Record-Route: <sip:mo@ecscf ;lr>
Record-Route: <sip:mo@pcscf ;lr>
Via: SIP/2.0/UDP 10 .1.70.24:7060 ; branch=z9hG4bK34c3bf993
Via: SIP/2.0/UDP 10 .1.70.23:4060 ; branch=z9hG4bK34c313336
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
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a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "

>
<tuple id=" sg89ae ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
<Point xmlns= " http://www.opengis.net/gml " srsName= "

urn:ogc:crs:EPSG::4326 ">
<pos>47.1234 16 .0010 </pos>

</Point>
</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

5 INVITE BCF --> ESRP

INVITE urn:service:sos SIP/2.0
Route: <sip:esrp ;lr>
To: urn:service:sos
Via: SIP/2.0/UDP 10 .1.70.25 ; branch=z9hG4bK34c3bf123
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
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Privacy: none
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "

>
<tuple id=" sg89ae ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
<Point xmlns= " http://www.opengis.net/gml " srsName= "

urn:ogc:crs:EPSG::4326 ">
<pos>47.1234 16 .0010 </pos>

</Point>
</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--
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Interoperability Test Description

Table 23: RT/LBV/02

Interoperability Test Description
Identifier RT/LBV/02
Test Objective Veriy connectivity between UE (VoLTE) and PSAP with emergency

call including NG core services and Location By Value
Configuration - CFG_NGCS_IMS-1 (5.7)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with the IMS domain
- UE GPS feature enabled
- IMS trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at IMS domain
3 check Dialog creating INVITE and LbyV received at BCF
4 check Dialog creating INVITE and LbyV received at ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE received at PSAP
7 check SIP dialog established
8 verify PIDF/LO (LbyV) received at PSAP
9 verify Call connected and location displayed
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7.2.3 RT/LBV/03

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
UC, NG core services and Location By Value.

Message Sequence Diagram

Figure 47: RT/LBV/03 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

5 POST BCF --> LIS

POST / HTTP/1.1
User-Agent: BCF/7.26.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

6 200 OK LIS --> BCF

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uhFz359wi ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>
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Interoperability Test Description

Table 24: RT/LBV/03

Interoperability Test Description
Identifier RT/LBV/03
Test Objective Veriy connectivity between UE (UC) and PSAP with emergency call

including NG core services and Location By Value
Configuration - CFG_NGCS_UC-1 (5.8)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL (6.2)
- UC_SIP, UC_RTP, UC_G711, UC_URN, UC_PFL (6.4)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with UC
- UC trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at UC domain
3 check Dialog creating INVITE and LbyV received at BCF
4 check Dialog creating INVITE and LbyV received at ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE received at PSAP
7 check SIP dialog established
8 verify PIDF/LO (LbyV) received at PSAP
9 verify Call connected and location displayed
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7.2.4 RT/LBV/04

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
PIF, NIF, NG core services and Location By Value.

Message Sequence Diagram

Figure 48: RT/LBV/04 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

5 POST BCF --> LIS

POST / HTTP/1.1
User-Agent: BCF/7.26.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

6 200 OK LIS --> BCF

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uhFz359wi ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>
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Interoperability Test Description

Table 25: RT/LBV/04

Interoperability Test Description
Identifier RT/LBV/04
Test Objective Veriy connectivity between UE (UC) and PSAP with emergency call

including NG core services and Location By Value
Configuration - CFG_NGCS_PSTN-1 (5.10)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connected to PIF
- PIF trigger points for emergency call routing (to NIF)
- NIF trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at NIF
3 check Dialog creating INVITE received at BCF
4 check Location object retrieved from LIS by BCF
5 check Dialog creating INVITE (LbyV) received at ESRP
6 check LoST request received at ECRF
7 check Dialog creating INVITE received at PSAP
8 check SIP dialog established
9 verify PIDF/LO (LbyV) received at PSAP
10 verify Call connected and location displayed
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7.2.5 RT/LBR/01

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IP access, NG core services and Location By Reference.

Message Sequence Diagram

Figure 49: RT/LBR/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

7 POST ESRP --> LIS

POST / HTTP/1.1
User-Agent: esrp/2.6.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

8 200 OK LIS --> ESRP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uh12Fwi4 ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>

11 INVITE ESRP --> PSAP

INVITE urn:service.sos SIP/2.0
Via: SIP/2.0/TCP 10 .1.21.31 ; branch=z9hG4bK776asdhds2
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:psap ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Supported: geolocation
Geolocation: <http://10.1.12.90:8000/xcjjwheieif>
Contact: <sip:alice@10.1.12.70>
Call-Info: <urn:eena:callid:a56e556d871.bcf> ; purpose=eena-CallId
Call-Info: <urn:eena:incidentid:a56e556d871> ; purpose=eena-IncidentId
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

13 GET PSAP --> LIS

GET /xcjjwheieif HTTP/1.1
User-Agent: psap/2.1.0
Host: 10 .1.12.90:8000
Accept: */*

14 200 OK LIS --> PSAP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/pidf+xml
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Content-Length: 714

<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "
>

<tuple id=" uh12Fwi4 ">
<status>

<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">
<location-info>

<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
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Interoperability Test Description

Table 26: RT/LBR/01

Interoperability Test Description
Identifier RT/LBR/01
Test Objective Veriy connectivity between UE (IP) and PSAP with emergency call

including NG core services and Location By Reference
Configuration - CFG_NGCS_IP-1 (5.6)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_HELD, ESRP_PFL,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_HELD,

PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with SIP Proxy/Registrar
- UE location manually set (device id: uri)
- SIP Proxy trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE received at ESRP
4 check Location URI retrieved from LIS by ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE (LbyR) received at PSAP
7 check SIP dialog established
8 verify PIDF/LO dereferenced by PSAP
9 verify Call connected and location displayed
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7.2.6 RT/LBR/02

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IMS/VoLTE access, NG core services and Location By Reference.

Message Sequence Diagram

Figure 50: RT/LBR/02 Message Sequence
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Message Details

11 INVITE ESRP --> PSAP

INVITE urn:service.sos SIP/2.0
Via: SIP/2.0/TCP 10 .1.21.31 ; branch=z9hG4bK776asdhds2
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:psap ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Supported: geolocation
Geolocation: <http://10.1.12.90:8000/xcjjwheieif>
Contact: <sip:alice@10.1.12.70>
Call-Info: <urn:eena:callid:a56e556d871.bcf> ; purpose=eena-CallId
Call-Info: <urn:eena:incidentid:a56e556d871> ; purpose=eena-IncidentId
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

13 GET PSAP --> LRF

GET /xcjjwheieif HTTP/1.1
User-Agent: psap/2.1.0
Host: 10 .1.12.90:8000
Accept: */*

14 200 OK LRF --> PSAP

HTTP/1.1 200 OK
Server: LRS v0.1
Content-Type: application/pidf+xml
Content-Length: 714

<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "
>

<tuple id=" uh12Fwi4 ">
<status>

<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">
<location-info>

<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
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<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <
/gbp:retention-expiry>

</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
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Interoperability Test Description

Table 27: RT/LBR/02

Interoperability Test Description
Identifier RT/LBR/02
Test Objective Veriy connectivity between UE (VoLTE) and PSAP with emergency

call including NG core services and Location By Reference
Configuration - CFG_NGCS_IMS-1 (5.7)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_HELD, ESRP_PFL,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_HELD,

PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with the IMS domain
- UE location manually set (device id: uri)
- IMS trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at IMS domain
3 check Dialog creating INVITE received at BCF
4 check Dialog creating INVITE received at ESRP
5 check Location URI retrieved from LIS by ESRP
6 check LoST request received at ECRF
7 check Dialog creating INVITE (LbyR) received at PSAP
8 check SIP dialog established
9 verify PIDF/LO dereferenced by PSAP
10 verify Call connected and location displayed
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7.2.7 RT/LBR/03

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
UC access, NG core services and Location By Reference.

Message Sequence Diagram

Figure 51: RT/LBR/03 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

7 POST ESRP --> LIS

POST / HTTP/1.1
User-Agent: esrp/2.6.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

8 200 OK LIS --> ESRP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uh12Fwi4 ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>

11 INVITE ESRP --> PSAP

INVITE urn:service.sos SIP/2.0
Via: SIP/2.0/TCP 10 .1.21.31 ; branch=z9hG4bK776asdhds2
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:psap ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Supported: geolocation
Geolocation: <http://10.1.12.90:8000/xcjjwheieif>
Contact: <sip:alice@10.1.12.70>
Call-Info: <urn:eena:callid:a56e556d871.bcf> ; purpose=eena-CallId
Call-Info: <urn:eena:incidentid:a56e556d871> ; purpose=eena-IncidentId
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

13 GET PSAP --> LIS

GET /xcjjwheieif HTTP/1.1
User-Agent: psap/2.1.0
Host: 10 .1.12.90:8000
Accept: */*

14 200 OK LIS --> PSAP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/pidf+xml
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Content-Length: 714

<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "
>

<tuple id=" uh12Fwi4 ">
<status>

<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">
<location-info>

<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
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Interoperability Test Description

Table 28: RT/LBR/03

Interoperability Test Description
Identifier RT/LBR/03
Test Objective Veriy connectivity between UE (UC) and PSAP with emergency call

including NG core services and Location By Reference
Configuration - CFG_NGCS_UC-1 (5.8)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- UC_SIP, UC_RTP, UC_G711, UC_URN, UC_PFL (6.4)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_HELD, ESRP_PFL,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_HELD,

PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with UC
- UE location manually set (device id: uri)
- UC trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at UC domain
3 check Location URI retrieved from LIS by UC
4 check Dialog creating INVITE (LbyR) received at BCF
5 check Dialog creating INVITE (LbyR) received at ESRP
6 check LoST request received at ECRF
7 check Dialog creating INVITE (LbyR) received at PSAP
8 check SIP dialog established
9 verify PIDF/LO dereferenced by PSAP
10 verify Call connected and location displayed
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7.2.8 RT/LBR/04

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
PIF, NIF, NG core services and Location By Reference.

Message Sequence Diagram

Figure 52: RT/LBR/04 Message Sequence
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Message Details

6 INVITE NIF --> BCF

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:bcf ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Call-Info: <urn:eena:callid:a56e556d871.bcf> ; purpose=eena-CallId
Call-Info: <urn:eena:incidentid:a56e556d871> ; purpose=eena-IncidentId
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 29: RT/LBR/04

Interoperability Test Description
Identifier RT/LBR/04
Test Objective Veriy connectivity between UE (PSTN) and PSAP with emergency

call including NG core services and Location By Reference
Configuration - CFG_NGCS_PSTN-1 (5.10)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_HELD, ESRP_PFL,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connected to PIF
- UE location manually set (device id: uri)
- PIF configured with dial plan for emergency numbers
- NIF trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at NIF
3 check Dialog creating INVITE received at BCF
4 check Dialog creating INVITE received at ESRP
5 check Location URI retrieved from LIS by ESRP
6 check LoST request received at ECRF
7 check Dialog creating INVITE (LbyR) received at PSAP
8 check SIP dialog established
9 verify PIDF/LO dereferenced by PSAP
10 verify Call connected and location displayed

Interoperability Test Description Final Version 1.0 96



2nd NG112 Emergency Communications Plugtest™

7.2.9 RT/LBR/05

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
UC access, NG core services and Location By Reference.

Message Sequence Diagram

Figure 53: RT/LBR/05 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

7 POST ESRP --> LIS

POST / HTTP/1.1
User-Agent: esrp/2.6.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

8 200 OK LIS --> ESRP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uh12Fwi4 ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>

11 INVITE ESRP --> PSAP

INVITE urn:service.sos SIP/2.0
Via: SIP/2.0/TCP 10 .1.21.31 ; branch=z9hG4bK776asdhds2
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:psap ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Supported: geolocation
Geolocation: <http://10.1.12.90:8000/xcjjwheieif>
Contact: <sip:alice@10.1.12.70>
Call-Info: <urn:eena:callid:a56e556d871.bcf> ; purpose=eena-CallId
Call-Info: <urn:eena:incidentid:a56e556d871> ; purpose=eena-IncidentId
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

13 GET PSAP --> LIS

GET /xcjjwheieif HTTP/1.1
User-Agent: psap/2.1.0
Host: 10 .1.12.90:8000
Accept: */*

14 200 OK LIS --> PSAP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/pidf+xml
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Content-Length: 714

<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "
>

<tuple id=" uh12Fwi4 ">
<status>

<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">
<location-info>

<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
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Interoperability Test Description

Table 30: RT/LBR/05

Interoperability Test Description
Identifier RT/LBR/05
Test Objective Veriy connectivity between UE (UC) and PSAP with emergency call

including NG core services and Location By Reference
Configuration - CFG_NGCS_UC-1 (5.9)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- UC_SIP, UC_RTP, UC_G711, UC_URN, UC_PFL (6.4)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_HELD, ESRP_PFL,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_HELD,

PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with UC
- UE location manually set (device id: uri)
- UC trigger points for emergency call routing (to BCF)
- BCF, ESRP trigger points for emergency call routing
- ESRP configured to query the ECRF
- ECRF configured with correct mapping

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at UC domain
3 check Location URI retrieved from LIS by UC
4 check Dialog creating INVITE (LbyR) received at BCF
5 check Dialog creating INVITE (LbyR) received at ESRP
6 check LoST request received at ECRF
7 check Dialog creating INVITE (LbyR) received at PSAP
8 check SIP dialog established
9 verify PIDF/LO dereferenced by PSAP
10 verify Call connected and location displayed
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7.3 Media (MM)

7.3.1 MM/VID/01

This test shall verify end-to-end connectivity between UE and PSAP for multimedia emergency calls
(audio and video) including IP access and NG core services.

Message Sequence Diagram

Figure 54: MM/VID/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 5002 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
m=video 5004 RTP/AVP 96
a=rtpmap:96 H264/90000
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Interoperability Test Description

Table 31: MM/VID/01

Interoperability Test Description
Identifier MM/VID/01
Test Objective Veriy connectivity between UE (IP) and PSAP with emergency call

including NG core services, audio and video
Configuration - CFG_NGCS_IP-1 (5.6)

- CFG_BASIC_LAB-1 (5.1)
References - SIP (n.14)

- RTP (n.18)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_H264 (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_HELD, BCF_PFL

(6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_H264, PSAP_URN,

PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Media anchors support G.711 and H.264
- UE configured to register with SIP Proxy/Registrar
- UE location manually set (device id: uri)
- Trigger points for emergency call routing
- Location By Reference or Location By Value

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE received at ESRP
4 check Location URI retrieved from LIS by ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE received at PSAP
7 check SIP dialog established
8 verify Media (a/v) connected and location displayed
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7.3.2 MM/RTT/01

This test shall verify end-to-end connectivity between UE and PSAP for multimedia emergency calls
(audio and text) including IP access and NG core services.

Message Sequence Diagram

Figure 55: MM/RTT/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 5002 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
m=text 5004 RTP/AVP 98
a=rtpmap:98 t140/1000

Interoperability Test Description Final Version 1.0 106



2nd NG112 Emergency Communications Plugtest™

Interoperability Test Description

Table 32: MM/RTT/01

Interoperability Test Description
Identifier MM/RTT/01
Test Objective Veriy connectivity between UE (IP) and PSAP with emergency call

including NG core services, audio and real-time text
Configuration - CFG_NGCS_IP-1 (5.6)

- CFG_BASIC_LAB-1 (5.1)
References - SIP (n.14)

- RTP (n.18)
- RTT (n.22)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_RTT (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_HELD, BCF_PFL

(6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_RTT, PSAP_URN,

PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Media anchors support G.711 and RTT
- UE configured to register with SIP Proxy/Registrar
- UE location manually set (device id: uri)
- Trigger points for emergency call routing
- Location By Reference or Location By Value

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE received at ESRP
4 check Location URI retrieved from LIS by ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE received at PSAP
7 check SIP dialog established
8 verify Media (a/t) connected and location displayed
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7.3.3 MM/TC/01

This test shall verify end-to-end connectivity between UE and PSAP for multimedia emergency calls
(audio, video and text) including IP access and NG core services.

Message Sequence Diagram

Figure 56: MM/TC/01 Message Sequence
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Message Details

1 INVITE Caller --> IMS

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
To: urn:service:sos
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Route: <sip:orig@scscf ;lr>
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Preferred-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
...
m=video 11552 RTP/AVP 96
a=rtpmap:96 H264/90000
...
m=text 11554 RTP/AVP 98
a=rtpmap:98 t140/1000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "

>
<tuple id=" sg89ae ">

<status>
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<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">
<location-info>

<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

3 INVITE IMS --> BCF

INVITE urn:service:sos SIP/2.0
Route: <sip:bcf ;lr>
To: urn:service:sos
Record-Route: <sip:mo@ecscf ;lr>
Record-Route: <sip:mo@pcscf ;lr>
Via: SIP/2.0/UDP 10 .1.70.24:7060 ; branch=z9hG4bK34c3bf993
Via: SIP/2.0/UDP 10 .1.70.23:4060 ; branch=z9hG4bK34c313336
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
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Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
...
m=video 11552 RTP/AVP 96
a=rtpmap:96 H264/90000
...
m=text 11554 RTP/AVP 98
a=rtpmap:98 t140/1000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "

>
<tuple id=" sg89ae ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
<Point xmlns= " http://www.opengis.net/gml " srsName= "

urn:ogc:crs:EPSG::4326 ">
<pos>47.1234 16 .0010 </pos>

</Point>
</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

5 INVITE BCF --> ESRP

INVITE urn:service:sos SIP/2.0
Route: <sip:esrp ;lr>
To: urn:service:sos
Via: SIP/2.0/UDP 10 .1.70.25 ; branch=z9hG4bK34c3bf123
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
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CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:8 PCMA/8000
a=rtpmap:0 PCMU/8000
...
m=video 11552 RTP/AVP 96
a=rtpmap:96 H264/90000
...
m=text 11554 RTP/AVP 98
a=rtpmap:98 t140/1000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "

>
<tuple id=" sg89ae ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
<Point xmlns= " http://www.opengis.net/gml " srsName= "

urn:ogc:crs:EPSG::4326 ">
<pos>47.1234 16 .0010 </pos>

</Point>
</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>
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</tuple>
</presence>
--d9d9dbcd8e28--
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Interoperability Test Description

Table 33: MM/TC/01

Interoperability Test Description
Identifier MM/TC/01
Test Objective Veriy connectivity between UE (IP) and PSAP with emergency call

including NG core services and total conversation
Configuration - CFG_NGCS_IP-1 (5.6)

- CFG_BASIC_LAB-1 (5.1)
References - SIP (n.14)

- RTP (n.18)
- RTT (n.22)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_H264, UE_RTT (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_HELD, BCF_PFL

(6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_H264, PSAP_RTT,

PSAP_URN, PSAP_PFL, PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Media anchors support G.711, H.264 and RTT
- UE configured to register with SIP Proxy/Registrar
- UE location manually set (device id: uri)
- Trigger points for emergency call routing
- Location By Reference or Location By Value

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at BCF
3 check Dialog creating INVITE received at ESRP
4 check Location URI retrieved from LIS by ESRP
5 check LoST request received at ECRF
6 check Dialog creating INVITE received at PSAP
7 check SIP dialog established
8 verify Media (a/v/t) connected and location displayed
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7.4 Policy (PO)

7.4.1 PO/TIME/01

This test shall verify end-to-end connectivity between UE (IP) and PSAP for emergency calls in-
cluding IP access, NG core services and routing policies (time).

Message Sequence Diagram

Figure 57: PO/TIME/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...
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Interoperability Test Description

Table 34: PO/TIME/01

Interoperability Test Description
Identifier PO/TIME/01
Test Objective Verify retargeting of emergency call from UE (IP) to PSAP based on

matching time-of-day condition including IP access and NG core ser-
vices

Configuration - CFG_NGCS_IP-1 (5.6)
References - SIP (n.14)

- RTP (n.18)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_HELD, BCF_PFL, BCF_NGS

(6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_PRF,

ESRP_NGS, ESRP_SIPQU, ESRP_DEQU (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_SIPQU, PSAP_DEQU (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with SIP Proxy/Registrar
- UE location manually set (device id: uri)
- Trigger points for emergency call routing
- Policy rule set – time-of-day and alternate PSAP

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at SIP proxy
3 check Dialog creating INVITE received at BCF
4 check Dialog creating INVITE received at ESRP
5 check LoST request received at ECRF
6 check time-of-day state condition matches
7 check Dialog creating INVITE received at alternate PSAP
8 check SIP dialog established
9 verify Call re-targeted and connected
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7.4.2 PO/STAT/01

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IP access, NG core services and routing policies (queue state).

Message Sequence Diagram

Figure 58: PO/STAT/01 Message Sequence
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Message Details

3 INVITE SIP Proxy --> BCF

INVITE sip:112@bcf SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

7 POST ESRP --> LIS

POST / HTTP/1.1
User-Agent: esrp/2.6.0
Host: 10 .1.12.90:8000
Accept: */*
Content-Type: application/held+xml ; charset=utf-8
Content-Length: 196

<locationRequest xmlns= " urn:ietf:params:xml:ns:geopriv:held " responseTime=
"8">

<device xmlns= " urn:ietf:params:xml:ns:geopriv:held:id ">
<uri>sip:alice@atlanta.com </uri>

</device>
</locationRequest>

8 200 OK LIS --> ESRP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/held+xml
Content-Length: 979

<?xml version= "1.0"?>
<locationResponse xmlns= " urn:ietf:params:xml:ns:geopriv:held ">

<locationUriSet expires= "2016 -02-18T16:47:13+01:00 ">
<locationURI>http://10.1.12.90:8000/xcjjwheieif < /locationURI>

</locationUriSet>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= "

sip:alice@atlanta.com ">
<tuple id=" uh12Fwi4 ">

<status>
<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">

<location-info>
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<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>

</locationResponse>

11 INVITE ESRP --> PSAP

INVITE urn:service.sos SIP/2.0
Via: SIP/2.0/TCP 10 .1.21.31 ; branch=z9hG4bK776asdhds2
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:psap ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Supported: geolocation
Geolocation: <http://10.1.12.90:8000/xcjjwheieif>
Contact: <sip:alice@10.1.12.70>
Call-Info: <urn:eena:callid:a56e556d871.bcf> ; purpose=eena-CallId
Call-Info: <urn:eena:incidentid:a56e556d871> ; purpose=eena-IncidentId
Content-Type: application/sdp
...
m=audio 37500 RTP/AVP 0 8
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

13 GET PSAP --> LIS

GET /xcjjwheieif HTTP/1.1
User-Agent: psap/2.1.0
Host: 10 .1.12.90:8000
Accept: */*

14 200 OK LIS --> PSAP

HTTP/1.1 200 OK
Server: WOK LIS v0.1
Content-Type: application/pidf+xml
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Content-Length: 714

<presence xmlns= " urn:ietf:params:xml:ns:pidf " enity= " sip:alice@atlanta.com "
>

<tuple id=" uh12Fwi4 ">
<status>

<geopriv xmlns= " urn:ietf:params:xml:ns:pidf:geopriv10 ">
<location-info>

<Point xmlns= " http://www.opengis.net/gml " srsName= "
urn:ogc:crs:EPSG::4326 ">

<pos>47.1234 16 .0010 </pos>
</Point>

</location-info>
<usage-rules xmlns:gbp= "

urn:ietf:params:xml:ns:pidf:geopriv10:basicPolicy ">
<gbp:retention-expiry>2016-02-18T16:47:13+01:00 <

/gbp:retention-expiry>
</usage-rules>
<method>manual < /method>

</geopriv>
</status>
<timestamp>2016-02-17T16:47:13+01:00 < /timestamp>

</tuple>
</presence>
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Interoperability Test Description

Table 35: PO/STAT/01

Interoperability Test Description
Identifier PO/STAT/01
Test Objective Verify retargeting of emergency call from UE (IP) to PSAP based on

matching queue state condition including IP access and NG core ser-
vices

Configuration - CFG_NGCS_IP-1 (5.6)
References - SIP (n.14)

- RTP (n.18)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_HELD, BCF_PFL, BCF_NGS

(6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_PRF,

ESRP_NGS, ESRP_SIPQU, ESRP_DEQU (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_SIPQU, PSAP_DEQU (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with SIP Proxy/Registrar
- UE location manually set (device id: uri)
- Trigger points for emergency call routing
- Policy rule set – queue state condition

Test Sequence Step Type Description
1 stimulus User dials emergency number (e.g. 112)
2 check Dialog creating INVITE received at SIP proxy
3 check Dialog creating INVITE received at BCF
4 check Dialog creating INVITE received at ESRP
5 check LoST request received at ECRF
6 check queue state condition matches
7 check Dialog creating INVITE received at alternate PSAP
8 check SIP dialog established
9 verify Call re-targeted and connected
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7.4.3 PO/LNG/01

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
PIF, NIF, NG core services and PIF RTP monitoring features.

Message Sequence Diagram

Figure 59: PO/LNG/01 Message Sequence
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Message Details

6 INVITE NIF --> BCF

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:bcf ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Geolocation: <cid:alice@atlanta.com>
...
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Interoperability Test Description

Table 36: PO/LNG/01

Interoperability Test Description
Identifier PO/LNG/01
Test Objective Verify call recovery after loss of RTP on emergency call from a legacy

UE (PSTN) to PSAP including NG core services
Configuration - CFG_NGCS_PSTN-1 (5.10)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS, NIF_HELD, NIF_PFL (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_PRF,

ESRP_NGS, ESRP_SIPQU, ESRP_DEQU (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_SIPQU, PSAP_DEQU (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connected to PIF
- UE location manually set (device id: uri)
- LNG comprises a main and backup NIF
- PIF configured to immediately detect loss of RTP
- PIF, NIF trigger points for emergency call routing
- ESRP policy rule set – element state and alternate PSAP
- Esablished emergency call

Test Sequence Step Type Description
1 stimulus PSAP gets disconnected from network
2 check PIF detects loss of RTP and reconnects call
3 check Dialog creating INVITE received at backup NIF
4 check Location object retrieved from LIS by backup NIF
5 check Dialog creating INVITE received at BCF
6 check Dialog creating INVITE received at ESRP
7 check LoST request received at ECRF
8 check Dialog creating INVITE received at backup PSAP
9 verify Call connected and location displayed
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7.4.4 PO/LNG/02

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
PIF, NIF, NG core services and PIF SIP monitoring features.

Message Sequence Diagram

Figure 60: PO/LNG/02 Message Sequence
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Message Details

6 INVITE NIF --> BCF

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.70.21 ; branch=z9hG4bK7gdfgfhhrf
Via: SIP/2.0/UDP 10 .1.12.70 ; branch=z9hG4bK776asdhds
Route: <sip:bcf ;lr>
Max-Forwards: 70
To: <sip:112@provider>
From: Alice <sip:alice@atlanta.com> ; tag=1928301774
Call-ID: a84b4c76e66710@10.1.12.70
CSeq: 314159 INVITE
Contact: <sip:alice@10.1.12.70>
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Geolocation: <cid:alice@atlanta.com>
...
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Interoperability Test Description

Table 37: PO/LNG/02

Interoperability Test Description
Identifier PO/LNG/02
Test Objective Verify call recovery after an unsuccesful SIP dialog setup from a

legacy UE (PSTN) to PSAP including NG core services
Configuration - CFG_NGCS_PSTN-1 (5.10)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711 (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS, NIF_HELD, NIF_PFL (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_PRF,

ESRP_NGS, ESRP_SIPQU, ESRP_DEQU (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_SIPQU, PSAP_DEQU (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connected to PIF
- UE location manually set (device id: uri)
- LNG comprises a main and backup NIF
- PIF configured to immediately detect SIP errors
- PIF configured with main and backup NIF
- PIF, NIF trigger points for emergency call routing (to BCF)
- ESRP policy rule set – element state and alternate PSAP
- Esablished emergency call

Test Sequence Step Type Description
1 stimulus PSAP gets disconnected from network
2 check PIF detects SIP error and reconnects call
3 check Dialog creating INVITE received at backup NIF
4 check Location object retrieved from LIS by backup NIF
5 check Dialog creating INVITE received at BCF
6 check Dialog creating INVITE received at ESRP
7 check LoST request received at ECRF
8 check Dialog creating INVITE received at backup PSAP
9 verify Call connected and location displayed
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7.5 Quality (QU)

7.5.1 QU/LOAD/01

This test shall verify end-to-end connectivity between UE (VoLTE) and PSAP for emergency calls
including IMS access, NG core services and eNodeB load emulation.

Message Sequence Diagram

Figure 61: QU/LOAD/01 Message Sequence

Interoperability Test Description Final Version 1.0 129



2nd NG112 Emergency Communications Plugtest™

Message Details

1 INVITE Caller --> IMS

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
To: urn:service:sos
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Route: <sip:orig@scscf ;lr>
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Preferred-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " xmlns:gp= "

urn:ietf:params:xml:ns:pidf:geopriv10 " xmlns:gml= "
urn:opengis:specification:gml:schema-xsd:feature:v3.0 " xmlns= "
urn:ietf:params:xml:ns:pidf ">

<tuple id=" sg89ae ">
<status>

<gp:geopriv>
<gp:location-info>

<gml:location>
<gml:Point gml:id= " point1 " srsName= " epsg:4326 ">
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<gml:coordinates>43:37:00N 7:03:13E < /gml:coordinates>
</gml:Point>

</gml:location>
</gp:location-info>
<gp:usage-rules>

<gp:retransmission-allowed>no < /gp:retransmission-allowed>
<gp:retention-expiry>2016-01-11T04:57:29Z < /gp:retention-expiry>

</gp:usage-rules>
</gp:geopriv>

</status>
<timestamp>2016-01-11T20:57:29Z < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

3 INVITE IMS --> BCF

INVITE urn:service:sos SIP/2.0
Route: <sip:bcf ;lr>
To: urn:service:sos
Record-Route: <sip:mo@ecscf ;lr>
Record-Route: <sip:mo@pcscf ;lr>
Via: SIP/2.0/UDP 10 .1.70.24:7060 ; branch=z9hG4bK34c3bf993
Via: SIP/2.0/UDP 10 .1.70.23:4060 ; branch=z9hG4bK34c313336
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
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a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " xmlns:gp= "

urn:ietf:params:xml:ns:pidf:geopriv10 " xmlns:gml= "
urn:opengis:specification:gml:schema-xsd:feature:v3.0 " xmlns= "
urn:ietf:params:xml:ns:pidf ">

<tuple id=" sg89ae ">
<status>

<gp:geopriv>
<gp:location-info>

<gml:location>
<gml:Point gml:id= " point1 " srsName= " epsg:4326 ">

<gml:coordinates>43:37:00N 7:03:13E < /gml:coordinates>
</gml:Point>

</gml:location>
</gp:location-info>
<gp:usage-rules>

<gp:retransmission-allowed>no < /gp:retransmission-allowed>
<gp:retention-expiry>2016-01-11T04:57:29Z < /gp:retention-expiry>

</gp:usage-rules>
</gp:geopriv>

</status>
<timestamp>2016-01-11T20:57:29Z < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

5 INVITE BCF --> ESRP

INVITE urn:service:sos SIP/2.0
Route: <sip:esrp ;lr>
To: urn:service:sos
Via: SIP/2.0/UDP 10 .1.70.25 ; branch=z9hG4bK34c3bf123
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
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Privacy: none
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " xmlns:gp= "

urn:ietf:params:xml:ns:pidf:geopriv10 " xmlns:gml= "
urn:opengis:specification:gml:schema-xsd:feature:v3.0 " xmlns= "
urn:ietf:params:xml:ns:pidf ">

<tuple id=" sg89ae ">
<status>

<gp:geopriv>
<gp:location-info>

<gml:location>
<gml:Point gml:id= " point1 " srsName= " epsg:4326 ">

<gml:coordinates>43:37:00N 7:03:13E < /gml:coordinates>
</gml:Point>

</gml:location>
</gp:location-info>
<gp:usage-rules>

<gp:retransmission-allowed>no < /gp:retransmission-allowed>
<gp:retention-expiry>2016-01-11T04:57:29Z < /gp:retention-expiry>

</gp:usage-rules>
</gp:geopriv>

</status>
<timestamp>2016-01-11T20:57:29Z < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--
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Interoperability Test Description

Table 38: QU/LOAD/01

Interoperability Test Description
Identifier QU/LOAD/01
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, IMS and eNodeB load emulation
Configuration - CFG_NGCS_IMS-1 (5.7)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with the IMS domain
- IMS trigger points for emergency call routing (to BCF)
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- RAN load emulation enabled and configured

Test Sequence Step Type Description
1 stimulus RAN load emulation started
2 stimulus User dials emergency number
3 check Dialog creating INVITE received at IMS domain
4 check Dialog creating INVITE received at BCF
5 check Location object received in INVITE at BCF
6 check Dialog creating INVITE received at ESRP
7 check LoST request received at ECRF
8 check Dialog creating INVITE received at PSAP
9 check SIP dialog established
10 verify Location received at PSAP
11 verify Call connected and media exchanged
12 verify Location displayed

Interoperability Test Description Final Version 1.0 134



2nd NG112 Emergency Communications Plugtest™

7.5.2 QU/LOAD/02

This test shall verify end-to-end connectivity between UE and PSAP for emergency calls including
IP access (IMS/OTT), NG core services and eNodeB load emulation.

Message Sequence Diagram

Figure 62: QU/LOAD/02 Message Sequence
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Message Details

1 INVITE Caller --> IMS

INVITE urn:service:sos SIP/2.0
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
To: urn:service:sos
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Route: <sip:orig@scscf ;lr>
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Preferred-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " xmlns:gp= "

urn:ietf:params:xml:ns:pidf:geopriv10 " xmlns:gml= "
urn:opengis:specification:gml:schema-xsd:feature:v3.0 " xmlns= "
urn:ietf:params:xml:ns:pidf ">

<tuple id=" sg89ae ">
<status>

<gp:geopriv>
<gp:location-info>

<gml:location>
<gml:Point gml:id= " point1 " srsName= " epsg:4326 ">
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<gml:coordinates>43:37:00N 7:03:13E < /gml:coordinates>
</gml:Point>

</gml:location>
</gp:location-info>
<gp:usage-rules>

<gp:retransmission-allowed>no < /gp:retransmission-allowed>
<gp:retention-expiry>2016-01-11T04:57:29Z < /gp:retention-expiry>

</gp:usage-rules>
</gp:geopriv>

</status>
<timestamp>2016-01-11T20:57:29Z < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

3 INVITE IMS --> BCF

INVITE urn:service:sos SIP/2.0
Route: <sip:bcf ;lr>
To: urn:service:sos
Record-Route: <sip:mo@ecscf ;lr>
Record-Route: <sip:mo@pcscf ;lr>
Via: SIP/2.0/UDP 10 .1.70.24:7060 ; branch=z9hG4bK34c3bf993
Via: SIP/2.0/UDP 10 .1.70.23:4060 ; branch=z9hG4bK34c313336
Via: SIP/2.0/UDP 10 .1.12.70:42592 ; branch=z9hG4bK846058251
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
P-Preferred-Service: urn:urn-7:3gpp-service.ims.icsi.mmtel
Accept-Contact: *; +g.3gpp.icsi-ref= "urn %3 Aurn-7 %3

A3gpp-service.ims.icsi.mmtel "
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
Privacy: none
P-Access-Network-Info: 3 GPP-E-UTRAN-FDD ; utran-cell-id-3gpp=2080172000000649
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
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a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " xmlns:gp= "

urn:ietf:params:xml:ns:pidf:geopriv10 " xmlns:gml= "
urn:opengis:specification:gml:schema-xsd:feature:v3.0 " xmlns= "
urn:ietf:params:xml:ns:pidf ">

<tuple id=" sg89ae ">
<status>

<gp:geopriv>
<gp:location-info>

<gml:location>
<gml:Point gml:id= " point1 " srsName= " epsg:4326 ">

<gml:coordinates>43:37:00N 7:03:13E < /gml:coordinates>
</gml:Point>

</gml:location>
</gp:location-info>
<gp:usage-rules>

<gp:retransmission-allowed>no < /gp:retransmission-allowed>
<gp:retention-expiry>2016-01-11T04:57:29Z < /gp:retention-expiry>

</gp:usage-rules>
</gp:geopriv>

</status>
<timestamp>2016-01-11T20:57:29Z < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--

5 INVITE BCF --> ESRP

INVITE urn:service:sos SIP/2.0
Route: <sip:esrp ;lr>
To: urn:service:sos
Via: SIP/2.0/UDP 10 .1.70.25 ; branch=z9hG4bK34c3bf123
From: Alice <sip:alice@atlanta.com> ; tag=1632742163
Contact: <sip:alice@10.1.12.70:42592 ; transport=udp> ; +g.3gpp.icsi-ref= "urn %3

Aurn-7 %3 A3gpp-service.ims.icsi.mmtel "
Call-ID: 3 fb8e446f1dc88@10.1.12.70
CSeq: 1725439665 INVITE
Content-Type: multipart/mixed ; boundary= " d9d9dbcd8e28 "
Content-Length: 2290
Max-Forwards: 70
Accept: application/sdp , application/pidf+xml
Supported: 100 rel , geolocation
Geolocation: <cid:alice@atlanta.com>
Geolocation-Routing: yes
Allow: INVITE , ACK , CANCEL , BYE , MESSAGE , OPTIONS , NOTIFY , PRACK , UPDATE ,

REFER
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Privacy: none
P-Asserted-Identity: <sip:alice@atlanta.com>
...

--d9d9dbcd8e28
Content-Type: application/sdp

...
m=audio 11550 RTP/AVP 8 0
a=rtpmap:0 PCMU/8000
a=rtpmap:8 PCMA/8000
...

--d9d9dbcd8e28
Content-Type: application/pidf+xml
Content-ID: alice@atlanta.com

<?xml version= "1.0" encoding= "utf-8 "?>
<presence xmlns= " urn:ietf:params:xml:ns:pidf " xmlns:gp= "

urn:ietf:params:xml:ns:pidf:geopriv10 " xmlns:gml= "
urn:opengis:specification:gml:schema-xsd:feature:v3.0 " xmlns= "
urn:ietf:params:xml:ns:pidf ">

<tuple id=" sg89ae ">
<status>

<gp:geopriv>
<gp:location-info>

<gml:location>
<gml:Point gml:id= " point1 " srsName= " epsg:4326 ">

<gml:coordinates>43:37:00N 7:03:13E < /gml:coordinates>
</gml:Point>

</gml:location>
</gp:location-info>
<gp:usage-rules>

<gp:retransmission-allowed>no < /gp:retransmission-allowed>
<gp:retention-expiry>2016-01-11T04:57:29Z < /gp:retention-expiry>

</gp:usage-rules>
</gp:geopriv>

</status>
<timestamp>2016-01-11T20:57:29Z < /timestamp>

</tuple>
</presence>
--d9d9dbcd8e28--
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Interoperability Test Description

Table 39: QU/LOAD/02

Interoperability Test Description
Identifier QU/LOAD/02
Test Objective End-to-end connectivity and emergency call from UE (IP) to PSAP

including IP access, NG core services, IMS and eNodeB load emula-
tion

Configuration - CFG_NGCS_IP-1 (5.6)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with the IMS domain
- IMS trigger points for emergency call routing (to BCF)
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- RAN load emulation enabled and configured

Test Sequence Step Type Description
1 stimulus RAN load emulation started
2 stimulus User dials emergency number
3 check Dialog creating INVITE received at IMS domain
4 check Dialog creating INVITE received at BCF
5 check Location object received in INVITE at BCF
6 check Dialog creating INVITE received at ESRP
7 check LoST request received at ECRF
8 check Dialog creating INVITE received at PSAP
9 check SIP dialog established
10 verify Location received at PSAP
11 verify Call connected and media exchanged
12 verify Location displayed
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7.6 Location (LO)

7.6.1 LO/AML/01

This test shall verify end-to-end connectivity between UE (VoLTE) and PSAP for emergency calls
including IMS access, NG core services and AML services via HTTP push.

Message Sequence Diagram

Figure 63: LO/AML/01 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 40: LO/AML/01

Interoperability Test Description
Identifier LO/AML/01
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, IMS and and AML services via HTTP push
Configuration - CFG_NGCS_AML-1 (5.11)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- AML (n.47)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_AMLH (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- LIS_HELD, LIS_AMLH (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE configured to register with the IMS domain
- IMS trigger points for emergency call routing (to BCF)
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- UE runs AML application

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify Location received at PSAP
5 verify Call connected and media exchanged
6 verify Location displayed
7 verify AML received at LIS
8 stimulus Call Taker request location update
9 verify Updated location displayed
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7.6.2 LO/AML/02

This test shall verify end-to-end connectivity between UE (2/3G) and PSAP for emergency calls
including LNG, NG core services and AML services via SMS push.

Message Sequence Diagram

Figure 64: LO/AML/02 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 41: LO/AML/02

Interoperability Test Description
Identifier LO/AML/02
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, and AML services via SMS push
Configuration - CFG_NGCS_IMS-1 (5.12)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_AMLS (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS, NIF_HELD, NIF_PFL (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD, LIS_AMLS (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_PRF,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connects to 2/3G domain
- PIF, NIF trigger points for emergency call routing (to BCF)
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- UE runs AML application

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify Location received at PSAP
5 verify Call connected and media exchanged
6 verify Location displayed
7 verify AML SMS received at SMSC
8 verify AML received at LIS
9 stimulus Call Taker request location update
10 verify Updated location displayed
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7.6.3 LO/AML/03

This test shall verify end-to-end connectivity between UE (2/3G) and PSAP for emergency calls
including LNG, NG core services and AML services via DATA SMS push.

Message Sequence Diagram

Figure 65: LO/AML/03 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 42: LO/AML/03

Interoperability Test Description
Identifier LO/AML/03
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, and AML services via SMS push
Configuration - CFG_NGCS_IMS-1 (5.12)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_AMLD (6.2)
- PIF_SIP, PIF_RTP, PIF_G711 (6.5)
- NIF_SIP, NIF_URN, NIF_NGS, NIF_HELD, NIF_PFL (6.6)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS (6.8)
- LIS_HELD, LIS_AMLD (6.9)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_PRF,

ESRP_NGS (6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- UE connects to 2/3G domain
- PIF, NIF trigger points for emergency call routing (to BCF)
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- UE runs AML application

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify Location received at PSAP
5 verify Call connected and media exchanged
6 verify Location displayed
7 verify AML DATA SMS received at SMSC
8 verify AML received at LIS
9 stimulus Call Taker request location update
10 verify Updated location displayed
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7.7 Application (AP)

7.7.1 AP/PMA/01

This test shall verify a basic PEMEA message flow between UE (App), AP and PSP, where the UE
is initiating an emergency call and exchange of emergency data via PEMEA elements happens in
parallel.

Message Sequence Diagram

Figure 66: AP/PMA/01 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 43: AP/PMA/01

Interoperability Test Description
Identifier AP/PMA/01
Test Objective Basic PEMEA message flow between UE (App), AP and PSP includ-

ing PEMEA functional elements and NG core services
Configuration - CFG_NGCS_PMA-1 (5.14)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- PEMEA (n.48)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_PMAPA (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- PSP_PMAPS, AP_PMAPP (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_PMAPP (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Each function has a PEMEA-id assigend
- According domain names are registered
- Valid domain certificate
- NG core services are configured to route emergency calls)

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify AP receives call notification from UE (App)
5 verify AP forwards EDS to PSP
6 verify PSP forwards EDS to PSAP
7 stimulus Call Taker request user data
8 verify User data received at PSAP
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7.7.2 AP/PMA/02

This test shall verify a basic PEMEA message flow between UE (App), AP and PSP, where the UE
is initiating an emergency call and exchange of emergency data via PEMEA elements happens in
parallel.

Message Sequence Diagram

Figure 67: AP/PMA/02 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 44: AP/PMA/02

Interoperability Test Description
Identifier AP/PMA/02
Test Objective Basic PEMEA message flow between UE (App), AP and PSP with

location updates including PEMEA functional elements and NG core
services

Configuration - CFG_NGCS_PMA-1 (5.14)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- PEMEA (n.48)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_PMAPA (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- xPSP_PMAPS, xPSP_PMAPP, xPSP_PMAPR (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_PMAPP (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Each function has a PEMEA-id assigend
- According domain names are registered
- Valid domain certificate
- NG core services are configured to route emergency calls)

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify AP receives call notification from UE (App)
5 verify AP forwards EDS to PSP
6 verify PSP forwards EDS to PSAP
7 stimulus Call Taker request user data
8 verify User data received at PSAP
9 stimulus Call Taker request location update
10 verify Location data received at PSAP
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7.7.3 AP/PMA/03

This test shall verify a basic PEMEA message flow between UE (App), AP and PSP, where the UE
is initiating an emergency call and exchange of emergency data via PEMEA elements happens in
parallel.

Message Sequence Diagram

Figure 68: AP/PMA/03 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 45: AP/PMA/03

Interoperability Test Description
Identifier AP/PMA/03
Test Objective Basic PEMEA message flow between UE (App), AP and PSP with a

location in the EDS not for the local PSAP including PEMEA functional
elements and NG core services

Configuration - CFG_NGCS_PMA-1 (5.14)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- PEMEA (n.48)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_PMAPA (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- PSP_PMAPS, AP_PMAPP (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_PMAPP (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Each function has a PEMEA-id assigend
- According domain names are registered
- Valid domain certificate
- NG core services are configured to route emergency calls)

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify AP receives call notification from UE (App)
5 verify AP forwards EDS to PSP
6 check PSP cannot route the message
7 verify PSP sends an error to the AP
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7.7.4 AP/PMA/04

This test shall verify a basic PEMEA message flow between UE (App), AP oPSP and tPSP, where
the UE is initiating an emergency call and exchange of emergency data via PEMEA elements
happens in parallel.

Message Sequence Diagram

Figure 69: AP/PMA/04 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 46: AP/PMA/04

Interoperability Test Description
Identifier AP/PMA/04
Test Objective Basic PEMEA message flow between UE (App), AP, oPSP and tPSP

including PEMEA functional elements and NG core services
Configuration - CFG_NGCS_PMA-1 (5.15)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- PEMEA (n.48)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_PMAPA (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- xPSP_PMAPS, xPSP_PMAPP, xPSP_PMAPR (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_PMAPP (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Each function has a PEMEA-id assigend
- According domain names are registered
- Valid domain certificate
- NG core services are configured to route emergency calls)

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify AP receives call notification from UE (App)
5 verify AP forwards EDS to oPSP
6 verify oPSP forwards EDS to tPSP
7 verify tPSP forwards EDS to PSAP
8 stimulus Call Taker request user data
9 verify User data received at PSAP
10 verify UE (App) sends call end
11 stimulus Call Taker request user data
12 verify PSAP receives a 404
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7.7.5 AP/PMA/05

This test shall verify a basic PEMEA message flow between UE (App), AP oPSP, ASP, and tPSP,
where the UE is initiating an emergency call and exchange of emergency data via PEMEA elements
happens in parallel.

Message Sequence Diagram

Figure 70: AP/PMA/05 Message Sequence

Interoperability Test Description Final Version 1.0 162



2nd NG112 Emergency Communications Plugtest™

Message Details

1 TBD
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Interoperability Test Description

Table 47: AP/PMA/05

Interoperability Test Description
Identifier AP/PMA/05
Test Objective Basic PEMEA message flow between UE (App), AP, oPSP, ASP and

tPSP with a PEMEA error at tPSP including PEMEA functional ele-
ments and NG core services

Configuration - CFG_NGCS_PMA-1 (5.16)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- PEMEA (n.48)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_PMAPA (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- ASP_PMAPR (6.15)
- xPSP_PMAPS, xPSP_PMAPP, xPSP_PMAPR (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_PMAPP (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Each function has a PEMEA-id assigend
- According domain names are registered
- Valid domain certificate
- NG core services are configured to route emergency calls)

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify AP receives call notification from UE (App)
5 verify AP forwards EDS to oPSP
6 verify oPSP forwards EDS to tPSP
7 verify tPSP responds with PEMEA error
8 check oPSP logs error response
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7.7.6 AP/PMA/06

This test shall verify a basic PEMEA message flow between UE (App), AP oPSP, ASP, and tPSP,
where the UE is initiating an emergency call and exchange of emergency data via PEMEA elements
happens in parallel.

Message Sequence Diagram

Figure 71: AP/PMA/06 Message Sequence

Interoperability Test Description Final Version 1.0 165



2nd NG112 Emergency Communications Plugtest™

Message Details

1 TBD
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Interoperability Test Description

Table 48: AP/PMA/06

Interoperability Test Description
Identifier AP/PMA/06
Test Objective Basic PEMEA message flow between UE (App), AP, oPSP, ASP and

tPSP with an HTTP error at tPSP including PEMEA functional ele-
ments and NG core services

Configuration - CFG_NGCS_PMA-1 (5.16)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- PEMEA (n.48)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_PMAPA (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- ASP_PMAPR (6.15)
- xPSP_PMAPS, xPSP_PMAPP, xPSP_PMAPR (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_PMAPP (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- Each function has a PEMEA-id assigend
- According domain names are registered
- Valid domain certificate
- NG core services are configured to route emergency calls)

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify AP receives call notification from UE (App)
5 verify AP forwards EDS to oPSP
6 verify oPSP forwards EDS to tPSP
7 verify tPSP responds with PEMEA error
8 check oPSP logs error response
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7.8 Communication (CO)

7.8.1 CO/WRC/01

This test shall verify end-to-end connectivity and emergency call from UE to PSAP including NG
core services, and WebRTC enabled call originating devices.

Message Sequence Diagram

Figure 72: CO/WRC/01 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 49: CO/WRC/01

Interoperability Test Description
Identifier CO/WRC/01
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, and WebRTC enabled call originating devices
Configuration - CFG_NGCS_WRTC-1 (5.17)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- WRC (n.1)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_WRC (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- PSP_PMAPS, AP_PMAPP (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- UE runs WebRTC client application

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify Location received at PSAP
5 verify Call connected and media exchanged
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7.8.2 CO/WRC/02

This test shall verify end-to-end connectivity and emergency call from UE to PSAP including NG
core services, and WebRTC enabled emergency call terminating devices.

Message Sequence Diagram

Figure 73: CO/WRC/02 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 50: CO/WRC/02

Interoperability Test Description
Identifier CO/WRC/02
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, and WebRTC enabled emergency call termi-
nating devices

Configuration - CFG_NGCS_WRTC-1 (5.18)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- WRC (n.1)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- PSP_PMAPS, AP_PMAPP (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_WRC (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- PSAP runs WebRTC client application

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify Location received at PSAP
5 verify Call connected and media exchanged
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7.8.3 CO/WRC/03

This test shall verify end-to-end connectivity and emergency call from UE to PSAP including NG
core services, and WebRTC enabled emergency call originating and terminating devices.

Message Sequence Diagram

Figure 74: CO/WRC/03 Message Sequence
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Message Details

1 TBD
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Interoperability Test Description

Table 51: CO/WRC/03

Interoperability Test Description
Identifier CO/WRC/03
Test Objective End-to-end connectivity and emergency call from UE to PSAP includ-

ing NG core services, and WebRTC enabled call originating and ter-
minating devices

Configuration - CFG_NGCS_WRTC-1 (5.19)
References - SIP (n.14)

- RTP (n.18)
- URN (n.27)
- HELD (n.11,n.34,n.36,n.41,n.43)
- LoST (n.30,n.31)
- LTD (n.2)
- WRC (n.1)

Applicability - UE_SIP, UE_RTP, UE_G711, UE_URN, UE_PFL, UE_WRC (6.2)
- IMS_SIP, IMS_RTP, IMS_URN, IMS_PFL (6.3)
- AP_PMAPA, AP_PMAPS (6.16)
- PSP_PMAPS, AP_PMAPP (6.14)
- BCF_SIP, BCF_RTP, BCF_URN, BCF_NGS, BCF_PFL (6.8)
- ESRP_SIP, ESRP_URN, ESRP_LOST, ESRP_PFL, ESRP_NGS

(6.10)
- ECRF_LOST, ECRF_PFL (6.11)
- PSAP_SIP, PSAP_RTP, PSAP_G711, PSAP_URN, PSAP_PFL,

PSAP_NGS, PSAP_WRC (6.13)

Pre-test conditions - IP connectivity among all elements of the specific scenario
- BCF configured to forward calls to ESRP
- ESRP configured with ECRF (NAPTR or SRV)
- ECRF configured with correct mapping
- UE runs WebRTC client application
- PSAP runs WebRTC client application

Test Sequence Step Type Description
1 stimulus User dials emergency number
2 check Dialog creating INVITE received at PSAP
3 check SIP dialog established
4 verify Location received at PSAP
5 verify Call connected and media exchanged
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