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[bookmark: _Toc532336175]5.2.1.1	General codec requirements
MTSI clients in terminals offering speech communication shall support narrowband, wideband and super-wideband communication. The only exception to this requirement is for the MTSI client in constrained terminal offering speech communication, in which case the MTSI client in constrained terminal shall support narrowband and wideband, and should support super-wideband communication.
In addition, MTSI clients in terminals offering speech communication shall support:
-	.AMR speech codec (3GPP TS 26.071 [11], 3GPP TS 26.090 [12], 3GPP TS 26.073 [13] and 3GPP TS 26.104 [14]) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093 [15]. The MTSI client in terminal shall be capable of operating with any subset of these 8 codec modes. More detailed codec requirements for the AMR codec are defined in clause 5.2.1.2.
MTSI clients in terminals offering wideband speech communication at 16 kHz sampling frequency shall support:
-	AMR-WB codec (3GPP TS 26.171 ‎‎[17], 3GPP TS 26.190 ‎[18], 3GPP TS 26.173 ‎[19] and 3GPP TS 26.204 [20]) including all 9 modes and source controlled rate operation ‎3GPP TS 26.193 [21]. The MTSI client in terminal shall be capable of operating with any subset of these 9 codec modes. More detailed codec requirements for the AMR-WB codec are defined in clause 5.2.1.3. When the EVS codec is supported, the EVS AMR-WB IO mode may serve as an alternative implementation of AMR-WB as defined in clause 5.2.1.4.
MTSI clients in terminals offering super-wideband or fullband speech communication shall support:
-	EVS codec (3GPP TS 26.441 [121], 3GPP TS 26.444 [124], 3GPP TS 26.445 [125], 3GPP TS 26.447 [127],  3GPP TS 26.451 [131], 3GPP TS 26.442 [122], 3GPP TS 26.452 [164] and 3GPP TS 26.443 [123]) as described below including functions for backwards compatibility with AMR-WB (3GPP TS 26.446 [126]) and discontinuous transmission (3GPP TS 26.449 [129] and 3GPP TS 26.450 [130]). More detailed codec requirements for the EVS codec are defined in in cluause 5.2.1.4.
Encoding of DTMF is described in Annex G.
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