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Introduction
This Application Guide is released in edition 1 to describe the interfaces and procedures to be used by Voice Service Providers for calls to the PSAPs in Sweden to the emergency number 112 using Voice over IP. A Voice Service Provider may be any company, service provider, organization or residential user that runs a Voice over IP service. This Application Guide follows the general directions of emergency calling using Internet, as described by IETF WG ECRIT in RFC 5012. The SOS-NTP in this Application Guide is the IP enabled interface of the PSAP that will receive Voice over IP emergency calls. The SOS-NTP supports the receipt of emergency calls using SIP (Session Initiation Protocol). 
This Application Guide describes available interfaces, procedures for routing of emergency calls in different call cases, information to be transferred in the emergency call and testing of the emergency call service. 
This Application Guide does not deal with the corresponding internal information in each Voice Service Providers network that might be used. How IP packets are transported between the emergency caller, the Voice Service Provider and the PSAP are not specified in this document. 
This document is concerned with technical issues and is assumed to be used by Voice Service Providers in their agreements on connection to the PSAP. 
[bookmark: _Toc210103058][image: ]
	Figure 1: Connecting to the PSAP
In Figure 1, the IP based communication solution, described by ITS25, is shown. The TDM based solution is described in ITS24. 
[bookmark: _Toc118083390][bookmark: _Toc118083527]Even though different types of traffic flows and call scenarios exist they basically fit one generic case: 
[image: ]
Figure 2. Generic emergency call flow

1. An emergency caller uses a SIP User Agent (UA/Phone) to initiate a SIP call to reach the PSAP (sip:112@vsp). 
2. An intermediate Voice Service Provider forwards the emergency call to a defined PSAP SIP URI (sip:112nnn@112.se). 
3. The SOS-NTP accepts the incoming SIP call and forwards it to the PSAP.
nnn equals municipality identity codes according to ITS 21. 
112.se is the domain used for the emergency services in Sweden. 
[bookmark: _Toc104867954]Scope
It must be possible to set up VoIP calls from emergency callers using different Voice Service Providers, connected via different IP networks, to the PSAP. The purpose of this Application Guide is to give Voice Service Providers guidelines in their setting up of the emergency call service and describe the interfaces to be used for connection to the PSAP.
This Application Guide:
· Describes the interfaces to be used for connection to the PSAP;
· Describes the different routing cases for emergency calls;
· Describes information to be transferred in the emergency call;
· Is applicable for connections between a Voice Service Provider and PSAP using SIP.
ISUP-based connection regarding the SOS-NTP is described in ITS 24: Guidelines for calls to emergency numbers 112 and 90 000 in Sweden.
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[bookmark: _Toc104867958]	Terms and definitions
2.1 [bookmark: _Toc104867959]Emergency caller
The term “caller” or “emergency caller” refers to the person placing an emergency call. 

2.2 [bookmark: _Toc104867960]Emergency call taker
The term “emergency call taker” or “call taker” refers to a person at any PSAP that accepts the call and may dispatch emergency help. 

2.3 [bookmark: _Toc104867961]Internet Protocol (IP)
In this Application Guide IP refers to both IPv4 and IPv6.

2.4 [bookmark: _Toc461334977][bookmark: _Toc461420181][bookmark: _Toc461420328][bookmark: _Toc461420471][bookmark: _Toc427560955][bookmark: _Toc104867962]Municipality Identity Code 
A code from the Identification Plan of Municipalities (Kommun-ID-planen) for calls to emergency numbers 112.

2.5 [bookmark: _Toc104867963]Public Safety Answering Point  (PSAP)
The PSAP routes the call to the emergency call taker. The Voice Service Provider connects to the PSAP via the SOS-NTP using SIP. 

2.6 [bookmark: _Toc104867964]SOS-Network Termination Point (SOS-NTP)
The SOS-NTP is the interface between the public communications network and the PSAP. 

2.7 [bookmark: _Toc104867965]Voice Service Provider (VSP)
An organization, corporation or individual that provides voice related services based on IP, such as call routing, SIP URI or PSTN termination. The VSP might include a residential or corporate user that is running its own voice service as well as telecommunication operators.

[bookmark: _Toc104867966]	Symbols and abbreviations 
	AMR
	Adaptive Multi-Rate

	Codec
	Short for compressor/decompressor, a codec is any technology for compressing and decompressing data

	DNS
	Domain Name System

	GPS
	Global Positioning System

	IP
	Internet Protocol (IPv4/IPv6)

	ISUP
	ISDN User Part

	LEK
	Lagen om elektronisk kommunikation (Electronic Communication Act)

	[bookmark: _Toc395343690][bookmark: _Toc395343957]LoST
	Location to Services Translation

	NTP
	Network Termination Point

	PSAP
	Public Safety Answering Point

	PSTN
	Public Switched Telephone Network

	RTP
	Real-time Transport Protocol

	SDP
	Session Description Protocol

	SIP
	Session Initiating Protocol

	TDM
	Time-division Multiplexing

	URI
	Uniform Resource Identifier

	VoIP
	Voice over IP




[bookmark: _Toc104867967]	General description of information
The operation of efficient emergency services requires that necessary information concerning the emergency caller is made available to the PSAP. The mandatory information components are[footnoteRef:2]: [2:  As specified in LEK (2003:389), and PTSFS 2008:2.] 

· Calling Party Identity
· Caller Location
Furthermore a number of optional information components can be made available to the emergency service in the incoming call or by subsequent requests from the emergency service. 
· Routing information
· Address information of the subscriber (emergency caller)

[bookmark: _Toc104867968]	Calling Party Identity
The Calling Party Identity is used by the PSAP for two purposes.
1. Make it possible for the emergency call taker to call back.
2. Can be used as one of several methods for finding the address and location of the emergency caller.

[bookmark: _Toc104867969]	Caller Location
Location of the caller is used for two purposes.
1. Facilitate routing of an emergency call to the appropriate PSAP / emergency call taker (e.g. using the municipality identity code)
2. To enable geographical location of the emergency caller, enabling dispatching of rescue resources to the right place (municipality identity code and supplementary information derived from e.g. calling party identity). 

[bookmark: _Toc104867970]	Routing information
Routing information is used for multiple purposes. 
1. Enable routing to the appropriate PSAP / emergency call taker. (e.g. based on municipality identity code)
2. Convey information on the access type the call was made from to the emergency call taker. 
3. Convey information on the area the emergency call was made from to the emergency call taker (e.g. municipality identity code)
The routing information is assigned to the emergency call by the emergency caller or the originating VSP. In the case it is assigned by the emergency caller, e.g. a corporate network, the VSP cannot guarantee routing to the appropriate PSAP. In the case the assignment of municipality identity codes are done by the VSP, the municipality identity code shall represent the NTP according to ITS 21.
Description of the procedure
1. The routing information can be assigned by either of the following:
a. The emergency caller
b. The VSP
2. An IP network transfers the routing information by transparently forwarding the SIP signalling to the SOS-NTP.
3. The PSAP uses the routing information
4. The emergency call taker at the PSAP might use the routing information

[bookmark: _Toc210103059][image: ]
Figure 3. Routing using Municipality Identity Codes 

[bookmark: _Toc104867971]	Address and location information 
Location information is used by the emergency call taker to locate the emergency caller. It can be a geographical address, e.g. street name and number or a position expressed in coordinates. The location can be retrieved using two methods.
1. The Calling Party Identity is used as an identifier in a request to a database or location server where the mapping of Calling Party Identity into geographical address or position is made available. 
2. The address information is received in or derived from the incoming emergency call
The location information can be of three types
a. NTP of a fixed telephone line (e.g. geographical address of subscriber/emergency caller)
b. NTP of a mobile telephone (e.g. location of base station)
c. Address related to subscriptions (e.g. home or billing address of subscriber or GPS coordinates)
Note that in the case of mobile telephones both address (usually billing address) and location can be available. These need not give the same information.

[bookmark: _Toc104867972]	Protocols for connecting to the PSAP
A VSP connects directly to the PSAP at the session layer. The signalling protocol used at the session layer is SIP. Different IP networks (e.g. Internet or other IP-networks) are used to connect the VSP to the PSAP at the IP layer.  How this is done is out of the scope of this Application Guide. 
In this Application Guide only connection at the session layer using SIP is described.

[bookmark: _Toc104867973]	Transfer of information using SIP
To make it possible for the PSAP to get the necessary information described in chapter 4, the following information has to be transferred in the initial SIP INVITE request.


	Element
	Transferred in

	Calling Party Identity 
(Identification of the emergency caller in tel URI or SIP URI format) 
	SIP headers, as defined in 5.2

	Called Party Identity 
(Identification of PSAP and routing information in SIP URI format)
	Request URI, as defined in 5.3


[bookmark: _Toc210102887]Table 1 Information elements using SIP

[bookmark: _Toc104867974]	Format of Calling Party Identity
The originating VSP can use either of the following formats:

Telephone Uniform Resource Identifier, tel URI
· The format of the tel URI is defined in RFC 3966 and 3261.
· Generic example: tel:+[International E.164 number][footnoteRef:3] [3:  See RFC 3966 section 5.1.4 Global numbers] 

· Illustrative example: tel:+4686785500

SIP Uniform Resource Identifier, SIP URI
· The format of the SIP URI is defined in RFC 3261.
· Generic example: sip:+[International E.164 number]@[vsp-domain]
· Illustrative example: sip:+4686785500@example.com
	
The following SIP headers are used, in preferred order, to identify the calling party identity.
· P-Asserted-Identity header (RFC 3325)
· P-Preferred-Identity header (RFC 3325)
· From header (RFC 3261)

The originating VSP should either:
· insert a P-Asserted-Identity header providing a tel URI or a SIP URI with a numerical user part containing Calling-Party-Identity as an international E.164 number prefixed by ‘+’
or
· insert a P-Preferred-Identity header providing a tel URI or a SIP URI with a numerical user part containing Calling-Party-Identity as an international E.164 number prefixed by ‘+’
or
· construct the From header to include a SIP URI with a numeric user part that can be used for dial-back purpose. This means that the user part of the SIP URI shall be an international E.164 number prefixed by ‘+’. 
The VSP shall assure the Calling Party Identification.

[bookmark: _Toc104867975]	Format of Called Party Information
The Called Party Identity shall contain two main pieces of information. 
1. The Called Party Identity
2. Identification of originating area
The originating VSP shall use the following format:

SIP Uniform Resource Identifier, SIP URI
· The format of the SIP URI is defined in RFC 3986 and 3261.
· Generic example 1: sip: 112[municipality-identity-code]@ 112.se
· Illustrative example 1: sip:112274@112.se (call originating from a fixed line in Mellerud)
· Example 2: sip:sos@112.se 
Note: Only the SIP URI used in the example 1, will provide call routing to the correct emergency call taker. In example 2, routing to the correct emergency call taker is not possible due to lack of municipality identity code in the Request URI. The emergency call might be routed to an emergency call taker without local knowledge (e.g. an emergency call from Mellerud using exemple 2 (sip:sos@112.se) might be answered by an emergency call taker anywhere in Sweden).
112.se is the domain for the emergency service in Sweden. 
The use of format in example 2 is primarily for future use when the LoST function, as defined by IETF ECRIT WG, has been introduced. LoST is used to translate a dialled emergency number, such as sip:112@example.com or urn:services:sos, to a called URI acceptable by SOS-NTP, e.g. sip:112274@112.se, as described in RFC 5031 and RFC 5222. 

[bookmark: _Toc104867976]	Identification of originating area
The originating VSP shall assign a municipality identity code according to the ITS 21. The code shall be transferred in the initial SIP INVITE request as part of the Request URI.

[bookmark: _Toc104867977]	Protocol standards
The SOS-NTP supports the VoIP signalling protocol SIP and media transport protocol RTP. These protocols must be used by the VSP when connecting to the SOS-NTP for emergency calls. 
At least the following SIP and RTP related RFCs are supported by SOS–NTP:
· RFC 3261, Session Initiation Protocol
· RFC 3264, An Offer/Answer model with SDP
· RFC 3311, The SIP UPDATE Method
· RFC 3325, Private Extensions to SIP for Asserted Identity within Trusted Networks
· RFC 3550, A Transport Protocol for Real-time Applications
In addition it is recommended that the following SIP related RFCs are supported by the SOS-NTP:
· RFC 3312, Integration of Resource Management and SIP
· RFC 4032, Update to SIP Preconditions Framework
At least the following SIP and RTP related RFCs must be supported by connecting VSPs and emergency callers:
· RFC 3261, Session Initiation Protocol
· RFC 3263, SIP: Locating SIP servers
· RFC 3264, An Offer/Answer model with SDP
· RFC 3550, A transport protocol for Real-time Applications

[bookmark: _Toc104867978]	Media
The SOS-NTP supports at least the following audio codec standards, variants and packetization times. Additional codecs and packetization times may be supported. 
· G.711 (RFC 3551, packetization time 0-200ms)
· G.729 (RFC 3551, packetization time 0-200ms)
· AMR (RFC 4867, packetization time 0-200ms)

[bookmark: _Toc104867979] 	Routing of the emergency call
The routing of emergency call to the SOS-NTP will not be based on municipality identity codes. The DNS will be used to find the appropriate SOS-NTP. The municipality identity code has to be transferred to the SOS-NTP to enable the PSAP to deliver the emergency call to the correct emergency call taker. The municipality identity code has to be included, if delivery to the correct emergency call taker is to be achieved, in the Request URI of the initial SIP INVITE request at the last hop (VSP to SOS-NTP or emergency caller to SOS-NTP). The municipality identity code will be displayed (if available) to the emergency call taker, see section 4.3. 

[bookmark: _Toc104867980] 	Testing and verification
The SOS-NTP will provide a SIP URI for testing purposes. This URI can be used to test functionality and reachability of the SOS-NTP. 
The SIP URI:s that shall be used to test the PSAP functionality are: 
· sip:sos.test@112.se
· sip:112493@112.se
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