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found in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to 
ETSI in respect of ETSI standards", which is available from the ETSI Secretariat. Latest updates are available on the 
ETSI Web server (https://ipr.etsi.org). 
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Foreword 
This Technical Specification (TS) has been produced by ETSI Technical Committee EMTEL. 

Modal verbs terminology 
In the present document "shall", "shall not", "should", "should not", "may", "need not", "will", "will not", "can" and 
"cannot" are to be interpreted as described in clause 3.2 of the ETSI Drafting Rules (Verbal forms for the expression of 
provisions). 

"must" and "must not" are NOT allowed in ETSI deliverables except when used in direct citation. 

Executive summary 
The present document defines the technical requirements for the interconnection of diverse packet-switched originating 
networks with modern, IP-based emergency communication systems. As emergency services transition from legacy 
circuit-switched infrastructures to all-IP environments, a standardized approach is required to ensure that critical 
information is delivered reliably to Public Safety Answering Points (PSAPs). 

This technical specification covers a spectrum of originating infrastructures, including: 

• Mobile Network Operators (MNOs) utilizing the IP Multimedia Subsystem (IMS). 
• Voice over IP (VoIP) and SIP-based application service providers. 
• Non-terrestrial (satellite-based) emergency SOS gateway infrastructures. 
• Assisting services, such as relay and translation providers, to ensure accessibility and multilingual support. 

Key technical areas addressed include session control signalling, media profiles for audio, video, and real-time text 
(RTT), location conveyance (by value and by reference), and the security mechanisms necessary for trusted end-to-end 
emergency communications. 

https://ipr.etsi.org/
https://portal.etsi.org/Services/editHelp!/Howtostart/ETSIDraftingRules.aspx
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Introduction 
Emergency communications are undergoing a fundamental shift from traditional voice-centric services to multimedia-
rich, data-driven interactions. While legacy systems were limited by the constraints of circuit-switched networks, the 
adoption of packet-switched technology enables the transmission of data, such as precise location, video, and real-time 
text. 

To realize the full potential of emergency communications, it is essential to standardise the interconnect between the 
various services where emergency communications originates and the core emergency communications system. 
Without harmonized requirements, there is a risk of interoperability failures, particularly in roaming scenarios or when 
crossing borders. 

The present document provides the necessary technical framework to bridge these originating networks with the core 
elements of the emergency communications system. It ensures that emergency communications is routed and delivered 
with the consistency and priority required for emergency services. 
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1 Scope 
The present document specifies the technical requirements for the interconnection of originating networks with packet-
switched emergency communications systems. It defines the signalling, media, and data reference points necessary for 
the end-to-end handling of emergency communications. 

The requirements specified in the present document apply to public and private: 

• Mobile Network Operators (MNOs) using the IP Multimedia Subsystem (IMS). 

• Voice over IP (VoIP) and SIP-based application service providers. 

• Satellite-based emergency SOS ground-based gateway infrastructures. 

• Assisting services, including relay and translation providers. 

The present document addresses the following technical aspects: 

• Provision of multimedia services, including audio, video, and real-time text (RTT). 

• Transmission of location information provided either as a value or as a reference. 

• Implementation of communication security and identity verification. 

• Functional mediation for accessible and multilingual communication through assisting services. 

• Routing and delivery of distress signals from non-terrestrial networks. 

The requirements are defined independently of specific national PSAP models to support regional or international 
interoperability. 

2 References 

2.1 Normative 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 
referenced document (including any amendments) applies. 

Referenced documents which are not found to be publicly available in the expected location might be found at 
https://docbox.etsi.org/Reference. 

NOTE: While any hyperlinks included in this clause were valid at the time of publication, ETSI cannot guarantee 
their long term validity. 

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

[1] ETSI TS 103 479: "EMTEL; Core elements for network independent access to emergency 
services". 

[2] ETSI TS 123 167: "3rd Generation Partnership Project; Technical Specification Group Services 
and System Aspects; IP Multimedia Subsystem (IMS) emergency sessions". 

[3] ETSI TS 123 333: "3rd Generation Partnership Project; Technical Specification Group Core 
Network and Terminals; Multimedia Resource Function Controller (MRFC) - Multimedia 
Resource Function Processor (MRFP) Mp interface: Procedures Descriptions". 

[4] ETSI TS 123 228: "Digital cellular telecommunications system (Phase 2+) (GSM); Universal 
Mobile Telecommunications System (UMTS); LTE; IP Multimedia Subsystem (IMS); Stage 2". 

[5] ETSI TS 103 625: "EMTEL; Transporting Handset Location to PSAPs for Emergency Calls - 
Advanced Mobile Location". 

https://docbox.etsi.org/Reference
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[6] ETSI TS 103 698: "EMTEL; Lightweight Messaging Protocol for Emergency Service 
Accessibility (LMPE) ". 

[7] ETSI ES 203 178: "Functional architecture to support European requirements on emergency caller 
location determination and transport". 

[8] IETF RFC 3261: Schulzrinne, H., et.al., "Session Initiation Protocol (SIP)", June 2002. RFC 3261, 
Internet Engineering Task Force. 

[9] IETF RFC 3550: Schulzrinne, H., et.al., "RTP: A Transport Protocol for Real-Time Applications", 
July 2003. RFC 3550, Internet Engineering Task Force. 

[10] IETF RFC 3558: Li, A., "RTP Payload Format for Enhanced Variable Rate Codecs (EVRC) and 
Selectable Mode Vocoders (SMV)", July 2003. RFC 3558, Internet Engineering Task Force. 

[11] IETF RFC 4103: Hellstrom, G. and Jones, P., "RTP Payload for Text Conversation", June 2005. 
RFC 4103, Internet Engineering Task Force. 

[12] IETF RFC 4412: Schulzrinne, H. and Polk, J., "Communications Resource Priority for the Session 
Initiation Protocol (SIP)", February 2006. RFC 4412, Internet Engineering Task Force. 

[13] IETF RFC 4579: Johnston, A. and Levin, O., "Session Initiation Protocol (SIP) Call Control - 
Conferencing for User Agents", August 2006. RFC 4579, Internet Engineering Task Force. 

[14] IETF RFC 4585: Ott, J. Wenger, S., Sato N., Burmeister, C., Rey J., "Extended RTP Profile for 
Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)", July 2006. RFC 
4585, Internet Engineering Task Force. 

[15] IETF RFC 4788: Xie, Q., Kapoor, R., "Enhancements to RTP Payload Formats for EVRC Family 
Codecs", January 2007. RFC 4788, Internet Engineering Task Force. 

[16] IETF RFC 5031: Schulzrinne, H., "A Uniform Resource Name (URN) for Emergency and Other 
Well-Known Services", January 2008. RFC 5031, Internet Engineering Task Force. 

[17] IETF RFC 5104: Wenger, S., Chandra, U., Westerlund, M. and Burman, B., "Codec Control 
Messages in the RTP Audio-Visual Profile with Feedback (AVPF)", February 2008. RFC 5104, 
Internet Engineering Task Force. 

[18] IETF RFC 5139: Winterbottom, J. and Thomson, M, "Revised Civic Location Format for Presence 
Information Data Format Location Object (PIDF-LO)", February 2008. RFC 5139, Internet 
Engineering Task Force. 

[19] IETF RFC 5168: Levin, O., Even, R. and Hagendorf, P., "XML Schema for Media Control", 
March 2008. RFC 5168, Internet Engineering Task Force. 

[20] IETF RFC 5188: Desineni, H., Xie, Q., "RTP Payload Format for the Enhanced Variable Rate 
Wideband Codec (EVRC-WB) and the Media Subtype Updates for EVRC-B Codec", February 
2008. RFC 5188, Internet Engineering Task Force. 

[21] IETF RFC 5194: 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. 

[22] IETF RFC 6155: 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. 

[23] IETF RFC 6442: Polk, J., Rosen, B. and Peterson, J., "Location Conveyance for the Session 
Initiation Protocol", December 2011. RFC 6442, Internet Engineering Task Force. 

[24] IETF RFC 6884: Fang, Z., "RTP Payload Format for the Enhanced Variable Rate Narrowband-
Wideband Codec (EVRC-NW)", March 2013. RFC 6884, Internet Engineering Task Force. 

[25] IETF RFC 7090: Schulzrinne, H., Tschofenig, H., Holmberg, C., Patel, M., "Public Safety 
Answering Point (PSAP) Callback", April 2014, RFC 7090, Internet Engineering Task Force. 
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[26] IETF RFC 7315: Jesske, R., Drage, K., Holmberg, C., "Private Header (P-Header) Extensions to 
the Session Initiation Protocol (SIP) for the 3GPP", July 2014, RFC 7315, Internet Engineering 
Task Force.  

[27] IETF RFC 7852: Gellens, R., Tschofenig, H., Rosen, B., Marschall, R., Winterbottom, J., 
"Additional Data Related to an Emergency Call", March 2013. RFC 7852, Internet Engineering 
Task Force. 

[28] IETF RFC 7913: Holmberg, C., "P-Access-Network-Info ABNF Update", June 2016, RFC 7913, 
Internet Engineering Task Force. 

[29] IETF RFC 8373: Gellens, R., "Negotiating Human Language in Real-Time Communications", 
May 2018, RFC 8373, Internet Engineering Task Force. 

[30] IETF RFC 8866: Begen, A., Kyzivat, P., Perkins, C., Handley, M., "SDP Session Description 
Protocol", January 2021, RFC 8866, Internet Engineering Task Force. 

[31] IETF RFC 9071: Hellstrom, G., "RTP-Mixer Formatting of Multiparty Real-Time Text", July 
2021, RFC 9071, Internet Engineering Task Force. 

[32] IETF RFC 3264: Rosenberg, J., Schulzrinne, H., "An Offer/Answer Model with the Session 
Description Protocol (SDP)", June 2002, RFC 3264, Internet Engineering Task Force. 

[33] IETF RFC 5359: Johnston, A. et al., "Session Initiation Protocol Service Examples", October 
2008, RFC 5359, Internet Engineering Task Force. 

[34] IETF RFC 7163: Holmberg, C., Sedlacek, I., "URN for Country-Specific Emergency Services", 
March 2014, RFC 7163, Internet Engineering Task Force. 

[35] ETSI TS 138 305: "5G; NG Radio Access Network (NG-RAN); Stage 2 functional specification of 
User Equipment (UE) positioning in NG-RAN (3GPP TS 38.305)". 

[36] ETSI TS 136 305: "LTE; Evolved Universal Terrestrial Radio Access Network (E-UTRAN); 
Stage 2 functional specification of User Equipment (UE) positioning in E-UTRAN (3GPP TS 
36.305)" 

[37] IETF RFC 6225: Thomson, M., Linsner, M., Polk, J., Aboba, B.D., "Dynamic Host Configuration 
Protocol Options for Coordinate-Based Location Configuration Information", July 2011, RFC 
6225, Internet Engineering Task Force. 

[38] ETSI TS 129 214: "Technical Specification Group Core Network and Terminals; Policy and 
Charging Control over Rx reference point" 

[39] IETF RFC 3966: Schulzrinne, H., "The tel URI for Telephone Numbers", December 2004, RFC 
3966, Internet Engineering Task Force. 

[40] IETF RFC 8224: Peterson J., Jennings C., Rescorla E., Wendt C, "Authenticated Identity 
Management in the Session Initiation Protocol (SIP)", February 2018, RFC 8224, Internet 
Engineering Task Force. 

[41] IETF RFC 8225: Wendt C., Peterson J., "PASSporT: Personal Assertion Token", February 2018, 
RFC 8224, Internet Engineering Task Force. 

[42] IETF RFC 8443: Singh R., Dolly M., Das S., Nguyen A., "Personal Assertion Token (PASSporT) 
Extension for Resource Priority Authorization", August 2018, RFC 8443, Internet Engineering 
Task Force. 

[43] ETSI TS 122 173: "Digital cellular telecommunications system (Phase 2+) (GSM); Universal 
Mobile Telecommunications System (UMTS); LTE; IP Multimedia Core Network Subsystem 
(IMS) Multimedia Telephony Service and supplementary services;". 

[44] IETF RFC 4575: Rosenberg, J., Schulzrinne, H. and Levin, O. "A Session Initiation Protocol (SIP) 
Event Package for Conference State", August 2006, RFC 4576, Internet Engineering Task Force.  
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[45] IETF RFC 9027: Dolly, M., Wendt, C., "Assertion Values for Resource Priority Header and SIP 
Priority Header Claims in Support of Emergency Services Networks", June 2021, RFC 9027, 
Internet Engineering Task Force. 

[46] ETSI TS 123 003:  Digital cellular telecommunications system (Phase 2+) (GSM); Universal 
Mobile Telecommunications System (UMTS); LTE; 5G; Numbering, addressing and 
identification". 

[47] ETSI TS 123 167: "Universal Mobile Telecommunications System (UMTS); LTE; IP Multimedia 
Subsystem (IMS) emergency sessions". 

[48] ETSI TS 124 302: "Universal Mobile Telecommunications System (UMTS); LTE; 5G; Access to 
the 3GPP Evolved Packet Core (EPC) via non-3GPP access networks; Stage 3". 

[49] ETSI TS 125 302: "Universal Mobile Telecommunications System (UMTS); Services provided by 
the physical layer". 

[50] ETSI TS 126 114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and 
interaction". 

[51] ETSI TS 126 171: "AMR-WB speech codec; General description". 

[52] ETSI TS 126 190: "AMR-WB speech codec; Transcoding functions". 

[53] ETSI TS 126 204: "AMR-WB speech codec; ANSI-C code". 

[54] ETSI TS 126 071: "AMR speech codec; General description". 

[55] ETSI TS 126 090: "AMR speech codec; Transcoding functions". 

[56] ETSI TS 126 073: "ANSI-C code for the AMR speech codec". 

[57] ETSI TS 126 104: "ANSI-C code for the floating-point AMR speech codec". 

[58] ETSI TS 126 173: "ANSI-C code for the Adaptive Multi-Rate - Wideband (AMR-WB) speech 
codec". 

[59] IETF RFC 8147: Gellens, R., Tschofenig H., "Next-Generation Pan-European eCall", RFC 8147, 
May 2017, Internet Engineering Task Force. 

[60] ETSI TS 124 229: "IP multimedia call control protocol based on Session Initiation Protocol (SIP) 
and Session Description Protocol (SDP); Stage 3" 

2.2 Informative 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 
referenced document (including any amendments) applies. 

NOTE: While any hyperlinks included in this clause were valid at the time of publication, ETSI cannot guarantee 
their long term validity. 

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] ETSI ES 202 975. "Human Factors (HF); Requirements for relay services" 

[i.2]  GSMA NG.119 "Emergency Communication Version 2.1", 29 May 2023 

[i.3] SMS Forum "Short Message Peer to Peer Protocol Specification v5.0", 19 February 2003 

[i.4] IETF RFC 6881: Rosen, B., Polk, J., "Best Current Practice for Communications Services in 
Support of Emergency Calling", March 2013, RFC 6881, Internet Engineering Task Force.  
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3 Definition of terms, symbols and abbreviations 

3.1 Terms 
For the purposes of the present document, the following terms apply: 

emergency call: any type of emergency communications and associated media initiated by an individual and received 
by a Public Safety Answering Point (PSAP) 

emergency service: service which provides urgent assistance in situations where there is a direct risk to life, general 
public safety, public/private property or the environment (e.g. police, fire, ambulance, coastguard) 

Public Safety Answering Point (PSAP): physical location where an emergency call from an individual is first 
answered and from where a request for assistance may be made to the emergency services 

3.2 Symbols 
Void. 

3.3 Abbreviations 
For the purposes of the present document, the following abbreviations apply: 

AML Advanced Mobile Location 
AMR Adaptive Multi-Rate 
ANP Access Network Provider 
BCF Border Control Function 
CA Certification Authority 
CAP Common Alerting Protocol 
CERT Computer Emergency Response Team 
CPE Call Processing Equipment 
CR Carriage Return 
CSP Call Service Provider 
ECRF Emergency Call Routing Function 
ES ETSI Standard 
ESRP Emergency Service Routing Proxy 
ETSI European Telecommunications Standards Institute 
EVRC Enhanced Variable Rate Wideband Codec 
EVRC-B Enhanced Variable Rate Wideband Codec -B 
GIS Geographic Information System 
GNSS Global Navigation Satellite Systems 
HELD HTTP Enabled Location Delivery 
HTTP Hypertext Transfer Protocol 
HTTPS Hypertext Transfer Protocol Secure 
IANA Internet Assigned Numbers Authority 
IETF Internet Engineering Task Force 
IF Interface 
IM Instant Messaging 
IMS IP Multimedia Core Network Subsystem 
IP Internet Protocol 
IT Information Technology 
ITU-T International Telecommunications Union - Telecommunications 
JSON JavaScript Object Notation 
LF Line Feed 
LIS Location Information Server 
LO Location Object 
LOST Location to Service Translation 
LRF Location Retrieval Function 
LS Location Server 
MME Mobility Management Entity 
MPEG Moving Picture Experts Group 
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MSD Minimum Set of Data 
NE Neighbouring Entity 
OCIF Outbound Call Interface Function 
PDU Protocol Data Unit 
PIDF Presence Information Data Format 
PIDF-LO Presence Information Data Format - Location Object 
PNNS Protocol Naming and Numbering Service 
PRF Policy Routing Function 
PSAP Public Safety Answering Point 
PSP PSAP Service Provider 
RFC Request For Comment 
RTCP Real-time Transport Control Protocol 
RTP Real-time Transport Protocol 
RTSP Real-time Streaming Protocol 
SBC Session Border Controller 
SDES SDP Security Descriptions 
SDP Session Description Protocol 
SIP Session Initiation Protocol 
SIPS Session Initiation Protocol Secure 
SMS Short Message Service 
SRTCP Secure Real-time Transport Control Protocol 
SRTP Secure Real-time Transport Protocol 
TCP Transmission Control Protocol 
TLS Transport Layer Security 
TR (ETSI) Technical Report 
TS (ETSI) Technical Specification 
UA User Agent 
UAC User Agent Client 
UAS User Agent Server 
UDP User Datagram Protocol 
UE User Equipment 
URI Uniform Resource Identifier 
URL Uniform Resource Locator 
URN Uniform Resource Name 
UTF Unicode Transformation Format 
VoIP Voice over IP 
VSP Voice Service Provider 
WGS World Geodetic System 
XML eXtensible Markup Language 
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4 General 

4.1 Basic Architecture 

4.1.1 Local Interconnect 

If an interconnection of an emergency communications system is considered, then, in simplified terms, everything 
upstream can be referred to as an originating service. According to ETSI ES 203 178 [7], there are several subsystems 
connecting specific originating network for emergency communication to an emergency communications system as 
shown in Figure 1. 

 

Figure 1: Basic Architecture and Reference Points 

The requirements in the present document refer to different functional elements of these subsystems to interconnect 
with emergency communications systems and are explained in more detail below.  

A detailed description of the services and interfaces used within an emergency communications system can be found in 
ETSI TS 103 479 [1]. The functionality of the functional elements is briefly presented as follows. 

Emergency Communications 

The following elements characterize emergency communication from a Public Safety Answering Point (PSAP) point of 
view: 

• Session requests are routed to the most suitable PSAP, based primarily on the location of the requesting party. 
• Location of the person in need is received with sufficient accuracy to dispatch a responder. 
• The PSAP can re-establish a session to the person in need if for any reason the original session is disrupted. 
• Different communication media (audio, video, and text) can be selected if available. 
• Proper attestation level and verification status information to indicate the trustworthiness of the identification 

information is available. 

According to the requirement to route to the most appropriate PSAP, the following factors need to be considered: 

• The use of location, service URN and the provision of mapping and routing functions within the ECS, based 
on other factors as media and language support and availability. 

Mapping 

A mapping function provides a set of data that enables or controls other elements to route session setup messages. As 
described in the following, the routing function queries the mapping function to determine where it should normally 
route messages. The mapping function uses the device location and the URN of the service (urn:service:sos) or a 
subservice (urn:service:sos.fire) to determine the correct PSAP. 

Location and the URN of the requested service will be sent by the routing function to the mapping function via the 
LoST interface as defined in ETSI TS 103 479 [1]. 

The LoST interface supports to make up a hierarchy (tree-like) to represent different coverage regions of mapping 
functions. This includes regions for other countries in a similar manner. 
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Routing 

The routing function contains a set of rules for routing emergency communication. It works with the mapping function 
to determine which PSAP will handle the call based on location and service. In addition, this function considers other 
factors such as the availability of the destination PSAP or the language requested. 

If a PSAP is unavailable, a preconfigured rule can be created that causes a retarget to another PSAP. Rule based routing 
is based on conditions such as: 

• congestion 
• service status (such as scheduled maintenance) 
• available communication capabilities, or 
• other criteria based on information associated with the emergency communication. 

Location 

A location service hosted within the ECS provides location in the form of a PIDF-LO as in RFC 5139 [18] (location by 
value) or a location URI (location by reference). When the URI is specified, it returns the location value as a PIDF-LO. 
Such a service can be a simple database or a protocol interworking function for originating network specific protocols 
or AML as in ETSI TS 103 625 [5]. If the originating service provides the location by reference, the location 
information service also supports a dereferencing service for the provided location URI. The routing service and the 
PSAP utilize this dereferencing service as part of the routing process or for emergency dispatch purposes. 

Media Bridge 

A media bridge is used to forward calls and conduct conferences. Bridges have a SIP signalling interface to create and 
maintain conferences and to mix media. Bridges are multimedia capable (voice, video, text). A bridge is necessary to 
forward a call because devices (e.g., UEs) usually do not mix media and when forwarding, the new call-taker is always 
added to the call before the original call taker terminates the call. 

Security 

Border security is provided by a functional component to monitor incoming and outgoing traffic. Typical tasks are: 

• scan and eliminate known malware attacks before they reach a server or other endpoint, 
• manage access at the network edge and between network segments by use of access control lists, 
• expose internal services in case of peering or interconnecting different IP networks (via DNS resolution), 
• perform topology hiding, anchor media and act as SIP UAS for ingress dialogs. 

For egress dialogs, it acts as SIP UAC and initiates a transaction, generates call and incident-tracking identifiers, and 
adds them to the SIP header. It also copies the Call-Info, Geolocation Header field and Geolocation Routing fields 
found in the incoming message, as well as the other elements found in the message body. Depending on the type and 
manner of network interconnection in an international network, this function can also take over the task of 
interconnection via TLS. 

Originating services cover different areas depending on the communications technology in the originating network. 
ETSI ES 203 178 [7] divides these into Access Network Provider (ANP), Communication Service Provider (CSP) and 
Emergency Communication Service Provider (ECSP).  

Each originating network has three different reference points in common including signalling (SIP as in RFC 3261 [8]), 
media streams (RTP as in RFC 3550 [9]), and web-services (HTTP) as shown in Figure 1. The following lists interfaces 
to identify location conveyance, media and signalling capabilities as defined in ETSI TS 103 479 [1]. 

SIP-1, SIP-2, SIP-4: 

Interfaces that define SIP transport, signalling and location conveyance capabilities. 

IM-1: 

Interface to define signalling capabilities to support instant messaging. 

CAP-1: 

Interface to define signalling capabilities for the common alerting protocol. 
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RTP-1, RTP-2: 

Interfaces that define media transport capabilities and media types for audio, video, and real-time text. 

LOST-1, LOST-2: 

Interfaces that define LoST signalling capabilities. 

HELD-1, HELD-2: 

Interfaces that define location dereference and HELD signalling capabilities. 

4.1.2 Cross-Border Interconnect 

An emergency communications System serves as the authoritative national or regional infrastructure to provide bridge 
between originating service providers and the most PSAP. If national or regional infrastructures are interconnected as 
illustrated in Figure 2, the system enables advanced routing capabilities that extend across borders and jurisdictions, 
ensuring that emergency requests are directed to the correct authority regardless of the user's location. From the 
perspective of the originating network, the requirement is streamlined: it needs to ensure the delivery of the service 
URN (categorizing the call as sos, ambulance, fire, or police) and location data. This communication is executed over a 
standardized SIP interface as defined in ETSI TS 103 479 [1]. 

 

Figure 2: Secure Interconnection 

International peering or interconnect of IP networks is a way of connecting two or more networks that each make up an 
emergency communications system across different countries or regions. It enables the exchange of data and data traffic 
between networks with the help of peering or transit providers, generally referred to as Internet Service Providers 
(ISPs). This can improve the speed, reliability, and cost of the network communication. One example to establish 
international peering is to use the Border Gateway Protocol (BGP), which is a protocol that allows routers to exchange 
routing information and advertise their network addresses. 

Another way to establish international peering is to use Generic Routing Encapsulation (GRE), which is a technique 
that encapsulates one network protocol inside another. GRE can be used to create virtual private networks (VPNs) 
between different networks, or to tunnel traffic over long distances or across different continents. With the help of 
international peering or interconnect of emergency communications system it is possible to forward remotely 
connecting VoIP subscribers to the most appropriate PSAP. 
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Mapping procedures that are carried out for the forwarding of emergency communications are described in TS 103 479 
[1]. This is based on regional mapping functions that are used in a hierarchical structure (tree-like) with a forest guide as 
an element for navigation between these trees. Regional forest guides maintain a LoST interface, as described in TS 103 
479 [1] section 5.3. 

4.2 Mobile Communication Network 

4.2.1 Overview 

Emergency communication in mobile networks is structured into two primary layers: the connectivity layer, which 
provides the underlying data transport, and the service layer, which manages the communication session. In a 4G 
environment, the connectivity layer is the Evolved Packet System (EPS), consisting of the radio access and the Evolved 
Packet Core (EPC). This infrastructure utilizes the Mobility Management Entity (MME) for signalling, the Serving and 
Packet-data Gateways (SGW/PGW) for data routing, and the Home Subscriber Server (HSS) for user data as illustrated 
in Figure 3. 

 
 

Figure 3: Evolved Packet System (simplified) 

In a 5G environment, this evolves into the 5G System (5GS), which utilizes the 5G Core (5GC). Within the 5GC, the 
Access and Mobility Management Function (AMF) performs the signalling and security tasks previously handled by the 
MME, while the User Plane Function (UPF) acts as the gateway for data, replacing the PGW. Subscriber information is 
managed by the Unified Data Management (UDM), which serves as the 5G successor to the HSS. 

 
 

Figure 4: 5G System (simplified) 

The IP Multimedia Subsystem (IMS) acts as an access-type agnostic service overlay that sits above both the EPC and 
5GC. It provides the standardized procedures for session control, policy, and charging required for emergency calls. 
Because the IMS is connected to the PGW in 4G and the UPF in 5G, it can facilitate voice, video, and text 
communication regardless of the underlying radio technology. 

The User Equipment (UE) interacts with the IMS through a Session Initiation Protocol User Agent (SIP UA). This 
software component resides in the UE to send and receive SIP messages (refer to IETF RFC 3261 [8]), ensuring that the 
device can communicate with the emergency communication system or Public Safety Answering Point (PSAP) using a 
unified service framework. 
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4.2.2 Registration, Identity, and Emergency Detection 

To initiate emergency services, the UE establishes a connection through a registration or attachment process. In 4G, this 
establishes a bearer between the UE and the PGW, whereas in 5G, this creates a PDU Session between the UE and the 
UPF. During this process, the network identifies the user through the International Mobile Subscriber Identity (IMSI) in 
4G or the Subscription Permanent Identifier (SUPI) in 5G. However, emergency systems also support a Limited-Service 
State, where a user may not have a valid SIM or may be roaming in an area without a commercial agreement. In these 
cases, the network utilizes hardware-based identities, specifically the International Mobile Equipment Identity (IMEI) 
for 4G or the Permanent Equipment Identifier (PEI) for 5G, to allow an unauthenticated emergency communication to 
proceed. 

Effective emergency detection is facilitated by the delivery of emergency number lists during the registration phase. 
While the UE maintains a Local Emergency Number List (LENL) on its USIM, the network provides an Extended 
Emergency Number List (EENL) within the Attach Accept or Tracking Area Update messages in 4G, or the 
Registration Accept message in 5G. The MME or AMF provides these additional numbers to ensure the UE can 
recognize local emergency services even when roaming. When the UE detects emergency communications, it triggers 
an emergency session request, allowing the network to prioritize the communication. 

4.2.3 Paging and Emergency Callback 

An important feature is the ability for a PSAP to call back a user if a session is disconnected. This requires the network 
to maintain the device's reachability and identity state. In the connectivity layer, the MME or AMF tracks the UE’s 
location and manages Emergency Paging. If a device enters an idle or sleep state after an emergency call, the network 
uses a high-priority paging signal to wake the device and re-establish the connection for an incoming callback. This is 
particularly vital in roaming scenarios, where the Visited Network coordinates with the local IMS infrastructure to 
ensure the callback reaches the correct device. 

In the service layer, the IMS utilizes the Proxy-Call Session Control Function (P-CSCF) and the Emergency-CSCF (E-
CSCF) to route the callback correctly. These entities recognize the priority headers associated with a PSAP call and 
bypass standard charging or authentication filters that might otherwise block an unauthenticated or roaming user. By 
linking the connectivity layer's paging capabilities with the service layer's session management, the network ensures a 
reliable return path for emergency callback. 

4.2.4 IP Multimedia Subsystem (IMS) 

IMS, representing the service layer, enables secure and reliable multimedia communications between mobile devices and 
across networks. The architectural model provides a unified infrastructure and common mechanisms for routing and 
managing sessions. It also specifies how to implement authentication, authorization, and accounting as defined in ETSI 
TS 123.228 [4]. Key elements of an IMS with impact on emergency communication (refer to Figure 5) are the Call Session 
Control Functions (or CSCFs): 

• Proxy-CSCF (P-CSCF) 

• Interrogating-CSCF (I-CSCF) 

• Serving-CSCF (S-CSCF) 

All CSCFs have in common that they play a role during registration and session setup and together form the SIP (Session 
Initiation Protocol) routing infrastructure of an IMS. P-CSCF and S-CSCF may release sessions on behalf of the user 
(e.g., when S-CSCF detects a hung session or P-CSCF receives a media loss notification) and can check the content of 
the SDP (Session Description Protocol) payload. To support emergency communication, the IMS has another session 
control element known as: 

• Emergency-CSCF (E-CSCF) 

The main tasks of an E-CSCF are:  

• to receive emergency session establishment requests from a P-CSCF, 

• to optionally request the LRF to retrieve location information or to validate the location information included 
by the UE, 

• to determine proper routing information (next hop) and route emergency session requests to an appropriate 
destination including anonymous session requests, 

• subject to national requirements, to send the contents of P-Asserted-ID, P-Access-Network-Info, or UE 
identification to the LRF. 
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The LRF (Location Retrieval Function) retrieves location information for a UE from the Location Service (LS) and 
obtains routing information for an emergency session of the UE from the Routing Determination Function (RDF) as 
defined in ETSI TS 123.167 [2]. In case of UE provided location only acquires location-based routing information. 
 

 
 

Figure 5: IMS (Originating Service) 

The previous clause related to a home subscriber in the home network. With roaming, there are two main variants of 
implementation in terms of data connectivity: home-based routing (S8HR) and local breakout (LBO). In home-based 
routing, IMS calls are served by the visited network provider as a data roaming session, like the way that Internet traffic 
is handled. Within the S8HR scenario, the home network provides the IMS core, while the visited network does not. With 
traffic routed back to the home network, emergency communication requires a specific configuration to be routed locally. 
For example, if an emergency communication is initiated by a roamer in a visited network, the session setup is either 
passed directly to the visited network (UE-detected emergency call), else the home network is responsible for redirecting 
the communication request to the visited network (non-UE detected emergency call). 

With the local breakout (LBO) roaming method, call control and bearer components are served by the visited network. 
In addition, both the serving network and the home network have an IMS roaming network-to-network interface (NNI) 
in place. This means that both the visited network and home networks can communicate with each other via IMS. LBO 
better supports emergency communications as the visited network IMS has visibility of the emergency call setup 
procedure and uses the local, secure interconnect (as shown in Figure 2) to establish emergency communication. 
 
Irrespective of whether S8HR or LBO is used for non-emergency communications when roaming, emergency 
communications always use LBO – i.e. the emergency call is handled exclusively in the visited network.  

4.3 IP Communication Network 

4.3.1 Overview 

When the originating network utilizes IP-based communication, unified communication is established using SIP as the 
signalling protocol to ensure interoperability with emergency communication systems. Although the architecture 
described below relates to SIP, it can in principle be used for any type of IP-based multimedia service in which 
subscribers register with a service. This type of registration is necessary to establish a link between the currently used IP 
address and the publicly known subscriber identity (e.g., for a callback from the PSAP). The essential elements in a SIP 
architecture are SIP endpoints (UE) and SIP services (refer to Figure 6). 

A SIP endpoint (UE) is a device or application used for communication. These endpoints can be smartphones, 
computers, SIP phones, or any other internet-connected device. Such devices are either physical phones or softphones 
(i.e., applications for desktop or mobile devices). A SIP UA resides in the UE to send and receive SIP messages and 
provides communication features (e.g., audio, video, and text). 
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Figure 6: Unified Communication 

In certain cases, SIP endpoints also serve as a bridge to other communication technologies (such as gateways) or enable 
separation at application level in terms of security or interconnect (SBC). SIP services perform functions at the request 
of SIP endpoints. Such services typically act in response to requests but also can initiate functions on their own. Very 
often, services for managing the registration of users (registrar) are operated separately from services for forwarding 
messages to establish sessions (proxy). What they have in common is the database to maintain an Address of Record 
(AoR) for users, which includes contact information (SIP URI) and the associated IP address. 

Another, but optional, functional element is a LIS (Location Information Service). SIP endpoints can query the LIS for 
their own location information. Additionally, other entities (such as emergency services or emergency routing elements 
can query the LIS to retrieve the location of a specific endpoint. 

4.3.2 SIP Endpoint 

A SIP endpoint serves as a communication device integrates audio, video, and text-based communication. In most 
cases, a SIP endpoint allows control over different media, i.e., activating, or deactivating text or video communication 
in addition to simple voice. This requires an appropriate user interface and the provision of suitable media codecs. 

Due to different national numbering plans for emergency communication, it is necessary that a user can enter these 
numbers at least in the form of digits. If service URNs are supported, direct dialling (e.g., using the emergency button) 
is another option. 

Since the routing of emergency communications is based on location, it is helpful to have location detection options 
(automatic or manual) in the SIP endpoint. If necessary, location information can also be inserted by a downstream 
element.  

4.3.3 SIP Service 

The SIP service maintains user profiles, authentication credentials, and permissions. It ensures that only authorized 
users can participate in (emergency) communication sessions. Furthermore, it ensures that calls reach the intended 
recipients by resolving SIP URIs to corresponding IP addresses. In this context, the service also guarantees a callback 
from a PSAP. 

When a user dials an emergency number (e.g., 112), the SIP service recognizes it and routes the communication setup 
message appropriately via an SBC to the emergency communications system. If no location data is available at the SIP 
endpoint, the SIP service can insert it in the event of an emergency call (e.g., based on the identity of the subscriber). 

Beyond basic information, the SIP service can include relevant data in the form of a reference to a repository that can be 
queried by the PSAP. 

4.3.4 Session Border Controller 

A Session Border Controller (SBC) is managing and securing communication within IP communication networks. The 
SBC safeguards the network by acting as an application-level firewall for communication sessions. SBCs facilitate 
seamless communication between different networks and protocols and handle topology hiding or protocol translation.  

As such, SBCs perform tasks like transcoding, media format conversion, and bandwidth management. In the interests of 
secure interconnection, SBCs are also entrusted with the task of certificate verification. In terms of emergency 
communication, it is important that these elements transparently forward all relevant content (signalling and media). 
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4.4 Assisting Services 

4.4.1 Overview 

Assisting services provide the necessary functional mediation to ensure that emergency communications are accessible, 
intelligible, and routable when direct communication between the caller and the PSAP is impeded by technical, 
linguistic, or physical barriers. as shown in Figure 7. 

 
 

Figure 7: Assisting Services 

In emergency communications, a PSAP calltaker, the caller, and the assisting service are joined in a single conference 
call with the interpreter to be able to stay until the incident is resolved. 

An emergency communications system can automatically detect the language or modality preference from the UE 
settings (SIP or SDP headers) and include an assisting service before the calltaker answers. 

4.4.2 Relay Service 

A Relay Service is designed to provide equal access to telecommunications for individuals who are deaf, hard of 
hearing, deaf-blind, or have speech disabilities. In daily life, a relay service allows a user to communicate with hearing 
individuals, where an interpreter facilitates the call in real-time. Examples are: 

• Video Relay Service (VRS): a user signs to an interpreter via video, and the interpreter speaks to the hearing 
person and vice versa. 

• Text Relay: a user types text, and the assistant reads it aloud to the hearing person and vice versa. 

4.4.3 Translation Services 

A Translation Service (or an Interpretation Service) bridges the gap between two parties who do not speak the same 
language. Such services are commonly used in international business, travel, or healthcare. Types are: 

• Consecutive Interpretation: a speaker pauses after a few sentences to allow the translator to speak. 

• On-Demand: a user calls a service to get a live translator for certain tasks. 

4.5 Satellite-based Emergency SOS 

4.5.1 Overview 

Satellite-based Emergency SOS is designed for scenarios where a User Equipment (UE) is outside the coverage of 
terrestrial cellular networks. In these cases, the UE establishes a direct-to-satellite link to transmit an emergency distress 
signal. The SOS message usually includes a set of pre-defined data fields (e.g., nature of emergency, medical ID) and 
GNSS coordinates. 
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The satellite relays the signal to a Satellite Gateway (Ground Station), which interfaces with a specialized Emergency 
Response Service (ERS). Because satellite beams can cover vast geographic areas (sometimes multiple countries), the 
system can use the UE's provided location and interconnect with an emergency communications system to route 
messages via a dedicated gateway to the correct PSAP as illustrated in Figure 8. 

 
 

Figure 8: Satellite-based Emergency SOS 
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5 Requirements 

5.1 General Requirements 

5.1.1 Uniform Resource Name 

If all emergency services use a single number, the URN shall be urn:service:sos. Users are not expected to dial an 
emergency URN. Rather, the corresponding emergency digits are translated into corresponding service URNs. URNs 
shall be contained in the request URI of the INVITE request to set-up an emergency communication. 

In some jurisdictions, emergency communication sessions for specific emergency services such as fire, police, 
ambulance, or mountain rescue are directed to just those emergency specific PSAPs. This mechanism is supported by 
marking emergency communication setup with the proper service identifier as defined in IETF RFC 5031 [16] and 
IETF RFC 7163 [33]. 

5.1.2 Audio 

Originating, intermediate, and terminating services shall support one or more of the following codecs. To ensure 
baseline wideband voice interoperability, PSAPs shall support the AMR Wideband (AMR-WB) codec. 

During session establishment, codecs shall be negotiated and offered in the following order of preference to guarantee 
the highest possible audio quality and resilience, with G.711 utilized as a last resort: 

• EVS, as listed in ETSI TS 103 479 [1] section 6.6.2.2. 

• AMR Wideband (AMR-WB) as described in ETSI TS 126 114 [50], ETSI TS 126 171 [51], ETSI TS 126 190 
[52], ETSI TS 126 173 [58] and ETSI TS 126 204 [53]. 

• G.722 and G722.2 as listed in ETSI TS 103 479 [1] section 6.6.2.2. 

• Adaptive Multi-Rate (AMR) as described in ETSI TS 126 071 [54], ETSI TS 126 090 [55], ETSI TS 126 073 
[56], and ETSI TS 126 104 [57]. 

• G.711 µ-law and a-law as listed in ETSI TS 103 479 [1] section 6.6.2.2. 

NOTE: The codec used on any session is dependent on the characteristics of the originating access (e.g., fixed 
broadband, 4G/5G, etc.) plus the capabilities of the PSAP (e.g., legacy, SIP enabled). Transcoding is undesirable 
and is to be avoided if possible but cannot be avoided in some cases where there is a mismatch between access and 
PSAP capabilities. 

5.1.3 Video 

Originating, intermediate and terminating services shall support video compression format H.264/MPEG-4 Version 10 
baseline profile including levels 1-3. Further, such entities shall support both IETF RFC 5104 and IETF RFC 5168 for 
full frame refresh requests utilizing the Real-time Transport Control Protocol (RTCP) method. Video processing entities 
may fall back to the SIP INFO method (IETF RFC 5168) when the sender does not implement the RTCP method. In 
any case, elements shall attempt to maintain 30 frames per second video if offered by the sender, refer to RTP/AVPF 
(IETF RFC 4585), as specified in ETSI TS 103 479 [1] section 6.6.2.3. 

5.1.4 Real-time Text 

Originating, intermediate and terminating services entities shall support the framework for Real-time Text over IP using 
the Session Initiation Protocol (SIP), as in IETF RFC 5194, specifying the use of IETF RFC 4103 for the packetization 
of real-time text, and enhancements of real-time text for mixing in a centralized conference model as in IETF RFC 
9071, as specified in ETSI TS 103 479 [1] section 6.6.2.4. This medium may be used simultaneously with voice and/or 
video in calls. 

NOTE: Real time text is varyingly called text, real time text, GTT, GTT-IP and RTT in the ETSI IMS documents.    
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5.1.5 Language Preference 

In some cases, emergency call centers for specific caller media preferences, such as typed text or video, are separate 
from PSAPs serving voice calls. ESRPs shall be able to provide routing based on media and language preferences. Also, 
even if media capability does not affect the selection of the PSAP, there may be call takers within the PSAP that are 
specifically trained, e.g., in real-time text or sign language communications, where routing within the PSAP based on 
the media offer would be provided. 

Preferences regarding spoken, written, and signed languages shall use Session Description Protocol (SDP) media-level 
attributes as defined in IETF RFC 8373 [29]. 

5.1.6 Assisting Service 

In the communication set-up procedure, the possible involvement of an assisting service (relay or translation service) 
should be supported by information about the desired and possible modalities of the users as well as information about 
assisting services already used. 

When a relay service as assisting service is invoked, information about the invoked service shall be included as 
additional data in the Session Initiation Protocol (SIP) signalling as defined in RFC 7852 [27]. The assisting or 
preferred support service address shall be included in the RELATED property of the vCard element of the 
SubscriberData according to IETF RFC 7852 [27] if specified by the user. 

5.1.7 Location Conveyance 

Since each PSAP serves a limited geographic region and transferring existing communication sessions delays the 
emergency response, sessions need to be routed to the most appropriate PSAP. Location is used for two purposes: 
routing of the session request and dispatch of responders. 

The present document requires location information for routing purpose, expressed in civic or geospatial coordinates or 
shapes conveyed within a PIDF-LO as defined in ETSI TS 103 479 [1]. Other forms of location representation shall be 
mapped into either a geo or civic value for use in a PIDF-LO. 

Conversion of location information from civic to geo or vice versa prior to conveyance is to be avoided. The location 
shall be transmitted in the form in which it was determined with the first element that has the technical capability to 
determine a location. 

Originating devices or services may convey all available locations either by value or as reference and should follow a 
sequence in which the most suitable location comes first. To do this, the SIP Geolocation header and Geolocation-
Routing header shall be used as defined in IETF RFC 6442 [23]. 

Messages that contain new location estimates shall be sent in an existing dialog with the appropriate PSAP (i.e. after the 
completion of the initial INVITE transaction) and shall pass location information via SIP UPDATE or re-INVITE either 
by value (PIDF-LO) or by reference (Location URI) as in ETSI TS 103 479 [1] clause 6.1.2.2.  

Location in an UPDATE, re-INVITE, or BYE request passed by value in a PIDF-LO document shall be represented as 
defined in ETSI TS 103 479 [1] clause 5.5.4. 

5.1.8 Additional Data 

If Additional Data data structure is created and stored as defined in IETF RFC 7852 [27], SIP requests shall include one 
or more Call-Info header fields with a purpose parameter beginning with EmergencyCallData, a dot and the block 
name of the Additional Data structure; a value set to the URI associated with the repository that contains the data, 
which, when dereferenced, yields the Additional Data structure. 

To provide device information a Call-Info header field with a purpose parameter set to 
EmergencyCallData.DeviceInfo and a cid URI pointing to Additional Data in the body shall be included.  

To provide provider information a Call-Info header field with a purpose parameter set to 
EmergencyCallData.ProviderInfo and a cid URI pointing to Additional Data in the body shall be included. 
 
To provide preferred modality or language a Call-Info header field according to IETF RFC 7852 [27] shall be 
included. 
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5.1.9 Signing and Verification 

Secure Telephone Identity (STI) protocols that are used to sign and verify the identity of the caller, the SIP Resource 
Priority Header (RPH), and Priority Header information in connection with emergency communication to and from a 
PSAP are defined in IETF RFC 8224 [40]. These protocols include mechanisms for securely identifying originators of 
SIP requests by defining a SIP header field for conveying a signature used for validating the identity and for conveying 
a reference to the credentials of the signer. 
 
To cryptographically sign and verify caller identity and priority header in SIP INVITE messages associated with 
emergency communication (inbound and outbound) Personal Assertion Token (PASSporT) as defined in IETF RFC 
8225 [41] and PASSporT extension as defined in IETF RFC 8443 [42] shall be used. 
 
To convey assertions of authorization of the information in the SIP RPH field, the PASSporT header shall include the 
ppt extension with a rph claim as in IETF RFC 8443 [42]. A header example is shown below: 
 
{ 

"typ": "passport", 
"ppt": "rph", 
"alg": "ES256", 
"x5u": "https://www.example.org/cert.crt" 

} 

 
The rph claim shall provide an assertion of the value esnet.1 of the SIP RPH for inbound emergency communication. 
An example is provided below. 
 
{ 

"dest": {"uri": ["urn:service:sos.police"]}, 
"iat": 1736507939, 
"orig": {"tn": "43555512345"}, 
"rph": {"auth": ["esnet.1"]} 

} 

 
To protect the outbound emergency communication, the sph claim shall be used for authorized emergency 
communication and corresponds to a SIP Priority header with the value psap-callback, as defined in IETF RFC 
9027 [45]. The orig claim of the PASSporT shall represents the PSAP number, the dest claim shall contain the 
telephone number representing the party of the inbound emergency communication, and the rph claim for the SIP 
Resource-Priority header field shall contain an esnet.0 assertion as shown in the example below: 
 
{ 

"dest": {"tn": ["43555512345"]}, 
"iat": 1736508938, 
"orig": {"tn": "43555513312"}, 
"rph": {"auth": ["esnet.0"]}, 
"sph": "psap-callback" 

} 

 
Constructed PASSporT header and claims shall be signed and verified as defined in IETF RFC 8225 [41]. 

5.1.10 User Identity 

To facilitate PSAP callback functionality, the following requirements apply to originating services: 
 
The originating service shall include a globally unique and routable user identity, formatted as a SIP URI, within the P-
Asserted-Identity header field of the initial request of an emergency communication. 
 
The provided user identity shall remain reachable and callable for the entire duration that the UE is attached to the 
originating service network. 

5.1.11 Testing Facilities 

For the purpose of end-to-end testing of emergency communications, specific test Service Uniform Resource Names 
(URNs) shall be utilized as in IETF RFC 6881 [i.4] and RFC 8147 [59]. The use of test Service URNs shall ensure that 
mobile devices, In-Vehicle Systems (IVS), and network core elements can execute comprehensive signalling and media 
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verification without generating an active alarm or routing the session to a live human emergency call taker (PSAP 
operator). 
 
The emergency communications system and the User Equipment (UE) shall support the following operational 
behaviour during a test session: - 

• The emergency communications system or a dedicated PSAP emulator shall automatically handle incoming 
sessions containing a test service URN by invoking automated audio loopback, interactive voice response 
(IVR), or automated Minimum Set of Data (MSD) acknowledgment mechanisms. 

• Test emergency sessions shall be strictly isolated at the Emergency Services Routing Proxy (ESRP) level and 
shall not be queued alongside real emergency sessions (e,g, urn:service:sos). 

• Subject to local regulation, the UE and the emergency communications system shall support testing at the sub-
service level to verify specific routing policies for individual emergency services (e.g., ambulance, fire, 
police). 

5.2 Mobile Communication Service Requirements 

5.2.1 Uniform Resource Name 

To enable the UE to recognize regional emergency call numbers, an MME shall provide number and service name of 
the subservice (ambulance, fire, police, mountain) at the attachment in addition to the digits. In the case of a session 
setup for an emergency communication, the UE shall generate the corresponding service URN with subservices as 
defined in IETF RFC 5031 [16], if necessary. 

The service URN as set by the UE shall be transmitted unchanged to the emergency communications system (and 
subsequently to the PSAP) in the SIP Request-Line. The next hop is indicated in the top-most SIP Route header. 

5.2.2 Session Control 

Session Control is responsible for handling the signalling messages required to establish, maintain, and terminate 
emergency communication sessions and is defined in IETF RFC 3261 [8] and, as SIP offer/answer model, in IETF RFC 
3264 [32]. 

To support different media types in a single communication session, elements shall support the SIP offer/answer model 
as in IETF RFC 3264 [32]. 

At any point during the session, either participant may issue a new offer to modify characteristics of the session for 
instance by adding or removing RTT to or from the emergency communication. To do so, involved elements shall 
follow the offer/answer procedure as defined in IETF RFC 3264 [32] Section 8. 

To reject an offered stream, the port number in the corresponding stream in the answer shall be set to zero and any 
media formats listed are ignored, but at least shall be present, as specified by IETF RFC 8866 [30]. 

If no media format is in common for a particular offered stream, the answerer shall reject that media stream by setting 
the port to zero as defined in IETF RFC 3264 [32] Section 6. If there was a list of dynamic payloads in the offer, 
rtpmap attributes are not required in a rejection (answer) and may be omitted. An absence of these SDP attributes in a 
final response shall not cause an error in the connection establishment. 

Call features such as hold or transfer are not part of the functional scope defining session control at the interconnect, so 
they happen either within the originating services or the emergency communications system (refer to Figure 1). In the 
case a feature requires support of either end system it shall be implemented according IETF RFC 5359 [33]. 

In case of IMS non-registered devices and to support alternative methods for determining an identity and, subsequently, 
a possible location determination (subject to national regulation), IMEI or IMSI (if a USIM is present at the UI) shall be 
transmitted as parameter of the SIP Contact header when initiating emergency communication via TLS (as in ETSI TS 
122 173 [43]). 

5.2.3 Media Profiles 

Besides the definitions in the following clauses, the media included in the emergency call may be varied according to 
ETSI TS 103 479 [1] clause 6.6.2.1. 
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Audio  

All audio processing entities shall support codecs listed in clause 5.1.2 of the present document. 

Video 

All video processing entities shall support video compression format and full frame refresh requests as in clause 5.1.3 of 
the present document. 

Real-time Text  

All real-time text handling elements shall support the framework for real-time text and enhancements of real-time text 
for mixing in a centralized conference model, as in clause 5.1.4 of the present document. 

5.2.4 Location Determination 

The present document relies on location determination mechanisms specified in ETSI TS 138 305 [35] and ETSI TS 
136 305 [36]. The emergency communications originating device should use one of the following methods or a 
combination thereof to determine the location with the accuracy required by national regulation: 

• Global Navigation Satellite System (GNSS): Precise location determination utilizing satellite signals (e.g., GPS, 
Galileo, GLONASS) as specified in ETSI TS 138 305 [35], clause 8.1. 

• Cell-ID: Location estimation based on the identification of the serving cell and, where available, the geographic 
coordinates of the corresponding base station. 

• Observed Time Difference of Arrival (OTDOA): A multilateration method where the UE measures the time 
difference of arrival of downlink signals from multiple cells as specified in ETSI TS 136 305 [36], clause 8.2. 

• Enhanced Cell-ID (E-CID): A method utilizing the serving cell identity combined with additional radio resource 
measurements (e.g., Timing Advance (TA), RSRP, RSRQ) to refine the position estimate. 

• WLAN/Wi-Fi Positioning: Location determination utilizing the identifiers of nearby WLAN Access Points as 
specified in ETSI TS 138 305 [35], clause 8.6. 

• Bluetooth Positioning: Indoor positioning utilizing measurements from Bluetooth beacons. 

• Barometric Pressure Sensors: Altitude determination based on atmospheric pressure measurements as specified 
in ETSI TS 138 305 [35], clause 8.4. 

Location conveyance shall comply with the requirements listed in clause 5.1.7 of the present document. 

5.2.5 Location De-reference 

Procedures to support location de-reference for any type of wireless access network are defined in ETSI TS 123.167 [2]. 
Procedures used are subject to national regulations. 

5.2.6 Callback 

5.2.6.1 General 

This section describes the procedures in the Mobile Communications Network to enable callback from the PSAP to the 
calling user in the case where the emergency call was completed and then cleared down. A basic assumption is that 
PSAPs can operate a direct interconnect with Mobile Communications Networks as described in ETSI TS 103 479 [1] 
clause 5.7. In addition, an emergency communications system is expected to support mechanisms for signing callbacks 
as described in ETSI TS 103 479 [1] clause 6.2.3. and 5.7.1. 

5.2.6.2 Mobile Communications Network 

The emergency callback functionality shall be based on the IMS emergency architecture specified in ETSI TS 123 167 
[2]. Callback requires that there be globally routable identity conveyed in a P-Asserted-Identity header field of the 
SIP INVITE message for the emergency session to the PSAP as well as the preservation of the identity and routing 
information within the network.   

The value of the P-Asserted-Identity header sent to the PSAP can contain: -  
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• The telephone number of the calling user in a TEL URI and in the user part of a SIP URI for the non-roaming 
case where the emergency IMS registration is successfully completed, 

• the telephone number of the calling user in a TEL URI and in the user part of a SIP URI retrieved via the 
PCRF Rx interface (see section 5.2.6.3), for the non-roaming case where IMS emergency registration is 
unsuccessful and the emergency call is completed via anonymous IMS emergency calling, 

• a temporary identity of the calling device in the user part of the SIP URI created by the P-CSCF handling the 
emergency session for the roaming and non-roaming case where IMS emergency registration is unsuccessful 
and the emergency call is completed via anonymous IMS emergency call 

Where multiple identities are available for callback purposes, the network shall select and provide the identity that is 
most appropriate for initiating a successful callback. The selection of the identity shall consider factors such as 
reachability, stability and validity duration. See section 5.2.6.5.  

In the case of the temporary identity, the emergency P-CSCF shall maintain the signalling path and security association 
for the UE for a duration sufficient to allow PSAP callback. This duration shall be configurable, subject to a minimum 
of 60 minutes, to comply with operational and regulatory requirements. See sections 5.2.7 and 5.2.8 

5.2.6.3 PSAP 

Callbacks shall be identified by the presence of a SIP Priority header with the value "psap-callback" and a SIP 
Resource-Priority header with the value "esnet.0" in accordance with ETSI TS 103 479 [1].  

Subject to national regulation, the PSAP callback may include STIR/SHAKEN cryptographic signatures within a SIP 
Identity header field. When utilized, the Identity header shall contain the passport extension parameters ppt=rph 
and ppt=shaken to authenticate both the caller identity and the resource priority allocation as in ETSI TS 103 479 [1] 

Callbacks are routed as follows: - 

• for the non-roaming case, via the TEL or SIP URI to P-CSCF the normal (non-emergency) registration and via 
the normal IMS signalling bearer. 

• for the roaming case, via the temporary identity of the calling device in the user part of the SIP URI to the 
emergency P-CSCF that handled the related anonymous IMS emergency call and via the emergency bearer, or 
via the TEL URI of the user and via the P-CSCF of the normal (non-emergency) registration and via the 
normal IMS signalling bearer. 

The PSAP can use any received P-Asserted-Identity header value to initiate callback using the following priority: 

• the SIP URI or  
• the TEL URI, if present 

The absence of a TEL URI enables the PSAP to determine that the callback information is a temporary and time limited 
identity at the time of use. 

If a callback attempt using the temporary identity is unsuccessful (e.g. receipt of SIP 404 “Not Found”), then the PSAP 
shall make a second attempt using the TEL URI, if present. The TEL URI identity is not time limited but successful 
callback is dependent on the target UE being registered in the HPMN IMS. 

NOTE: A TEL URI for a callback via the legacy PSTN typically results in a voice-only call. 

As a network option, and subject to national regulation, the PSAP may attempt an emergency call back using the URI 
extracted from the P-Preferred-Identity header. This option is applicable in a roaming scenario when: 

• the PSAP received a P-Asserted-Identity header containing a temporary P-CSCF identity alongside the 
original P-Preferred-Identity header; and 

• the callback attempt using the temporary P-CSCF identity has failed or timed out; and 
• the P-Preferred-Identity header contains a TEL URI or a SIP URI with a user=phone parameter. 

5.2.6.4 Non-Roaming Use Case 

For UEs attached to the home network, the UE shall be registered to IMS for both normal (non-emergency) and 
emergency call services via different P-CSCFs (i.e. non-emergency and emergency P-CSCFs) and related IMS 
signalling bearers. The following procedures shall apply: 
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• The emergency P-CSCF receives a P-Preferred-Identity in the SIP INVITE for the emergency call. The 
P-CSCF can check/assert this identity and replaces the P-Preferred-Identity with a P-Asserted-
Identity header in the SIP INVITE toward the E-CSCF, containing the TEL URI and a SIP URI as 
described in section 5.2.7, of the calling user. 

• In this case, the emergency registration is successful. The P-CSCF maintains the registration record for a 
minimum duration of 10 minutes (which is conveyed to the UE in the 200 OK (REGISTER) response). This 
allows time for the UE to initiate a second emergency call to the PSAP.  

• The PSAP initiates the callback using the SIP URI provided in the SIP P-Asserted-Identity header. The 
request is routed via the OCIF (refer to ETSI TS 103 479 [1] clause 5.7) to the serving (non-emergency) P-
CSCF. 

• If the UE is in an idle state, the network (MME/AMF) shall initiate paging to re-establish the bearer. The P-
CSCF shall then forward the INVITE to the UE.  The SIP INVITE shall use the contact address related to the 
non-emergency registration as the Request URI as per normal SIP terminating call procedures. 

5.2.6.5 Roaming Use Case   

For UEs in a visited network, there may or may not be a voice roaming agreement in place. If so, the UE is registered to 
its home P-CSCF for non-emergency services. Irrespective of this, for emergency services, the UE shall create an 
emergency bearer and perform emergency IMS registration to an emergency P-CSCF in the visited network. Consistent 
handling of callback identities across networks shall be ensured. In this case, the procedures defined in clause 5.2.6.2 
shall apply with the following modifications: 

• The emergency registration request is rejected with a SIP 403 Forbidden response informing the user that 
"anonymous IMS emergency call" can be used. 

• The P-CSCF can request the telephone number of the calling user from the PCRF via the Rx interface (refer to 
ETSI TS 129 214 Annex A.5 [38]). If successful, then the P-CSCF shall replace the SIP P-Preferred-
Identity header received from the UE with a SIP P-Asserted-Identity header (with a TEL-URI and a 
SIP-URI) as in the non-roaming case and replace the P-Preferred-Identity header received from the UE.  

• Irrespective of whether the telephone number of the calling user retrieved via the Rx interface, the P-CSCF 
shall create a temporary identity for the calling device in the user part of the SIP URI as described in section 
5.2.7 and include this identity in a P-Asserted-Identity header which is included in the INVITE message 
to the E-CSCF. In this case, the creation of an asserted identity does not impact on the P-Preferred-
Identity header received from the UE.   

• The P-CSCF shall store the correlation between the temporary identity for the calling device and the received 
P-Preferred-Identity header. See section 5.2.7.  

• The emergency INVITE sent to the E-CSCF and onto the PSAP thus contains one of the following: 

1. A single P-Asserted-Identity with the temporary identity as a SIP URI together with the P-Preferred-
Identity header received from the UE,  

2. Two P-Asserted-Identity headers, one containing the SIP URI temporary identity and one containing 
the TEL URI with the calling user’s telephone number.  

• The PSAP handling of callback information is described in section 5.2.6.3.  

• On receiving the callback SIP INVITE request from the PSAP to the UE via the temporary identity, the P-
CSCF shall construct a REQ-URI mirroring the address contained in P-Preferred-Identity header in the 
anonymous INVITE, typically set to one of the following: 

1. sip:IMSI@emergency_bearer_ip_address 

2. sip:IMSI@ims.mnc$.mcc$.3gppnetwork.org 

3. sip:Telephone_Number@ims.mnc$.mcc$.3gppnetwork.org;user=phone  

4. sip:IMEI@emergency_bearer_ip_address 
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NOTE: In the absence of a successful emergency IMS registration, the UE can populate the telephone number 
using either the identity cached from a previous successful IMS registration or the value read from the 
EF_ MSISDN (Elementary File MSISDN) on the USIM, if present. 

5.2.6.6 Limited-Service State Use Case 

This scenario applies to "no-SIM" calls or UEs with an unauthenticated SIM (i.e. normal attachment not allowed). In 
this case, the procedures defined in clause 5.2.6.4 shall apply with the following modifications: 

• The emergency P-CSCF cannot retrieve the telephone number of the calling user from the EPC or 5GC. 
Therefore, the telephone number of the user in the SIP INVITE cannot be asserted and the SIP P-Asserted-
Identity header with the temporary SIP URI shall be signalled to the E-CSCF.  In addition, in the “no SIM” 
case, the P-Preferred-Identity header received from the UE can only contain an IMEI.   

5.2.7 P-CSCF functionality for temporary ID management 

The emergency P-CSCF shall generate a unique and temporary ID for each emergency session it handles via 
anonymous call. The temporary identity shall be globally routable within the serving network for callback purposes. If 
necessary, this ID can be requested from the LRF or managed locally within the P-CSCF.  

The temporary ID shall be the user_part of a SIP URI of the format sip:user_part@host_part. The host_part 
shall contain information that uniquely identifies the emergency P-CSCF in the serving network (e.g., a fully qualified 
domain name (FQDN) resolvable to the P-CSCF or a network-specific routing identifier). This allows any network 
element receiving a callback request with this temporary ID to route it to the correct P-CSCF in the serving network. 
The user_part identifies a particular emergency call instance, and can contain either: 

• An alphanumeric string, 
• a telephone number allocated from a local pool of such numbers that can be routed to the P-CSCF. In this case, 

the SIP URI shall also contain the user=phone URI parameter to indicate that the user_part is a telephone 
number. It is recommended that the telephone number be in E.164 format, else it must be qualified with a 
phone-context URI parameter as defined in IETF RFC 3966 [39]. 

The temporary ID and its associated context shall be maintained for a minimum duration after the emergency call is 
terminated or released. The exact duration shall be configurable and aligned with operational and regulatory 
requirements. This duration ensures sufficient time for PSAP callback. In scenarios where a dedicated P-CSCF might 
not be fully engaged due to the unregistered state (i.e. for anonymous IMS emergency call), the P-CSCF can optionally 
store the temporary ID and associated context in other elements (e.g. LRF). A duration of 60 minutes is recommended. 

Upon receiving a callback request containing a temporary ID, the P-CSCF shall be able to resolve it back to the UE's 
contact information to facilitate routing of the callback session. 

After the validity period, the temporary ID and its associated context shall be purged from the P-CSCF or LRF. 

5.2.8 Network Paging for Persistent Connectivity 

To ensure the UE remains reachable for callback, the network shall implement specific paging mechanisms: 

Upon termination of an emergency call, or upon receiving a callback attempt for a UE that has entered an idle state, the 
network (MME/SGSN) shall be triggered to page the UE. 

The network shall actively page the UE for a period following the termination of the emergency call. The duration of 
this period shall be configurable to a minimum of 60 minutes and aligned with operational requirements. This 
continuous paging ensures that the UE maintains a connection or can rapidly re-establish one for an incoming callback. 

The paging strategy shall be optimized to minimize network load while maximizing the probability of reaching the UE. 
This may involve increasing paging attempts or expanding paging areas over time within the configured callback 
window.For the duration of the callback window, the network shall prioritize keeping the UE in a connected state (e.g., 
RRC connected) or rapidly transition it from idle to connected upon a callback attempt. 

5.2.9 VoWiFI Emergency Communications 

Emergency sessions over WLAN access are permitted by 3GPP in the case where 3GPP access for emergency call is 
not possible or available (e.g. no 3GPP coverage), see ETSI TS 123.167 [2] Annex J.  
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Emergency sessions over WLAN are possible via both the EPC and 5GC for untrusted WLAN access.  

The Evolved Packet Data Gateway (ePDG) is used to enable the UE to connect to the EPC via untrusted WLAN access.  
The N3 Interworking Function (N3IWF) is used to enable the UE to connect to the 5GC via untrusted WLAN access. In 
addition, for backwards compatibility, 3GPP also allows a UE to connect to the 5GC via an ePDG.  

For access to the EPC, the UE selects an ePDG for normal (non-emergency) services as described in ETSI TS 124.302 
[48] section 7.2.1. and an ePDG for emergency services as described in ETSI TS 124.302 [48] section 7.2.1a. The UE 
initiates an IPSEC tunnel establishment to the ePDG as described in ETSI TS 124.302 [48] section 7.2.2. Emergency 
sessions are described in ETSI TS 124.302 [48] section 7.2.5.  Local emergency numbers can be conveyed to the UE as 
part of the IPSEC tunnel establishment procedure (cf. NAS signalling for LTE access). Multiple IPSEC tunnels can be 
created in parallel, e.g. separate tunnels for internet, IMS and emergency bearers.  

For access to the 5GC for normal (non-emergency) services, the UE can either support connectivity to a N3IWF only or 
else to both a N3IWF and ePDG. In the former case, (normal) N3IWF selection is described in ETSI TS 125.302 [49] 
section 7.2.4.3. In the latter case, the UE shall select a (normal) N3IWF or ePDG as described in ETSI TS 125.302 [49] 
section 7.2.4.4.    

For access to the 5GC for emergency services, the UE can also either support connectivity to a N3IWF only or else to 
both a N3IWF and ePDG. In the former case, emergency N3IWF selection is described in ETSI TS 125.302 [49] 
section 7.2.6.2. In the latter case, the UE shall select an emergency N3IWF or ePDG as described in ETSI TS 125.302 
[49] section 7.2.6.3.    

The ePDG/N3IWF identity for both normal and emergency sessions can be configured on the UICC but is more 
generally derived as described in ETSI TS 123.003 [46] section 19 and section 28 respectively, and includes: 

• Operator based FQDN (normal) of the format "epdg.epc.mnc<MNC>.mcc<MCC>.pub.3gppnetwork.org", 
• Visited country based FQDN (normal) of the format "epdg.epc.mcc<MCC>.visited-

country.pub.3gppnetwork.org",  
• Operator based FQDN (emergency) of the format 

"sos.epdg.epc.mnc<MNC>.mcc<MCC>.pub.3gppnetwork.org",  
• Visited country based FQDN (emergency) of the format "sos.epdg.epc.mcc<MCC>.visited-

country.pub.3gppnetwork.org". 
• Operator based FQDN (normal) of the format 

"n3iwf.5gc.mnc<MNC>.mcc<MCC>.pub.3gppnetwork.org", 
• Visited country based FQDN (normal) of the format "n3iwf.5gc.mcc<MCC>.visited-

country.pub.3gppnetwork.org",  
• Operator based FQDN (emergency) of the format 

“"sos.n3iwf.5gc.mnc<MNC>.mcc<MCC>.pub.3gppnetwork.org",  
• Visited country based FQDN (emergency) of the format "sos.n3iwf.5gc.mcc<MCC>.visited-

country.pub.3gppnetwork.org". 

The UE is informed whether the normal ePDG/N3IWF can support emergency services as part of the IPSEC tunnel 
establishment procedure, in which case the UE need not select a separate ePDG/N3IWF for emergency services. For the 
roaming case, an emergency ePDG/N3IWF in the visited country must be selected to satisfy the requirements of local 
break-out.  

As for LTE access, emergency sessions in the roaming scenario are permitted for unauthenticated SIM and SIM-less 
use cases.  

In terms of IMS procedures for emergency calling over WLAN, the text in sections 5.2.6.4 and 5.2.6.5 is equally 
applicable, including the availability of identities to perform call back. The differences between the LTE and WLAN 
access are mostly concerned with the mechanism of the bearer establishment to the UE (i.e. IPSEC tunnels versus LTE 
radio bearers), with some impacts at the SIP layer, e.g. the SIP P-Access-Network-Info (PANI) header conveys a 
WLAN access identity rather than a cell identity. 

5.2.10 NTN Emergency Communications 

Regarding emergency sessions in Non-Terrestrial Networks (NTN), 3GPP aims to align NTN access with traditional 
Radio Access Technologies (RATs). A key distinction is the recommendation for the network to trust the user 
equipment (UE)-provided location. Specifically, the network may accept the UE-generated GNSS fix and utilize it as 
the Network Provided Location (NPLI). 
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Voice over satellite focuses primarily on Voice over IMS utilizing NR-NTN over Low Earth Orbit (LEO) constellations 
as the IP Connectivity Access Network (IP-CAN). Additionally, ongoing 3GPP work addresses Voice over NB-IoT 
(VoNB-IoT) via the Evolved Packet Core (EPC) using Geostationary Earth Orbit (GEO) constellations, which includes 
support for emergency communications. 

For non-satellite NTN platforms, such as High-Altitude Platform Stations (HAPS), the architecture remains identical to 
Terrestrial Networks (TN). This is due to the significantly lower propagation delay compared to LEO constellations, 
and the fact that the UE operates transparently without requiring awareness that the RAN is deployed on an airborne 
platform rather than a fixed terrestrial base station. 

Due to the architectural decoupling of the radio footprint from the physical location of the NTN Ground Station (GS), 
traditional Local Breakout (LBO) mechanisms are insufficient for determining the geographically correct PSAP. When 
an emergency session is routed via an NTN GS located outside the country of the originating UE, interconnected 
emergency communications systems (ESInet) shall be utilized. These interconnected networks are required to securely 
forward the session and its associated geographic location information across network boundaries to the most 
appropriate destination PSAP. See also section 5.5. 

5.2.11 eCall 

To facilitate a successful emergency callback to an In-Vehicle System (IVS) and to programmatically trigger a 
subsequent Minimum Set of Data (MSD) update, both the originating network infrastructure and the emergency 
communications system shall maintain protocol transparency for specific SIP header fields across the entire end-to-end 
path in accordance with ETSI TS 124.229 [60]. 

When initiating an emergency callback to an IVS, the PSAP system shall populate the outgoing SIP INVITE request 
with the following parameters: 

• A SIP Priority header value containing "psap-callback" in accordance with ETSI TS 103 479 [1]. 
• A SIP Resource-Priority header field containing the value “esnet.0” (or the regionally applicable 

emergency namespace) in accordance with ETSI TS 103 479 [1]. 
• A valid E.164 telephone number assigned to the PSAP, populated within the P-Asserted-Identity (PAI) 

header field as defined in ETSI TS 103 479 [1]. 

The MNO IMS Core elements including transit Session Border Controllers (SBCs), Interconnection Border Control 
Functions (IBCFs), and Proxy-CSCFs (P-CSCFs) shall implement the procedures for emergency callbacks according to 
ETSI TS 124 229 [60], clause 5.1.6B, and shall guarantee the following transparent handling: 

• The originating network nodes shall not strip, modify, or filter out the SIP Priority header containing the 
psap-callback value, nor the Accept and Recv-Info header, when forwarding the terminating SIP 
INVITE toward the IVS. 

5.3 IP Communication Service Requirements 

5.3.1 Uniform Resource Name 

Depending on national regulations, a UE may be preconfigured with service URNs of local services or corresponding 
short numbers. In the case of a session setup for an emergency communication triggered by a user, the UE shall 
generate the corresponding service URN with subservices as defined in IETF RFC 5031 [16], if necessary.  

The service URN as set by the UE shall be transmitted unchanged to the emergency communications system (and 
subsequently to the PSAP) in the SIP Request-Line. The next hop is indicated in the top-most SIP Route header. 

5.3.2 Session Control 

Session Control is responsible for handling the signalling messages required to establish, maintain, and terminate 
emergency communication sessions and is defined in IETF RFC 3261 [8] and, as SIP offer/answer model, in IETF RFC 
3264 [32]. 

To support different media types in a single communication session, elements shall support the SIP offer/answer model 
as in IETF RFC 3264 [32]. 
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At any point during the session, either participant may issue a new offer to modify characteristics of the session for 
instance by adding or removing RTT to or from the emergency communication. To do so, involved elements shall 
follow the offer/answer procedure as defined in IETF RFC 3264 [32] Section 8. 

To reject an offered stream, the port number in the corresponding stream in the answer shall be set to zero and any 
media formats listed are ignored, but at least shall be present, as specified by IETF RFC 8866 [30] . 

If no media format is in common for a particular offered stream, the answerer shall reject that media stream by setting 
the port to zero as defined in IETF RFC 3264 [32] Section 6. If there was a list of dynamic payloads in the offer, 
rtpmap attributes are not required in a rejection (answer) and may be omitted. An absence of these SDP attributes in a 
final response shall not cause an error in the connection establishment. 

Call features such as hold or transfer are not part of the functional scope defining session control at the interconnect, so 
they happen either within the originating services or the emergency communications system (refer to Figure 1). In the 
case a feature requires support of either end system it shall be implemented according IETF RFC 5359 [33]. 

5.3.3 Media Profiles 

Audio  

All audio processing entities shall support codecs listed in clause 5.1.2 of the present document. 

Video 

All video processing entities shall support video compression format and full frame refresh requests as in clause 5.1.3 of 
the present document. 

Real-time Text  

All real-time text handling elements shall support the framework for real-time text and enhancements of real-time text 
for mixing in a centralized conference model, as in clause 5.1.4 of the present document. 

5.3.4 Location Determination 

5.3.4.1 General 

Even though there are methods for determining indoor locations, such as WLAN fingerprinting, WLAN triangulation, 
and fixed IP/MAC address mapping, these are currently not consistently supported by operating systems. In addition, 
API access to such information is limited due to data protection restrictions. The following describes two options that 
can be implemented depending on national regulatory requirements. 

5.3.4.2 DHCP-based Location Information 

Geodetic coordinate options defined in IETF RFC 6225 [37] enable a DHCP client to obtain its location, provided that 
the DHCP server is configured with sufficiently accurate location information. 

A DHCPv4 client shall include the GeoLoc Option (144) in the Parameter Request List (PRL) field of its 
DHCPDISCOVER and DHCPREQUEST messages, as defined in IETF RFC 6225 [37]. 

A DHCPv6 client shall include the GeoLoc Option (100) in the Option Request Option (ORO) field of its Solicit and 
Request messages, as defined in IETF RFC 6225 [37]. 

The client operating system shall correctly parse and decode the latitude, longitude, altitude, and the corresponding 
uncertainty fields provided within the received LCI options (123 or 100) and allow VoIP clients to query such 
information in case of emergency communication. 

5.3.4.3 VoIP Systems Location Identifier 

As an alternative to the delivery of a Presence Information Data Format Location Object (PIDF-LO) containing a civic 
address, the network may support a location identifier. This mechanism utilizes an operator-specific identifier to 
retrieve the physical location of a fixed VoIP installation. 

When a VoIP system initiates an emergency communication, and the civic location is represented by a location 
identifier, the P-Access-Network-Info header field shall be populated according to RFC 7315 [26] and RFC 7913 
[28] using the following parameters: 
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• The access-type shall be set to IEEE 802.3. 

• The access-info shall be set to network-provided. 

• The identifier value shall be carried in the eth parameter. 

• The identifier value shall follow the format of a unique token (e.g., an opaque string or an email-like identifier 
including the operator domain), subject to national regulation. 

The following example illustrates the use of a location identifier in the PANI header: 
 
P-Access-Network-Info: IEEE 802.3;network-provided;eth="1234abcd@swisscom" 

The network provider operating the central Location Information Server (LIS) shall maintain a mapping between the 
operator-specific-GI value and a valid civic address (PIDF-LO). 

The provider shall ensure that the mapping is updated whenever the physical installation point of the VoIP system 
changes. 

The VoIP system shall be configured with the unique identifier value assigned by the operator. 

The VoIP system shall insert the P-Access-Network-Info header field into the initial SIP INVITE of an emergency 
session. 

If the P-Access-Network-Info header field is present and contains a IEEE 802.3 access-type, the requesting entity 
shall de-reference the location by querying the Location Information Server (LIS) using the HTTP Enabled Location 
Delivery (HELD) protocol as specified in ETSI TS 103 479 [1] clause 6.5.1.2. 

The identifier value from the P-Access-Network-Info header shall be mapped to a Network Access Identifier (NAI) 
as specified in RFC 6155 [22]. 

The NAI shall be included in the <device> element within the urn:ietf:params:xml:ns:geopriv:held:id 
namespace. 

The following example illustrates a HELD locationRequest for a location identifier: 

<locationRequest xmlns="urn:ietf:params:xml:ns:geopriv:held" responseTime="8"> 
    <locationType exact="true">civic</locationType> 
    <device xmlns="urn:ietf:params:xml:ns:geopriv:held:id"> 
        <nai>1234abcd@swisscom</nai> 
    </device> 
</locationRequest> 

5.3.5 Location De-reference 

Procedures to support location de-reference for IP based access networks are defined in ETSI TS 103 479 [1] section 
6.5.2. Procedures used are subject to national regulations. 

5.3.6 Callback 

5.3.6.1 General 

The emergency callback functionality shall be based on the emergency architecture specified in ETSI TS 103 479 [1]. 
To support PSAP callback, the following applies: 

• The originating service shall provide a globally routable SIP URI in the SIP P-Asserted-Identity header 
field of the SIP INVITE message for the emergency session.   

• Callbacks shall be identified by the presence of a psap-callback indicator and a SIP Resource-Priority 
Header with the value esnet.0 as defined in ETSI TS 103 479 [1]. 

• The SIP proxy of the VoIP service provider shall maintain the signalling path and security association for the 
device for a duration sufficient to allow PSAP callback, according to local regulatory requirements. 
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5.3.6.2 Normal Operation 

For a device attached to the VoIP service provider, the following procedure shall apply: 

• The SIP proxy shall identify the emergency session and ensure a globally routable SIP URI is included in the 
signalling towards the emergency communications system in the SIP P-Asserted-Identity header. 

• The PSAP initiates the callback using the SIP URI provided in the SIP P-Asserted-Identity header. The 
request is routed via the OCIF (refer to ETSI TS 103 479 [1] clause 5.7) to the SIP Proxy or network entry 
point of the VoIP service provider. 

5.3.7 Roaming 

In an IP based communication, the term roaming differs from traditional mobile network roaming in terms of network 
access, billing, service availability.  If there are no technical barriers that block the use of VoIP, a VoIP subscriber can 
register with his or her service provider to use communication services from a public network anywhere in the world. 

Determining the location of a VoIP subscriber connecting via a public IP network for emergency communication can be 
challenging due to the dynamic nature of IP addressing and the lack of built-in location information. Besides methods 
listed in clause 5.3.4, VoIP subscribers can manually register their physical address with their VoIP service provider. 
This information can then be associated with the subscriber's account and provided when placing an emergency 
communication. 

NOTE: The manual registration of a physical address is subject to human error and may not reflect the actual 
location of the caller if the device is moved. This method should only be utilized in fixed implementations 
where the equipment remains at a permanent, verified location. 

Regardless of how a location is determined in this scenario, cross-border interconnect, as described in clause 4.1.2 of 
the present document, is a prerequisite. 

5.4 Assisting Service Requirements 

5.4.1 General 

All assisting services (Relay and Translation) interconnecting with an emergency communications system shall comply 
with the technical requirements as defined in ETSI TS 103 479 [1] (SIP-1, SIP-2, and SIP-4 interfaces, as listed in 
clause 4.1.1 of the present document). 

Interconnection with the emergency communications system shall be secured using Mutual TLS (mTLS) with 
certificates issued by a trusted Emergency Services Certificate Authority (ECA). 

5.4.2 Relay Service 

5.4.2.1 Invoked by the user 

When a user initiates an emergency communication including invocation of a Relay Service, the call shall be identified 
as an emergency session and route to the emergency communications system with the appropriate Service URN (e.g., 
urn:service:sos). The relay service shall be invoked by bridge operations but shall not delay the progress of the 
emergency call 

The original caller's identity and location (PIDF-LO) shall be preserved across the signalling path. If the service acts as 
emergency communications originating entity, it shall include the original caller's identity and location (PIDF-LO). The 
addition of a relay service in the path shall be indicated in Additional Data as defined in ETSI TS 103 479 [1] clauses 
6.1.2.7 and 6.1.2.8. 

5.4.2.2 Added by the PSAP 

When a user initiates an emergency call without invoking a relay service, the UE and the communications service shall 
identify the call as an emergency session and route it to the emergency communications system with the appropriate 
Service URN (e.g., urn:service:sos). If the relay service is found to be needed, the relay service shall be invoked 
by bridge operations initiated by the PSAP but shall not delay the progress of the emergency call. The user may have 
included an indication of a suitable Relay Service that may be invoked by the PSAP, depending on the capabilities of 
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the user and the PSAP. In the case it is included, the addition of a relay service shall be indicated in Additional Data as 
defined in ETSI TS 103 479 [1] clauses 6.1.2.7 and 6.1.2.8. 

The Relay Service shall be capable of being added to an ongoing session by a PSAP. This shall be achieved using a SIP 
REFER request or by inviting the Relay Service into a centralized conference bridge as defined in ETSI TS 103 479 [1], 
clause 5.6. 

5.4.2.3 Session Control 

Session Control is responsible for handling the signalling messages required to establish, maintain, and terminate 
emergency communication sessions and is defined in IETF RFC 3261 [8] and, as SIP offer/answer model, in IETF RFC 
3264 [32]. 

To support different media types in a single communication session, relay services shall support the SIP offer/answer 
model as in IETF RFC 3264 [32]. 

To support multi-party real-time text (RTT) mixing in centralized conference models, the Relay Service shall support 
IETF RFC 9071 [31]. The service shall indicate this capability by including the rtt-mixer media attribute in the 
Session Description Protocol (SDP) as specified in IETF RFC 9071 [31], clause 3. 

At any point during the session, either participant may issue a new offer to modify characteristics of the session for 
instance by adding or removing RTT to or from the emergency communication. To do so, involved elements shall 
follow the offer/answer procedure as defined in IETF RFC 3264 [32] Section 8. 

To reject an offered stream, the port number in the corresponding stream in the answer shall be set to zero and any 
media formats listed are ignored, but at least shall be present, as specified by IETF RFC 8866 [30] . 

If no media format is in common for a particular offered stream, the answerer shall reject that media stream by setting 
the port to zero as defined in IETF RFC 3264 [32] Section 6. If there was a list of dynamic payloads in the offer, 
rtpmap attributes are not required in a rejection (answer) and may be omitted. An absence of these SDP attributes in a 
final response shall not cause an error in the connection establishment. 

Call features which are not defined in the present document fall outside the functional scope of session control at the 
interconnect; such features are managed either within the originating services or the emergency communications system 
(refer to Figure 1). In the case a feature requires support of either end system, it shall be implemented according IETF 
RFC 5359 [33]. 

The service URN as set by the UE shall be transmitted unchanged to the emergency communications system (and 
subsequently to the PSAP) in the SIP Request-Line. The next hop is indicated in the top-most SIP Route header. 

For bridge operations, the Relay Service shall act as a Subscriber, and the conference bridge shall act as a Notifier for 
the conference event package according to IETF RFC 4575 [44].  

5.4.2.3 Media Profiles 

Audio  

All audio processing entities shall support codecs listed in clause 5.1.2 of the present document. 

Video 

All video processing entities shall support video compression format and full frame refresh requests as in clause 5.1.3 of 
the present document. 

Real-time Text  

All real-time text handling elements shall support the framework for real-time text and enhancements of real-time text 
for mixing in a centralized conference model, as in clause 5.1.4 of the present document. 
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5.4.3 Translation Services 

5.4.3.1 General Procedures 

The Translation Service shall be capable of being added to an ongoing session by a PSAP. This shall be achieved using 
a SIP REFER request or by inviting the Translation Service into a centralized conference bridge as defined in ETSI TS 
103 479 [1], clause 5.6. 

5.4.3.2 Session Control 

Session Control is responsible for handling the signalling messages required to establish, maintain, and terminate 
emergency communication sessions and is defined in IETF RFC 3261 [8] and, as SIP offer/answer model, in IETF RFC 
3264 [32]. 

To support different media types in a single communication session, translation services shall support the SIP 
offer/answer model as in IETF RFC 3264 [32]. 

To support multi-party real-time text (RTT) mixing in centralized conference models, the Translation Service shall 
support IETF RFC 9071 [31]. The service shall indicate this capability by including the rtt-mixer media attribute in 
the Session Description Protocol (SDP) as specified in IETF RFC 9071 [31], clause 3. 

At any point during the session, either participant may issue a new offer to modify characteristics of the session for 
instance by adding or removing RTT to or from the emergency communication. To do so, involved elements shall 
follow the offer/answer procedure as defined in IETF RFC 3264 [32] Section 8. 

To reject an offered stream, the port number in the corresponding stream in the answer shall be set to zero and any 
media formats listed are ignored, but at least shall be present, as specified by IETF RFC 8866 [30] . 

If no media format is in common for a particular offered stream, the answerer shall reject that media stream by setting 
the port to zero as defined in IETF RFC 3264 [32] Section 6. If there was a list of dynamic payloads in the offer, 
rtpmap attributes are not required in a rejection (answer) and may be omitted. An absence of these SDP attributes in a 
final response shall not cause an error in the connection establishment. 

Call features which are not defined in the present document fall outside the functional scope of session control at the 
interconnect; such features are managed either within the originating services or the emergency communications system 
(refer to Figure 1). In the case a feature requires support of either end system, it shall be implemented according IETF 
RFC 5359 [33]. 

5.4.3.3 Media Profiles 

Audio  

All audio processing entities shall support codecs listed in clause 5.1.2 of the present document. 

Video 

All video processing entities shall support video compression format and full frame refresh requests as in clause 5.1.3 of 
the present document. 

Real-time Text  

All real-time text handling elements shall support the framework for real-time text and enhancements of real-time text 
for mixing in a centralized conference model, as in clause 5.1.4 of the present document. 

5.5 Satellite-based Emergency SOS 

5.5.1 General 

For emergency communications initiated via a satellite-based Direct-to-Device (D2D) SOS service, which does not 
support IMS based emergency communication as in clause 5.2 of the present document, the ground infrastructure shall 
implement an LMPE Gateway. This gateway provides a standardized entry point into the terrestrial emergency services 
domain by translating satellite signalling into LMPE messages as specified in ETSI TS 103 698 [6] and listed as IM-1 
interface in clause 4.1.1 of the present document. 
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5.5.2 LMPE Gateway 

The LMPE Gateway, residing within the service provider's ground segment, shall perform the following functions: 

• receive the emergency signalling from the satellite D2D infrastructure and translate the content into LMPE 
messages (IM-1 interface, as listed in clause 4.1.1 of the present document); 

• in the case a PIDF-LO is not present, ensure that GNSS coordinates, timestamps, and the nature of the 
emergency are extracted from the satellite payload and mapped to the corresponding LMPE messages (IM-1 
interface, as listed in clause 4.1.1 of the present document); 

• if provided by the UE and received at the LMPE Gateway, extract the PIDF-LO and include it as an 
application/pidf+xml MIME body in the outgoing LMPE message; 

• transmit the Service URN (e.g., urn:service:sos.satellite) unchanged to the emergency 
communications system (and subsequently to the PSAP) in the SIP Request-Line, with the next hop indicated 
in the top-most SIP Route header. 

• forward terrestrial signalling responses and communication from the emergency communications system back 
to the satellite D2D infrastructure for delivery to the originating user device. 
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