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3.3
Abbreviations

For the purposes of the present document, the following abbreviations given in TR 21.905 [40] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [40].

AMR
Adaptive MultiRate 

BICC
Bearer Independent Call Control

CN
Core Network

CS
Circuit-Switched

DTMF
Dual Tone Multi Frequency

CE
Congestion Experienced

ECN
Explicit Congestion Notification

EVS
Enhanced Voice Services

FFS
For further study

GSM
Global System for Mobile communications

ICE
Interactive Connectivity Establishment
IETF
Internet Engineering Task Force

IM
IP Multimedia

IM-MGW
IP Multimedia Media Gateway

IMS
IP Multimedia Subsystem

IP
Internet Protocol

ISDN
Integrated Services Digital Network

ISUP
ISDN User Part

MG/MGW
Media GateWay

MGC
Media Gateway Controller 

MGCF
Media Gateway Control Function

MIME
Multipurpose Internet Mail Extensions

MPS
Multimedia Priority Service
n.a.
not applicable

PDH
Plesiochronous Digital Hierarchy

PES
PSTN/ISDN Emulation Subsystem

PSTN
Public Switched Telephone Network

PT
Payload Type

R2
(ETSI TISPAN NGN) Release 2
RFC
Request For Comment; this includes both discussion documents and specifications in the IETF domain

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol 

SCTP
Stream Control Transmission Protocol

SDH
Synchronous Digital Hierarchy

SDP
Session Description Protocol

SIP
Session Initiation Protocol

SONET
Synchronous Optical NETwork

SS
Silence Suppression

SS7
Signalling System No. 7

STUN
Session Traversal Utilities for NAT
TDM
Time Division Multiplexing

TISPAN
Telecommunications and Internet converged Services and Protocols for Advanced Networking

TMGW
Trunking MGW

TS
Technical Specification (3GPP, ETSI)

VBD
VoiceBand Data
***** Next change *****
10.2.1X
EVS Codec

On IMS terminations, the EVS codec is transported according to the RTP payload format specified in 3GPP TS 26.445 [xy].
3GPP TS 26.445 [xy] contains the MIME registration of EVS RTP profile with media type "audio" and media subtype of "EVS". The EVS codec shall be signaled accordingly in the SDP "a=rtpmap"-line and a dynamic RTP payload type shall be used. 
The selected options are expressed as MIME parameters in SDP "a=fmtp"-line. The following MIME parameters shall be supported on the Mn interface:
· "mode-set"

· "mode-change-period"

· "br"

· "br-send"

· "br-recv"

· "bw"

· "bw-send"

· "bw-recv"

· "ch-aw-recv"

· "evs-mode-switch"

· "dtx"

· "dtx-recv"

· "hf-only"

In addition the following MIME parameters may be supported on the Mn interface:
· "ptime"

· "maxptime"
· "max-red"

· "channels"

· "cmr"

· "ch-send"

· "ch-recv"

· "mode-change-capability"

· "mode-change-neighbor"
For compatibility with GSM peers, the IM-MGW shall perform mode changes only in every second sent package.

Example of encoding of EVS codec
ABNF:

Local {



v=0




c=IN IP4 $




m=audio $ RTP/AVP 96 




a=rtpmap:96 EVS/16000/2 




a=fmtp:96 br=16.4;bw=nb-swb;max-red=220



a=ptime:20 



a=maxptime:240






}

ASN.1:

LocalDescriptor{

PropertyParams{ 

PkgdName=0x000B001




/*SDP_V  * /

 value= "0"


PkgdName=0x000B008




/*SDP_C * /



     value= "IN IP4 $"




PkgdName=0x000B00F


/*SDP_M * /




     value= "audio $ RTP/AVP 96"
PkgdName=0x000B00C




/*SDP_A * /

value= "rtpmap:96 EVS/16000/2" 

PkgdName=0x000B00C




/*SDP_A * /

value= " fmtp:96 br=16.4;bw=nb-swb;max-red=220" 
PkgdName=0x000B00C




/*SDP_A * /

value= "ptime:20"
PkgdName=0x000B00C




/*SDP_A * /

value= "maxptime:240"
}} 
NOTE:
The c-line may be provided after m-line.
On RTP-CN (SIP-I) terminations speech codecs are supported according to 3GPP TS 29.232 [5] subclause 10.2.1.
***** End of changes *****
