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The changes are needed as a consequence of the approval of CR 029 Rev 2 to 3GPP TS 43.050 (Formerly GSM 03.50) (TDOC S4-(01)0254)




Summary of change:
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· Reference to relevant 3GPP specs added

· Change in the applicability of all tests, so that the tests in 3GPP TS 51.010 release 4 and on are not applicable to dual mode GSM/3GPP handsets

· Info that the type 1 ear may not be used for testing of release 5 or later handsets added

· Addition of 3.2 high leakear and 3.3 ear in the list of ear simulators

· Info that tests for LSTR and Out of band signals (sections 30.5.2 and 30.9) are not applicable to release 4 and on handsets added.

· Addition of section 30.12, which describes the test for sending sensitivity/frequency response in release 4 and on. The section is a copy of section 30.1, with deviations marked with the track-changes function. The testcase for testing over the air interface has been slightly changed to comply to the test case in 3GPP TS 26.132, and the test description has been replaced by a reference to 3GPP TS 26.132.

· Addition of section 30.13, which describes the test for SLR response in release 4 and on. The section is a copy of section 30.2, with deviations marked with the track-changes function. The testcase for testing over the air interface has been slightly changed to comply to the test case in 3GPP TS 26.132, and the test description has been replaced by a reference to 3GPP TS 26.132.

· Addition of section 30.14, which describes the test for receiving sensitivity/frequency response in release 4 The section is a copy of section 30.3, with deviations marked with the track-changes function. The conformance requirement for tests with 3.x artificial ear is changed to conform to 3GPP TS 26.131, and replkaced by a reference to that spec. The testcase for testing over the air interface has been slightly changed to comply to the test case in 3GPP TS 26.132, and the test description has been replaced by a reference to 3GPP TS 26.132.

· Addition of section 30.15, which describes the test for RLR response in release 4 and on. The section is a copy of section 30.4, with deviations marked with the track-changes function. The testcase for testing over the air interface has been slightly changed to comply to the test case in 3GPP TS 26.132, and the test description has been replaced by a reference to 3GPP TS 26.132.

· Addition of section 30.16, which describes the test for STMR in release 4 and on. The section is a copy of section 30.5.1, with deviations marked with the track-changes function. The conformance requirement has been changed to comply with 3GPP TS 26.131, and replaced with a referenvce to that spec. The test method has been replaced by a reference to 3GPP TS 26.132.

· Addition of section 30.17, which describes the test for TAL (Echo loss and stability margin) in release 4 and on. The section is a copy of section 30.6, with deviations marked with the track-changes function. The conformance requirements have been replaced by references to 3GPP TS 26.131, and the test methods have been replaced by references to 3GPP TS 26.132 

· Addition of section 30.18, which describes the test for sending distortion response in release 4 and on. The section is a copy of section 30.7.1, with deviations marked with the track-changes function. The testcase for testing over the air interface, which is identical to the test case in 3GPP TS 26.132 has been replaced by a reference to 3GPP TS 26.132.

· Addition of section 30.19, which describes the test for Ambient Noise Rejection in release 4 and on. The section is a copy of section 30.2, with deviations marked with the track-changes function. The conformance requirements have been replaced by references to 3GPP TS 26.131, and the test methods have been replaced by references to 3GPP TS 26.132 

· References to CCITT have been changed to ITU-T
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not approved:
If the CR is not approved there will be a discrepancy between the requirements on terminal acoustics stated in 3GPP TS 43.050 and the tests described in 3GPP TS 51.010
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The tests 30.12 and upward are new. The revision marks show the differences compared to the existing tests upon which they are based.
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The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

-
For a Phase2+ Release 4 MS, references to GSM documents are to version 4.x.y, when available.

-
For a Phase2+ Release 1999 MS, references to GSM documents are to version 8.x.y, when available.

-
For a Phase2+ Release 1998 MS, references to GSM documents are to version 7.x.y, when available.

-
For a Phase2+ Release 1997 MS, references to GSM documents are to version 6.x.y, when available.

-
For a Phase2+ Release 1996 MS, references to GSM documents are to version 5.x.y,. when available.

-
For a Phase2 MS, references to GSM documents are to version 4.x.y.

[1]
GSM 01.04 (ETR 350): "Digital cellular telecommunications system (See note 1); Abbreviations and acronyms". 

[1a]
3G TS 41.004: "3rd Generation Partnership Project; Technical Specification Group GERAN (see Note 2); Abbreviations and acronyms".

[2]
GSM 02.02: "Digital cellular telecommunications system (See note 1); Bearer Services (BS) supported by a GSM Public Land Mobile Network (PLMN)".

[2a]
3G TS 22.002: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Circuit Bearer Services (BS) supported by a Public Land Mobile Network (PLMN) (see Note 2)".

[3]
GSM 02.03: "Digital cellular telecommunications system (See note 1); Teleservices supported by a GSM Public Land Mobile Network (PLMN)".

[3a]
3G TS 22.003: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Circuit Teleservices supported by a Public Land Mobile Network (PLMN) (see Note 2)".

[4]
GSM 02.04: "Digital cellular telecommunications system (See note 1); General on supplementary services".

[4a]
3G TS 22.004: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; General on Supplementary Services (see Note 2)".

[5]
GSM 02.06: "Digital cellular telecommunications system (See note 1); Types of Mobile Stations (MS)".

[5a]
3G TS 42.006: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Types of Mobile Stations (MS) (see Note 2)".

[6]
GSM 02.07: "Digital cellular telecommunications system (See note 1); Mobile Station (MS) features".

[6a]
3G TS 42.007: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Mobile Station (MS) features (see Note 2)".

[7]
GSM 02.09: "Digital cellular telecommunications system (See note 1); Security aspects".

[7a]
3G TS 42.009: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Security aspects (see Note 2)".

[8]
GSM 02.11: "Digital cellular telecommunications system; Service accessibility".

[8a]
3G TS 22.011: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Service accessibility (see Note 2)".

[8]
GSM 02.11: "Digital cellular telecommunications system; Service accessibility".

[9a]
3G TS 42.017: "3rd Generation Partnership Project; Technical Specification Group Terminals; Subscriber Identity Modules (SIM) Functional characteristics (see Note 2)".

[10]
GSM 02.24: "Digital cellular telecommunications system; Description of Charge Advice Information (CAI)".

[10a]
3G TS 22.024: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Description of Charge Advice Information (CAI) (see Note 2)".

[11]
GSM 02.30: "Digital cellular telecommunications system (See note 1); Man-Machine Interface (MMI) of the Mobile Station (MS)".

[11a]
3G TS 22.030: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Man-Machine Interface (MMI) of the User Equipment (UE) (see Note 2)".

[12]
GSM TS 02.81: "Digital cellular telecommunications system (See note 1); Line identification supplementary services - Stage 1".

[12a]
3G TS 22.081: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Line identification supplementary services - Stage 1 (see Note 2)".

[13]
GSM TS 02.83: "Digital cellular telecommunications system (See note 1); Call Waiting (CW) and Call Hold (HOLD) supplementary services - Stage 1".

[13a]
3G TS 22.083: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Call Waiting (CW) and Call Hold (HOLD) Supplementary Services; Stage 1 (see Note 2)".

[14]
GSM TS 02.84: "Digital cellular telecommunications system (See note 1); MultiParty (MPTY) supplementary services - Stage 1".

[14a]
3G TS 22.084: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; MultiParty (MPTY) Supplementary Services; Stage 1 (see Note 2)".

[15]
GSM TS 02.86: "Digital cellular telecommunications system (See note 1); Advice of Charge (AoC) supplementary services - Stage 1".

[15a]
3G TS 22.086: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Advice of Charge (AoC) Supplementary Services; Stage 1 (see Note 2)".

[16]
GSM TS 02.88: "Digital cellular telecommunications system (See note 1); Call Barring (CB) supplementary services - Stage 1".

[16a]
3G TS 22.088:"3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Call Barring (CB) supplementary services; Stage 1 (see Note 2)".

[17]
GSM TS 02.90: "Digital cellular telecommunications system (See note 1); Unstructured Supplementary Service Data (USSD) - Stage 1".

[17a]
3G TS 22.090: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Unstructured Supplementary Service Data (USSD); Stage 1 (see Note 2)".

[18]
GSM 03.03: "Digital cellular telecommunications system (See note 1); Numbering, addressing and identification".

[18a]
3G TS 23.003: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Numbering, Addressing and Identification (see Note 2)".

[19]
GSM 03.11: "Digital cellular telecommunications system; Technical realization of supplementary services".

[19a]
3G TS 23.011: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Technical realization of Supplementary Services – General Aspects (see Note 2)".

[20]
GSM 03.20: "Digital cellular telecommunications system (See note 1); Security related network functions".

[20a]
3G TS 43.020: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Security related network functions (see Note 2)".

[21]
GSM 03.22: "Digital cellular telecommunications system; Functions related to Mobile Station (MS) in idle mode and group receive mode".

[21a]
3G TS 43.022: "3rd Generation Partnership Project; Technical Specification Group GERAN; Functions related to Mobile Station (MS) in idle mode and group receive mode (see Note 2)".

[22]
GSM 03.38: "Digital cellular telecommunications system (See note 1); Alphabets and language-specific information".

[22a]
3G TS 23.038: "3rd Generation Partnership Project; Technical Specification Group Terminals; Alphabets and Language (see Note 2)".

[23]
GSM 03.40: "Digital cellular telecommunications system (See note 1); Technical realization of the Short Message Service (SMS); Point‑to‑Point (PP)".

[23a]
3G TS 23.040: "3rd Generation Partnership Project; Technical Specification Group Terminals; Technical realization of the Short Message Service (see Note 2)".

[24]
GSM 03.41: "Digital cellular telecommunications system (See note 1); Technical realization of Short Message Service Cell Broadcast (SMSCB)".

[24a]
3G TS 23.041: "3rd Generation Partnership Project; Technical Specification Group Terminals; Technical Realization of Cell Broadcast Service (see Note 2)".

[25]
GSM 03.45: "Digital cellular telecommunications system (See note 1); Technical realization of facsimile group 3 transparent".

[25a]
3G TS 43.045: "3rd Generation Partnership Project; Technical Specification Group Core Network; Technical realization of facsimile group 3 transparent (see Note 2)".

[26]
GSM 03.50: "Digital cellular telecommunications system (See note 1); Transmission planning aspects of the speech service in the GSM Public Land Mobile Network (PLMN) system".

[26a]
3G TS 43.050: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Transmission planning aspects of the speech service in the GSM Public Land Mobile Network (PLMN) system (see Note 2)".

[27]
GSM 03.86: "Digital cellular telecommunications system (See note 1); Advice of Charge (AoC) supplementary services - Stage 2".

[27a]
3G TS 23.086: "3rd Generation Partnership Project; Technical Specification Group Core Network; Advice of Charge (AoC) supplementary services - Stage 2 (see Note 2)".

[28]
GSM 04.04: "Digital cellular telecommunications system (See note 1); Layer 1 General requirements".

[28a]
3G TS 44.004: "3rd Generation Partnership Project; Technical Specification Group GERAN; Layer 1 General requirements (see Note 2)".

[29]
GSM 04.05: "Digital cellular telecommunications system (See note 1); Data Link (DL) layer General aspects".

[29a]
3G TS 44.005: "3rd Generation Partnership Project; Technical Specification Group GERAN; Data Link (DL) layer General aspects (see Note 2)".

[30]
GSM 04.06: "Digital cellular telecommunications system (See note 1); Mobile Station - Base Station System (MS - BSS) interface Data Link (DL) layer specification".

[30a]
3G TS 44.006: "3rd Generation Partnership Project; Technical Specification Group GERAN; Mobile Station - Base Station System (MS - BSS) interface Data Link (DL) layer specification (see Note 2)".

[31]
GSM 04.07: "Digital cellular telecommunications system (See note 1); Mobile radio interface signalling layer 3; General aspects".

[31a]
3G TS 24.007: "3rd Generation Partnership Project; Technical Specification Group Core Network; Mobile Radio Interface Signalling Layer 3; General Aspects (see Note 2)".

[32]
GSM 04.08: "Digital cellular telecommunications system (See note 1); Mobile radio interface layer 3 specification".

[32a]
3G TS 24.008: "3rd Generation Partnership Project; Technical Specification Group Core Network; Mobile radio interface layer 3 specification (see Note 2)".

[33]
GSM 04.10: "Digital cellular telecommunications system (See note 1); Mobile radio interface layer 3 Supplementary services specification; General aspects".

[33a]
3G TS 24.010: "3rd Generation Partnership Project; Technical Specification Group Core Network; Mobile radio Interface Layer 3 – Supplementary Services Specification – General Aspects (see Note 2)".

[34]
GSM 04.11: "Digital cellular telecommunications system (See note 1); Point-to-Point (PP) Short Message Service (SMS) support on mobile radio interface".

[34a]
3G TS 24.011: "3rd Generation Partnership Project; Technical Specification Group Core Network; Point-to-Point (PP) Short Message Service (SMS) Support on Mobile Radio Interface (see Note 2)".

[35]
GSM 04.12: "Digital cellular telecommunications system (See note 1); Short Message Service Cell Broadcast (SMSCB) support on the mobile radio interface".

[35a]
3G TS 24.012: "3rd Generation Partnership Project; Technical Specification Group Core Network; Short Message Service Cell Broadcast (SMSCB) Support on the Mobile Radio interface (see Note 2)".

[36]
GSM 04.13: "Digital cellular telecommunications system (See note 1); Performance requirements on the mobile radio interface".

[36a]
3G TS 44.013: "3rd Generation Partnership Project; Technical Specification Group Core Network; Performance requirements on the mobile radio interface (see Note 2)".

[37]
GSM 04.21: "Digital cellular telecommunications system (See note 1); Rate adaption on the Mobile Station - Base Station System (MS - BSS) Interface".

[37a]
3G TS 44.021: "3rd Generation Partnership Project; Technical Specification Group Core Network; Rate adaption on the Mobile Station - Base Station System (MS - BSS) Interface (see Note 2)".

[38]
GSM 04.22: "Digital cellular telecommunications system (See note 1); Radio Link Protocol (RLP) for data and telematic services on the Mobile Station - Base Station System (MS - BSS) interface and the Base Station System - Mobile-services Switching Centre (BSS - MSC) interface".

[38a]
3G TS 24.022: "3rd Generation Partnership Project; Technical Specification Group Core Network; Radio Link Protocol (RLP) for Data and Telematic Services on the Mobile Station - Base Station System (MS - BSS) interface and the Base Station System - Mobile-services Switching Centre (BSS - MSC) interface (see Note 2)".

[39]
GSM 04.80: "Digital cellular telecommunications system (See note 1; Mobile radio interface layer 3 supplementary services specification; Formats and coding".

[39a]
3G TS 24.080: "3rd Generation Partnership Project; Technical Specification Group Core Network; Mobile Radio Layer 3 Supplementary Service specification – Formats and coding (see Note 2)".

[40]
GSM 04.81: "Digital cellular telecommunications system (See note 1); Line identification supplementary services - Stage 3".

[40a]
3G TS 24.081: "3rd Generation Partnership Project; Technical Specification Group Core Network; Line identification Supplementary Service – Stage 3 (see Note 2)".

[41]
GSM 04.82: "Digital cellular telecommunications system (See note 1); Call Forwarding (CF) supplementary services - Stage 3".

[41a]
3G TS 24.082: "3rd Generation Partnership Project; Technical Specification Group Core Network; Call Forwrding Supplementary Service – Stage 3 (see Note 2)".

[42]
GSM 04.83: "Digital cellular telecommunications system (See note 1); Call Waiting (CW) and Call Hold (HOLD) supplementary services - Stage 3".

[42a]
3G TS 24.083: "3rd Generation Partnership Project; Technical Specification Group Core Network; Call Waiting (CW) and Call Hold (HOLD) Supplementary Service – Stage 3 (see Note 2)".

[43]
GSM 04.84: "Digital cellular telecommunications system (See note 1); MultiParty (MPTY) supplementary services - Stage 3".

[43a]
3G TS 24.084: "3rd Generation Partnership Project; Technical Specification Group Core Network; Multiparty (MPTY) Supplementary Service – stage 3 (see Note 2)".

[44]
GSM 04.86: "Digital cellular telecommunications system (See note 1); Advice of Charge (AoC) supplementary services - Stage 3".

[44a]
3G TS 24.086: "3rd Generation Partnership Project; Technical Specification Group Core Network; Advice of Charge (AoC) Supplementary Service – Stage 3 (see Note 2)".

[45]
GSM 04.88: "Digital cellular telecommunications system (See note 1); Call Barring (CB) supplementary services - Stage 3".

[45a]
3G TS 24.088: "3rd Generation Partnership Project; Technical Specification Group Core Network; Call Barring (CB) Supplementary Service – Stage 3 (see Note 2)".

[46]
GSM 04.90: "Digital cellular telecommunications system (See note 1); Unstructured Supplementary Service Data (USSD) - Stage 3".

[46a]
3G TS 24.090: "3rd Generation Partnership Project; Technical Specification Group Core Network; Unstructured Supplementary Service Data (USSD) – Stage 3 (see Note 2)".

[47]
GSM 05.02: "Digital cellular telecommunications system (See note 1); Multiplexing and multiple access on the radio path".

[47a]
3G TS 45.002: "3rd Generation Partnership Project; Technical Specification Group GERAN; Multiplexing and multiple access on the radio path (see Note 2)".

[48]
GSM 05.03: "Digital cellular telecommunications system (See note 1); Channel coding".

[48a]
3G TS 45.003: "3rd Generation Partnership Project; Technical Specification Group GERAN; Channel coding (see Note 2)".

[49]
GSM 05.04: "Digital cellular telecommunications system (See note 1); Modulation".

[49a]
3G TS 45.004: "3rd Generation Partnership Project; Technical Specification Group GERAN; Modulation (see Note 2)".

[50]
GSM 05.05: "Digital cellular telecommunications system (See note 1); Radio transmission and reception".

[50a]
3G TS 45.005: "3rd Generation Partnership Project; Technical Specification Group GERAN; Radio transmission and reception (see Note 2)".

[51]
GSM 05.08: "Digital cellular telecommunications system (See note 1); Radio subsystem link control".

[51a]
3G TS 45.008: "3rd Generation Partnership Project; Technical Specification Group GERAN; Radio subsystem link control (see Note 2)".

[52]
GSM 05.09: "Digital cellular telecommunications system (See note 1); Link Adaptation".

[52a]
3G TS 45.0.09: "3rd Generation Partnership Project; Technical Specification Group GERAN; Link Adaptation (see Note 2)".

[53]
GSM 05.10: "Digital cellular telecommunications system (See note 1); Radio subsystem synchronization".

[53a]
3G TS 45.010: "3rd Generation Partnership Project; Technical Specification Group GERAN; Radio subsystem synchronization (see Note 2)".

[54]
GSM 06.01: "Digital cellular telecommunications system (See note 1); Full rate speech; Processing functions".

[54a]
3G TS 46.001: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Full rate speech; Processing functions (see Note 2)".

[55]
GSM 06.02: "Digital cellular telecommunications system (See note 1); Half rate speech; Half rate speech processing functions".

[55a]
3G TS 46.002: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Half rate speech; Half rate speech processing functions (see Note 2)".

[56]
GSM 06.07: Digital cellular telecommunications system (See note 1); Half rate speech; Test sequences for the GSM half rate speech codec".

[56a]
3G TS 46.007: 3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Half rate speech; Test sequences for the GSM half rate speech codec (see Note 2)".

[57]
GSM 06.10: "Digital cellular telecommunication system (See note 1); Full rate speech transcoding".

[57a]
3G TS 46.010: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Full rate speech transcoding (see Note 2)".

[58]
GSM 06.11: "Digital cellular telecommunications system (See note 1); Full rate speech; Substitution and muting of lost frames for full rate speech channels".

[58a]
3G TS 46.011: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Full rate speech; Substitution and muting of lost frames for full rate speech channels (see Note 2)".

[59]
GSM 06.12: "Digital cellular telecommunications system (See note 1); Comfort noise aspect for full rate speech traffic channels".

[59a]
3G TS 46.012: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Comfort noise aspect for full rate speech traffic channels (see Note 2)".

[60]
GSM 06.20: "Digital cellular telecommunications system (See note 1); Half rate speech; Half rate speech transcoding".

[60a]
3G TS 46.020: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Half rate speech; Half rate speech transcoding (see Note 2)".

[61]
GSM 06.21: "Digital cellular telecommunications system (See note 1); Half rate speech; Substitution and muting of lost frames for half rate speech traffic channels".

[61a]
3G TS 46.021: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Half rate speech; Substitution and muting of lost frames for half rate speech traffic channels (see Note 2)".

[62]
GSM 06.22: "Digital cellular telecommunications system (See note 1); Half rate speech; Comfort noise aspects for half rate speech traffic channels".

[62a]
3G TS 46.022: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Half rate speech; Comfort noise aspects for half rate speech traffic channels (see Note 2)".

[63]
GSM 06.31: "Digital cellular telecommunications system (See note 1); Full rate speech; Discontinuous Transmission (DTX) for full rate speech traffic channels".

[63a]
3G TS 46.031: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Full rate speech; Discontinuous Transmission (DTX) for full rate speech traffic channels (see Note 2)".

[64]
GSM 06.32: "Digital cellular telecommunications system (See note 1); Voice Activity Detector (VAD)".

[64a]
3G TS 46.032: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Voice Activity Detector (VAD) (see Note 2)".

[65]
GSM 06.41: "Digital cellular telecommunications system (See note 1); Discontinuous Transmission (DTX) for half rate speech traffic channels".

[65a]
3G TS 46.041: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Discontinuous Transmission (DTX) for half rate speech traffic channels (see Note 2)".

[66]
GSM 06.42: "Digital cellular telecommunications system (See note 1); Half rate speech; Voice Activity Detector (VAD) for half rate speech traffic channels".

[66a]
3G TS 46.042: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Half rate speech; Voice Activity Detector (VAD) for half rate speech traffic channels (see Note 2)".

[67]
GSM 07.01: "Digital cellular telecommunications system (See note 1); General on Terminal Adaptation Functions (TAF) for Mobile Stations (MS)". 

[67a]
3G TS 27.001: "3rd Generation Partnership Project; Technical Specification Group Core Network; General on Terminal Adaptation Functions (TAF) for Mobile stations (MS) (see Note 2)".

[68]
GSM 07.02: "Digital cellular telecommunications system (See note 1); Terminal Adaptation Functions (TAF) for services using asynchronous bearer capabilities".

[68a]
3G TS 27.002: "3rd Generation Partnership Project; Technical Specification Group Core Network; Terminal Adaptation Functions (TAF) for services using Asynchronous bearer capabilities (see Note 2)".

[69]
GSM 07.03: "Digital cellular telecommunications system (See note 1); Terminal Adaptation Functions (TAF) for services using synchronous bearer capabilities".

[69a]
3G TS 27.003: "3rd Generation Partnership Project; Technical Specification Group Core Network; Terminal Adaptation Functions (TAF) for services using Synchronous bearer capabilities (see Note 2)".

[70]
GSM 09.02: "Digital cellular telecommunications system (See note 1); Mobile Application Part (MAP) specification".

[70a]
3G TS 29.002: "3rd Generation Partnership Project; Technical Specification Group Core Network; Mobile Application Part (MAP) (see Note 2)".

[71a]
3G TS 29.007: “General requirements on interworking between the Public Land Mobile Network (PLMN) and the Integrated Services Digital Network (ISDN) or Public Switched Telephone Network (PSTN) (see Note 2)".

[71a]
3G TS 29.006: "3rd Generation Partnership Project; Technical Specification Group Core Network; Interworking between a Public Land Mobile Network (PLMN) and a Packet Switched Public Data Network/Integrated Services Digital Network (PSPDN/ISDN) for the support of packet switched data transmission services (see Note 2)".

[72]
GSM 09.07: "Digital cellular telecommunication system (See note 1); General requirements on interworking between the Public Land Mobile Network (PLMN) and the Integrated Services Digital Network (ISDN) or Public Switched Telephone Network (PSTN)".

[72a]
3G TS 29.007: "3rd Generation Partnership Project; Technical Specification Group Core Network; General requirements on interworking between the Public Land Mobile Network (PLMN) and the Integrated Services Digital Network (ISDN) or Public Switched Telephone Network (PSTN) (see Note 2)".

[73]
GSM 11.11: "Digital cellular telecommunication system (See note 1); Specification of the Subscriber Identity Module - Mobile Equipment (SIM - ME) interface".

[73a]
3G TS 51.011: "3rd Generation Partnership Project; Technical Specification Group Terminals; Specification of the Subscriber Identity Module - Mobile Equipment (SIM - ME) interface (see Note 2)".

[74]
GSM 11.12: "Digital cellular telecommunications system (See note 1); Specification of the 3 Volt Subscriber Identity Module - Mobile Equipment (SIM - ME) interface".

[74a]
3G TS 51.012: "3rd Generation Partnership Project; Technical Specification Group Terminals; Specification of the 3 Volt Subscriber Identity Module - Mobile Equipment (SIM - ME) interface (see Note 2)".

[75]
ITU‑T Recommendation E.164: "Numbering plan for the ISDN era".

[76]
ITU‑T Recommendation G.122: "Influence of national systems on stability talker echo in international connections".

[77]
ITU‑T Recommendation G.223: "Assumptions for the calculation of noise on hypothetical reference circuits for telephony".

[78]
ITU‑T Recommendation G.714: "Separate performance characteristics for the encoding and decoding sides of PCM channels applicable to 4-wire voice-frequency interfaces".

[79]
ITU‑T Recommendation G.721: "32 kbit/s Adaptive Differential Pulse Code Modulation (ADPCM) - General Aspects of Digital Transmission Systems; Terminal Equipments".

[80]
ITU‑T Recommendation O.131: "Quantizing distortion measuring equipment using a pseudo-random noise test signal".

[81]
ITU‑T Recommendation O.132: "Quantizing distortion measuring equipment using a sinusoidal test signal".

[82]
ITU‑T Recommendation O.153: "Basic parameters for the measurement of error performance at bit rates below the primary rate".

[83]
ITU‑T Recommendation P.34: "Transmission characteristics of hands-free telephones".

[84]
ITU‑T Recommendation P.35: "Handset telephones".

[85]
ITU‑T Recommendation P.50: "Artificial voices".

[86]
ITU‑T Recommendation P.51: "Artificial mouth".

[87]
ITU‑T Recommendation P.64: "Determination of sensitivity/frequency characteristics of local telephone systems".

[88]
ITU‑T Recommendation P.76: "Determination of loudness ratings fundamental principles".

[89]
ITU‑T Recommendation P.79: "Calculation of loudness ratings for telephone sets"

[90]
ITU‑T Recommendation T.4: "Standardization of group 3 facsimile apparatus for document transmission".

[91]
ITU‑T Recommendation T.21: "Standardized tests charts for document facsimile transmission".

[92]
ITU‑T Recommendation T.30: "Procedures for document facsimile transmission in the general switched telephone network".

[93]
ITU‑T Recommendation V.1: "Equivalence between binary notation symbols and the significant conditions of a two-condition code".

[94]
ITU‑T Recommendation V.14: "Transmission of start-stop characters over synchronous bearer channels".

[95]
ITU‑T Recommendation V.24: "List of definitions for interchange circuits between data terminal equipment (DTE) and data circuit-terminating equipment (DCE)".

[96]
ITU‑T Recommendation V.25bis: "Automatic calling and/or answering equipment on the general switched telephone network (GSTN) using the 100-series interchange circuits".

[97]
ITU‑T Recommendation V.110: "Support of data terminal equipments with V-Series type interfaces by an integrated services digital network".

[98]
ITU‑T Recommendation X.21: "Interface between data terminal equipment and data circuit-terminating equipment for synchronous operation on public data networks".

[99]
ITU‑T Recommendation X.208: "Specification of Abstract Syntax Notation One (ASN.1)".

[100]
ITU‑T Recommendation X.290: "OSI conformance testing methodology and framework for protocol Recommendations for ITU‑T applications - General concepts".

[101]
ISO 3: "Preferred Numbers - Series of preferred Numbers".

[102]
ISO 2110: "Information Technology - Data Communication - 25-Pole DTE/DCE Interface Connector and Contact Number Assignments".

[103]
ISO 7816‑3: "Identification cards - Integrated Circuit(s) Cards with Contacts - Part 3: Electronic Signals and Transmission Protocols".

[104]
IEC publication 68‑2‑1: "Environmental Testing Part 2: Tests - Tests A: Cold".

[105]
IEC publication 68‑2‑2: "Environmental Testing Part 2: Tests - Tests B: Dry Heat".

[106]
IEC publication 68‑2‑36: "Environmental Testing Part 2: Tests - Test Fdb: Random Vibration Wide Band - Reproducibility Medium".

[107]
ETSI ETR 028: "Uncertainties in the Measurement of Mobile Radio Equipment Characteristics".

[108]
ITU‑T Recommendation P.57 (1993), "Artificial ears."

[109]
3G TS 22.043: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Support of Localised Service Area (SoLSA), Service description, Stage 1".

[110]
3G TS 23.73: "3rd Generation Partnership Project; Technical Specification Group Core Network; Support of Localised Service Area (SoLSA), Stage 2".

[111]
3G TS 44.018: "3rd Generation Partnership Project; Technical Specification Group GERAN; Radio Resource Control Protocol".

[112]
3G TR 21.905: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Vocabulary for 3GPP Specifications".

[114]
3G TS 42.067: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; enhanced Multi-Level Precedence and Pre-emption service (eMLPP) – stage 1".

[115]
3G TS 42.068: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Voice Group Call Service – stage 1".

[116]
3G TS 42.069: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Voice Broadcast Service – stage 1"

[117]
3G TS 22.087: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; User-to-User Signalling (UUS); Service description, Stage 1".

[118]
3G TS 22.094: "3rd Generation Partnership Project; Technical Specification Group Services and system aspects; Follow Me Service description; Stage 1".

[119]
3G TS 23.067: "3rd Generation Partnership Project; Technical Specification Group Core Network; enhanced Multi-Level Precedence and Pre-emption service (eMLPP); Stage 2".

[120]
3G TS  43.068: "3rd Generation Partnership Project; Technical Specification Group Core Network; Voice Group Call Service (VGCS); Stage 2".

[121]
3G TS  43.069: "3rd Generation Partnership Project; Technical Specification Group Core Network; Voice Broadcast Service (VBS); Stage 2 ".[116a]
3G TS: 23.087 " Digital cellular telecommunications system (Phase 2+); User-to-User Signalling (UUS) Supplementary Service; Stage 2".

[122]
3G TS 23.094: "3rd Generation Partnership Project; Technical Specification Group Core Network; Follow-Me (FM) - Stage 2".

[123]
3G TS 24.067: "3rd Generation Partnership Project; Technical Specification Group Core Network; enhanced Multi-Level Precedence and Pre-emption service (eMLPP); Stage 3".

[124]
3G TS 44.068: "3rd Generation Partnership Project; Technical Specification Group Core Network; Group Call Control (GCC) protocol".

[125]
3G TS 44.069: "3rd Generation Partnership Project; Technical Specification Group Core Network; Broadcast Call Control (BCC) protocol".

[126]
3G TS 24.087 "3rd Generation Partnership Project; Technical Specification Group Core Network; User-to-User Signalling (UUS) Supplementary Service; Stage 3".

[127]
3G TS 44.018: "3rd Generation Partnership Project; Technical Specification Group GERAN; Radio Resource Control Protocol".

[128]
3G TS 25.331: "3rd Generation Partnership Project; Technical Specification Group Radio Access Network; RRC Protocol Specification" (see Note 2).

[129]
3G TS 04.18: " Mobile radio interface layer 3 specification, Radio Resource Control Protocol" 

[130]
3GPP TS 26.131: “Terminal Acoustics Characteristics for Telephony: Requirements”

[131]
3GPP TS 26.132: “Narrow band (3.1 kHz) speech and video telephony terminal acoustic test specification”
Note 1:
Read Phase 2 or Phase 2+ as necessary.

Note 2:
Read Release 1999 or further as necessary.

30
Speech teleservices

When an artificial ear is required, the ITU‑T Recommendation P.57 [107] Type 1 artificial ear may be used for up to release 4 handsets. For release 5 and on, a 3.x artificial ear must be used. See below for details.
If requested by the terminal supplier, the ITU‑T Recommendation P.57 [107] Type 3.2 artificial ear shall be used. In this case the following shall apply:

‑
Either the low leakage option or the high leakage option of Type 3.2 artificial ear may be adopted;

‑
The force against the ear shall be as specified in ITU‑T Recommendation P.57 [107].

‑
Sound pressure measurements shall be referred to the ERP as specified in ITU‑T Recommendation P.57 [107] or DRP according to the Terminal Supplier's request.

‑
No leakage correction shall be made in the calculation of RLR (i.e. LE=0).

If requested by the terminal supplier, the ITU‑T Recommendation P.57 [107] Type 3.4 artificial ear may be used for Release 96 MS or later. The positioning is defined in ITU-T Recommendation P.64.

If requested by the terminal supplier, the ITU‑T Recommendation P.57 [107] Type 3.3 artificial ear may be used for Release 96 MS or later. The positioning is defined in ITU-T Recommendation P.64.

Note that for measurement of STMR in release 4 or later MS as specified in TS 26.132, the 3.2 ear with the low leakage option shall be used. For release 4 it is also possible to use the type 1 ear.

.
The manufacturer declares in the IXIT statement which type of artificial ear will be used for teleservices speech testings.

NOTE 1:
An MS may be either a handset MS, a handsfree MS or a combined handset and handsfree MS. The test description for handsfree operation, however, at the moment only covers the stability margin as no test method could be defined for the other parameter.

NOTE 2:
Frequency settings in the following tests are taken from ISO 3, R10 series or R40 series or from table 2 of ITU-T P.79. A departure from the nominal frequencies of +5 % below 240 Hz and + 2 % at 240 Hz and above is accepted. Any sub-multiple of the sampling frequency of 8 kHz shall be avoided. In the case of 4 kHz the departure is restricted to ‑2 %.

NOTE 3:
The measurement accuracy for signal level is +/- 0,2 dB and for sound pressure +/‑0,6 dB.

NOTE 4:
The digital test signals shall be generated as 8 bit A-law companded PCM signals, which internally in the SS are expanded according to ITU-T Rec. G.721 (Law=1) to 13 bit linear before being applied to the MS via the DAI.

NOTE 5:
When measuring signal levels on the DAI, a digital measuring instrument is connected to the 64 kbit/s output of the A-law compression equipment in the SS, which is in turn connected to the DAI in the MS.

NOTE 6:
Measurements shall be possible with and without psophometric weighting according to Rec. ITU-T G.223, table 4.

30.1
Sending sensitivity/frequency response

30.1.1
Definition and applicability

The sending sensitivity frequency response is, as a function of the input test signal frequency, the ratio expressed in dB between the output level at the Digital Audio Interface (DAI) or at the audio output of the reference speech decoder of the SS and the input sound pressure in the artificial mouth required to obtain this.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.1.2
Conformance requirement


The sending sensitivity frequency response shall be within the mask given in GSM 03.50.


GSM 03.50; 3.8.1.1, table 1.

30.1.3
Test purpose

To verify that the sending sensitivity frequency response is within the mask given in GSM 03.50, 3.8.1.1, table 1.

30.1.4
Method of test

30.1.4.1
Initial conditions

When measured at the DAI:

a)
The handset is mounted in the LRGP (see annex A of ITU-T Recommendation P.76). The earpiece is sealed to the knife-edge of the artificial ear.

b)
A pure tone with a sound pressure of ‑4,7 dBPa (in accordance with ITU-T Recommendation P.64) is applied at the mouth reference point (MRP) as described in ITU-T Recommendation P.64 using an artificial mouth conforming to ITU-T Recommendation P.51.

c)
A digital measuring instrument, or high quality digital decoder followed by an analogue level measuring set, is connected to the Digital Audio Interface (DAI). The DAI is set to the operating mode "Test of acoustic devices and A/D & D/A ".

When measured at the output of the reference speech decoder of the SS:

a)
The handset is mounted in the LRGP and the earpiece is sealed to the knife-edge of an artificial ear.

b)
A full rate speech call is set up between the MS and the SS.

c)
Artificial speech conforming to ITU‑T Recommendation P.50, shall be applied to the MRP, at a wideband sound pressure level of ‑4,7 dBPa. This implementation could be a real time algorithm producing the artificial speech or a pre‑recorded tape of the artificial speech.

d)
The artificial speech shall comprise of a concatenation of three 10 s intervals of "male" and "female" voice. The first 10 s interval is not used for measurement purposes but allows any noise/echo cancelling devices in the MS to adapt. The second and third 10 s intervals consist of separately "male" and "female" artificial voice.

30.1.4.2
Procedure

When measured at the DAI:

The SS measures the output level represented by the PCM bit stream at the DAI (pin 23) at one-twelfth-octave intervals as given by the R40 series of preferred numbers in ISO 3 for frequencies from 100 Hz to 4 000 Hz inclusive.

When measured at the output of the reference speech decoder of the SS:

The 1/3 octave filtered long‑term average spectrum of the signal is measured at the analogue or digital output of the reference speech decoder of the SS and an average for the "male" and "female" voices is obtained. The sending sensitivity/frequency response is calculated as the difference between the 1/3 octave input power and the 1/3 octave output power.

30.1.5
Test requirement

The sending sensitivity/frequency response shall be within a mask given in table 30.1. The mask can be drawn with straight lines between the breaking points in the table on a logarithmic (frequency) vs linear (dB sensitivity) scale.

All sensitivity levels are dB on an arbitrary scale.

Table 30.1

Frequency (Hz)
Upper Limit (dB)
Lower Limit (dB)

100
‑12


200
0


300
0
‑12

1000
0
‑6

2000
4
‑6

3000
4
‑6

3400
4
‑9

4000
0


30.2
Sending loudness rating

30.2.1
Definition and applicability

The Sending Loudness Rating (SLR) is a means of expressing the sending frequency response based on objective measurements in a way which relates to how a speech signal would be perceived by a listener.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.2.2
Conformance requirement


The Sending Loudness Rating (SLR) shall be 8 +/- 3 dB.


GSM 03.50; 3.1.1.

30.2.3
Test Purpose

To verify that the Sending Loudness Rating (SLR) is 8 +/- 3 dB.

30.2.4
Method of test

30.2.4.1
Initial conditions

When measured at the DAI:

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

When measured at the output of the reference speech decoder of the SS:

A full rate speech call is set up between the MS and the SS.

30.2.4.2
Procedure

When measured at the DAI:

a)
The sending sensitivity is measured at each of the 14 frequencies given in table 2 of ITU-T P.79, bands 4 to 17.

b)
The sensitivity is expressed in terms of dBV/Pa and the SLR is calculated according to ITU-T Recommendation P.79 formula 4.19 b of ITU-T P.79, over bands 4 to 17, using the sending weighting factors from ITU-T Recommendation P.79 table 2, adjusted according to table 3 of ITU-T Recommendation P.79.

When measured at the output of the reference speech decoder of the SS:

a)
The sending sensitivity from the MRP to the analogue or digital output of the reference speech decoder of the SS is determined according to 30.1.4.1, 30.1.4.2.

b)
The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU‑T Recommendation P.79 formula 2.1, over bands 4 to 17, and using m = 0.175 and the sending weighting factors from ITU‑T Recommendation P.79 table 1.

30.2.5
Test requirement

The SLR shall be 8 +/- 3 dB.

30.3
Receiving sensitivity/frequency response 

30.3.1
Definition and applicability

The receiving sensitivity frequency response is, as a function of the input test signal frequency, the ratio expressed in dB between the output sound pressure in the artificial ear and the input level, represented by the PCM bit stream at the Digital Audio Interface (DAI) or the level at the SS audio input, required to obtain this.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.3.2
Conformance requirement


The receiving sensitivity frequency response shall be within the mask given in GSM 03.50.


GSM 03.50; 3.8.1.2, table 2.

30.3.3
Test purpose

To verify that the receiving sensitivity frequency response is within the mask given in GSM 03.50; 3.8.1.2, table 2.

30.3.4
Method of test

30.3.4.1
Initial conditions

When measured from the DAI:

a)
The handset is mounted in the LRGP and the earpiece is sealed to the knife-edge of the artificial ear.

b)
A digital signal generator is connected at the digital interface delivering a signal equivalent to a pure tone level of ‑16 dBm0, see ITU-T Recommendation P.64.

c)
The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

When measured from the input of the reference speech encoder of the SS:

a)
The handset is mounted in the LRGP and the earpiece is sealed to the knife-edge of the artificial ear.

b)
A full rate speech call is set up between the MS and the SS.

c)
Artificial speech conforming to ITU‑T Recommendation P.50, shall be applied to the analogue or digital input of the reference speech encoder of the SS, at a wideband level of ‑16 dBm0. This implementation could be a real time algorithm producing the artificial speech or a pre‑recorded tape of the artificial speech.

d)
The artificial speech shall comprise of a concatenation of three 10 s intervals of "male" and "female" voice. The first 10 s interval is not used for measurement purposes but allows any echo cancellation devices in the MS to adapt. The second and third 10 s intervals consist of separately "male" and "female" artificial voice.

30.3.4.2
Procedure

When measured from the DAI:

Measurements are made at one twelfth-octave intervals as given in the R.40 series of preferred numbers in ISO 3 for frequencies from 100 Hz to 4 kHz inclusive. At each frequency, the sound pressure in the artificial ear is measured by connecting a suitable measuring set to the artificial ear.

When measured from the input of the reference speech encoder of the SS:

The 1/3 octave filtered long‑term average spectrum of the signal is measured and an average for the "male" and "female" voices is obtained. The receiving sensitivity/frequency response is calculated as the difference between the 1/3 octave input power and the 1/3 octave output power. 

30.3.5
Test requirement

The receiving sensitivity/frequency response shall be within the mask given by table 30.2. The mask can be drawn with straight lines between the breaking points in the following table on a logarithmic (frequency) vs linear (dB sensitivity) scale.

All sensitivity levels are dB on an arbitrary scale.

Table 30.2

Frequency (Hz)
Upper Limit (dB)
Lower Limit (dB)

100
‑12


200
0


300
2
‑7

500
*
‑5

1000
0
‑5

3000
2
‑5

3400
2
‑10

4000
2


NOTE:
* The limit at intermediate frequencies lies on a straight line drawn between the given values on a log (frequency) vs linear (dB) scale.

30.4
Receiving loudness rating 

30.4.1
Definition and applicability

The Receiving Loudness Rating (RLR) is a means of expressing the receiving frequency response based on objective measurements in a way which relates to how a speech signal would be perceived by a listener.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.4.2
Conformance requirement

1)
The nominal Receiving Loudness Rating (RLR) shall be 2 +/- 3 dB.


If a user controlled receive volume control is provided the equipment shall meet this nominal value for at least one setting of the control.


GSM 03.50; 3.1.1.

2)
If a user controlled receive volume control is provided the Receive Loudness Rating (RLR) shall not be less than ‑13 dB when the control is set to maximum.


GSM 03.50; 3.1.1.

30.4.3
Test purpose

1)
To verify that the nominal Receiving Loudness Rating (RLR) is 2 +/- 3 dB.

2)
To verify that if a user controlled receive volume control is provided the Receive Loudness Rating (RLR) is not less than ‑13 dB when the control is set to maximum.

30.4.4
Method of test

30.4.4.1
Initial conditions

When measured at the DAI:

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

When measured at the output of the reference speech decoder of the SS:

A full rate speech call is set up between the MS and the SS.

30.4.4.2
Procedure

When measured at the DAI:

a)
The receiving sensitivity is measured at each of the 14 frequencies listed in table 2 of ITU-T Recommendation P.79, bands 4 to 17.

b)
The sensitivity is expressed in terms of dBPa/V and the RLR is calculated according to ITU-T Recommendation P.79 formula 4.19 c, over bands 4 to 17, using the receiving weighting factors from table 2 of ITU-T Recommendation P.79, adjusted according to table 3 of ITU-T Recommendation P.79.

c)
The artificial ear sensitivity must be corrected according to the real ear correction of table 4 of ITU-T Recommendation P.79.

NOTE:
The values of real ear correction in ITU-T Recommendation P.79 table 4 were derived for one type of handset conforming to the shape defined in ITU-T Recommendation P.35.


These values are used in this EN because there is no measurement method agreed for the real ear correction. If a method of measurement is agreed, it is intended to change this EN to use the values appropriate to each handset.

When measured from the input of the reference speech encoder of the SS:

a)
The receiving sensitivity from the analogue or digital input of the reference speech encoder of the SS to the output of the artificial ear is determined according to 30.3.4.1, 30.3.4.2.

b)
The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU‑T Recommendation P.79 formula 2.1, over bands 4 to 17, using m = 0,175 and the receiving weighting factors from table 1 of ITU‑T Recommendation P.79.

30.4.5
Test requirement

If no user controlled receive volume control is provided, the RLR shall be 2 +/- 3 dB.

If a user controlled receive volume control is provided, the RLR shall meet this nominal value for (at least) one setting of the receive volume control.

When the receive volume control is set to maximum the RLR shall not be less than (i.e. louder than) ‑13 dB.

30.5
Side tones

30.5.1
Side Tone Masking Rating (STMR)

30.5.1.1
Definition and applicability

The sidetone loudness ratings are a means of expressing the path loss from the artificial mouth to the artificial ear based on objective single tone measurements in a way that relates to how a speaker will perceive his own voice when speaking (talker sidetone, expressed by the sidetone masking rating - STMR), or how a listener will perceive the background noise picked up by the microphone (listener sidetone rating - LSTR). 

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.5.1.2
Conformance requirement


The nominal value of the Side Tone Masking Rating (STMR) shall be 13 +/- 5 dB. Where a user controlled receiving volume control is provided the STMR shall meet the requirement at the setting where the RLR is equal to the nominal value.


GSM 03.50; 3.10.1.

30.5.1.3
Test purpose

1)
To verify that the Side Tone Masking Rating (STMR) is 13 +/- 5 dB.

2)
To verify that is a user controlled receiving volume control is provided, the STMR is 13 +/- 5 dB at the setting where the RLR is equal to the nominal value.

30.5.1.4
Method of test

30.5.1.4.1
Initial conditions

a)
The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

b)
The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

30.5.1.4.2
Procedure

a)
The SS sends a PCM bit stream coded with the value No 1 over the DAI (pin 25). Or alternatively the activation of the A/D and D/A converters is performed via a call setup, in which case the DAI connection between the MS and SS, and the PCM bit stream are optional.

NOTE:
The idle channel noise in the receiving direction is the acoustic sound pressure in the artificial ear when the digital input signal at the DAI is the PCM coded value No. 1.

b)
The SS applies a pure tone with a sound pressure of ‑4,7 dBPa at the mouth reference point as described in ITU-T P.64 using an artificial mouth conforming to ITU-T P 51.

c)
For each frequency given in table 2 of ITU-T P.79, bands 4 to 17, the sound pressure in the artificial ear is measured.

d)
The sidetone path loss (LmeST) is expressed in dB and the STMR (in dB) is calculated from the formula 8.4 of ITU-T Recommendation P.79, using the weighting factors of column (3) in table 6 of ITU-T Recommendation P.79 (unsealed), and values of LE in accordance with table 4 of ITU-T Recommendation P.79.

30.5.1.5
Test requirement

The STMR shall be 13 +/- 5 dB.

Where a user controlled receive volume control is provided, the STMR shall meet the requirement given above at the setting where the RLR is equal to the nominal value.

30.5.2
Listener Side Tone Rating (LSTR)

30.5.2.1
Definition and applicability

The Listener Sidetone Rating (LSTR) is considered a major parameter affecting the user perception of the system.

The requirements and this test is applicable to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.5.2.2
Conformance requirement

The value of the Listener Sidetone Rating (LSTR) shall not be less than 15 dB.

GSM 03.50, 3.10.1.

30.5.2.3
Test purpose

To verify that the value of LSTR is not less than 15dB.

30.5.2.4
Method of test

30.5.2.4.1
Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

The SS sends a PCM bit stream coded with the value No. 1 over the DAI (pin 25) to the MS.

30.5.2.4.2
Procedure

a)
The sound field is calibrated in the absence of any local obstacles. The averaged field shall be uniform to within +4 dB/‑2 dB within a radius of 0,15 m of the MRP, when measured in one-third octave bands from 100 Hz to 8 kHz (bands 1 to 20).

b)
A calibrated half-inch microphone is mounted at MRP. The sound field is measured in one-third octave bands. The spectrum shall be "Pink noise" as described in ITU-T recommendation P.64 annex B to within +/-1 dB and the level shall be adjusted to 70 dBA (-24 dBPa(A)). The tolerance on this level is +/-1 dB.

c)
The artificial mouth and ear are placed in the correct position relative to MRP, the handset is mounted at LRGP and the earpiece is sealed to the knife-edge of the artificial ear.

d)
Measurements are made in one-third octave bands for the 14 bands centred at 200 Hz to 4 kHz (bands 4 to 17). For each band the sound pressure in the artificial ear shall be measured by connecting a suitable measuring set to the artificial ear.

e)
The listener sidetone path loss is expressed in dB and the LSTR shall be calculated from the ITU-T Recommendation P.79 formula 8‑4, using the weighting factors in column (3) in table 6 of the Recommendation, and the values of LE; in accordance with table 4 of the Recommendation.

30.5.2.5
Test requirement

The LSTR shall not be less than 15 dB.

30.6
Telephone Acoustic coupling Loss (TAL)

30.6.1
Echo Loss (EL)

30.6.1.1
Definition and applicability

The echo loss is the path loss from the input of the reference speech encoder of the SS to the output of the reference speech decoder of the SS.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to relese 1999 handset MS supporting speech.

30.6.1.2
Conformance requirement


The echo loss from the input to the output of the reference speech codec in the SS shall be at least 46 dB.


GSM 03.50; 3.4.3.2.

30.6.1.3
Test purpose

To verify that the echo loss from the input to the output of the reference speech codec in the SS is at least 46 dB.

30.6.1.4
Method of test

30.6.1.4.1
Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Normal operation".

The SS sets up a speech call according to the generic call set up procedure.

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

Where a user controlled volume control is provided it is set to maximum.

30.6.1.4.2
Procedure

An implementation of the ITU-T P.50 artificial speech is connected to the analogue or digital input of the reference speech encoder of the SS. This implementation is either a real time algorithm producing the artificial speech or a pre-recorded tape of artificial speech. Both "male" and "female" artificial speech is required.

A ten second segment of the "male" artificial speech is applied to the analogue or digital input of the reference speech encoder of the SS. The third octave power of the input signal is measured. The echo loss signal is not measured at this stage as the first ten second segment is used to allow any acoustic echo cancellation devices within the MS to adapt to the echo path.

Immediately after a second ten second segment of the "male" artificial speech is applied to the analogue or digital input of the reference speech encoder of the SS. The third octave power of the echo signal is measured at the analogue or digital output of the reference speech decoder of the SS.

The difference between the third octave input power and the third octave output power is entered into the ITU-T G.122 TCL algorithm and the acoustic echo loss calculated.

The test is repeated with the "female" artificial speech and the results of both "male" and "female" averaged to give the final result.

30.6.1.5
Test requirement

The echo loss from the input to the output of the reference speech codec in the SS shall be at least 46 dB.

30.6.2
Stability margin

30.6.2.1
Definition and applicability

The receive-transmit stability margin is a measure of the gain that would have to be inserted between the go and return paths of the reference speech coder in the SS for oscillation to occur.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.6.2.2
Conformance requirement


The stability margin shall be at least 6 dB.


GSM 03.50; 3.2.

30.6.2.3
Test purpose

To verify that the stability margin is at least 6 dB.

30.6.2.4
Method of test

30.6.2.4.1
Initial conditions

For handset operation the handset is placed on a hard plane surface with the transducers facing the surface.

For handsfree operation the test setup is shown in ITU-T P.34 (Fig 3/ITU-T P.34), but omitting the test table.

Where a user controlled volume control is provided it is set to maximum.

30.6.2.4.2
Procedure

a)
A gain equivalent to the minimum stability margin is inserted in the loop between the go and return paths of the reference speech coder in the SS and any acoustic echo control is enabled.

b)
A test signal according to ITU-T O.131 is injected into the loop at the analogue or digital input of the reference speech codec of the SS and the stability is measured. The test signal has a level of ‑10 dBm0 and a duration of 1 s.

30.6.2.5
Test requirement

The minimum stability margin shall be 6 dB and no audible oscillation shall be detected.

30.7
Distortion

30.7.1
Sending

30.7.1.1
Definition and applicability

The transmit signal to total distortion ratio is a measure of the linearity of the transmitter equipment.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.7.1.2
Conformance requirement


The ratio of signal to total distortion power in the sending direction measured with a psophometric filter at the DAI of the MS or at the output of the reference speech decoder of the SS shall be above the limits given in GSM 03.50; 3.9.1, table 3, unless the sound pressure at MRP exceeds +10 dBPa.


GSM 03.50; 3.9.1.

30.7.1.3
Test purpose

To verify that the ratio of signal to total distortion power in the sending direction measured with psophometric filter is above the limits given in GSM 03.50; 3.9.1, table 3.

30.7.1.4
Method of test

30.7.1.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

When measured at the DAI:

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

When measured at the output of the reference speech decoder of the SS:

A full rate speech call is set up between the MS and the SS.

30.7.1.4.2
Procedure

a)
A sine-wave signal with a frequency in the range 1004 Hz to 1025 Hz is applied to the MRP. The level of this signal is adjusted until the level at the DAI output (pin 23) of the MS or at the analogue or digital output of the reference speech decoder of the SS corresponds to ‑10 dBm0. The level of the signal at the MRP is then the acoustic reference level (ARL).

b)
The test signal is applied at the following levels: ‑35, ‑30, ‑25, ‑20, ‑15, ‑10, ‑5, 0, 5, 10 dB relative to the ARL.

c)
The ratio of signal to total distortion power is measured at the DAI of the MS or at the analogue or digital output of the reference speech decoder of the SS with the psophometric noise weighting (see ITU-T G.714 and O.132) at each signal level.

NOTE:
The measurement is not to be carried out at sound pressures exceeding +10 dBPa.

30.7.1.5
Test requirement

The ratio of signal to total distortion power measured with the psophometric noise weighting (see table 4/ITU-T G.223) shall be above the limits given in table 30.3.

Table 30.3

dB relative to ARL
Level ratio

‑35 dB
17,5 dB

‑30 dB
22,5 dB

‑20 dB
30,7 dB

‑10 dB
33,3 dB

0 dB
33,7 dB

7 dB
31,7 dB

10 dB
25,5 dB


Limits for the signal to total distortion ratio (sending) when using the sine wave method.


Limits for intermediate levels are found by drawing a straight line between breaking points in a linear (dB signal level) vs linear (dB ratio) scale.

30.7.2
Receiving

30.7.2.1
Definition and applicability

The receive signal to total distortion ratio is a measure of the linearity in the receive equipment (excluding the speech decoder).

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 handset MS supporting speech except dual mode GSM/3GPP release 4 or later handsets.

30.7.2.2
Conformance requirement


The ratio of signal to total distortion power in the receiving direction measured at the ERP or DRP according to the Terminal Supplier's request with psophometric filter shall be above the limits given in GSM 03.50; 3.9.2, table 5.


GSM 03.50; 3.9.2.

30.7.2.3
Test purpose

To verify that the ratio of signal to total distortion power in the receiving direction measured at the ERP or DRP according to the Terminal Supplier's request with psophometric filter is above the limits given in GSM 03.50; 3.9.2, table 5.

30.7.2.4
Method of test

30.7.2.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

30.7.2.4.2
Procedure

a)
The SS sends, via the DAI (Pin 25), a PCM bit stream simulating a sine-wave signal with a frequency in the range 1 004 Hz to 1 025 Hz corresponding to ITU-T O.132 at the following levels: ‑45, ‑40, ‑35, ‑30, ‑25, ‑20, ‑15, ‑10, ‑5, 0 dBm0.

b)
The ratio of signal to total distortion power is measured with the psophometric noise weighting in the artificial ear (see ITU-T G.714 and O.132) at each signal level.

c)
The measurement is only carried out at sound pressures between ‑50 dBPa and +10 dBPa.

30.7.2.5
Test requirement

The ratio of signal to total distortion power measured at the artificial ear with the psophometric noise weighting (see table 4/ITU-T G.223) shall be above the limits given in table 30.4.

Table 30.4

Level at the digital audio interface
Level ratio

‑45 dBm0
17,5 dB

‑40 dBm0
22,5 dB

‑30 dBm0
30,5 dB

‑20 dBm0
33,0 dB

‑10 dBm0
33,5 dB

‑3 dBm0
31,2 dB

0 dBm0
25,5 dB


Limits for the signal to total distortion ratio (receiving) when using the sine wave method.


Limits for intermediate levels are found by drawing a straight line between breaking points in a linear (dB signal level) vs linear (dB ratio) scale.

30.8
Sidetone distortion

30.8.1
Definition and applicability

The sidetone distortion expresses the linearity of the sidetone path in the handset.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 handset MS supporting speech except dual mode GSM/3GPP release 4 or later handsets.

30.8.2
Conformance requirement


The third harmonic distortion of the sidetone shall not be greater than 10 %.


GSM 03.50; 3.10.2.

30.8.3
Test purpose

To verify that the third harmonic distortion of the sidetone is not greater than 10 %.

30.8.4
Method of test

30.8.4.1
Initial conditions

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

30.8.4.2
Procedure

a)
The SS sends the PCM bit stream coded with the value No 1 over the DAI (pin 25) to the MS.

b)
An instrument capable of measuring the third harmonic distortion of signals with fundamental frequencies in the range 315 Hz to 1000 Hz is connected to the artificial ear.

c)
A pure-tone signal of ‑4,7 dBPa is applied at the mouth reference point at frequencies of 315 Hz, 500 Hz, and 1 000 Hz. For each frequency the third harmonic distortion is measured in the artificial ear.

30.8.5
Test requirement

The third harmonic distortion generated shall not be greater than 10 %.

30.9
Out-of-band signals 

30.9.1
Sending

30.9.1.1
Definition and applicability

The discrimination against out-of-band input signals in the sending direction is a requirement on the in-band image frequencies created by any out-of-band input signals.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.9.1.2
Conformance requirement

With any sine wave signal above 4,6 kHz and up to 8 kHz applied at the MRP at a level of ‑4,7 dBPa, the level of any image frequency produced at the digital interface shall be below a reference level obtained at 1 kHz (‑4,7 dBPa at MRP) by at least the amount (in dB) specified in GSM 03.50; 3.11.1, table 7.

GSM 03.50; 3.11.1.

30.9.1.3
Test purpose

To verify that the conformance requirement is met for input signals with frequencies of 4,65, 5, 6, 6,5, 7 and 7,5 kHz.

30.9.1.4
Method of test

30.9.1.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

30.9.1.4.2
Procedure

a)
A pure tone with a sound pressure of ‑4,7 dBPa is applied at the mouth reference point as described in ITU-T P.64 using an artificial mouth conforming to ITU-T P 51.

b)
For input signals at frequencies of 4,65, 5, 6, 6,5, 7, and 7,5 kHz, the level represented by the PCM bit stream at the DAI (Pin 23) of any image frequency is measured.

30.9.1.5
Test requirement

The level of any image frequency shall be below a reference obtained at 1 kHz by at least the amount as specified in table 30.5.

Table 30.5

Applied sine-wave frequency
Limit (minimum)

4,6 kHz
30 dB

8 kHz
40 dB


Limits for the image frequency discrimination.


The limit at intermediate frequencies lies on a straight line drawn between the given values on a log(frequency) vs linear(dB) scale.

30.9.2
Receiving 

30.9.2.1
Definition and applicability

The discrimination against out-of-band signals in the receiving direction is a requirement on the out-of-band signals generated in the artificial ear from in-band input signals.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 up to release 1999 handset MS supporting speech.

30.9.2.2
Conformance requirement

With a digitally simulated sine wave signal in the frequency range of 300 Hz to 3,4 kHz and at a level of 0 dBm applied at the digital interface, the level of spurious out-of-band image signals in the frequency range of 4,6 to 8 kHz measured selectively in the artificial ear shall be lower than the in-band acoustic level produced by a digital signal at 1 kHz set at the level specified in GSM 03.50; 3.11.2, table 8.

GSM 03.50; 3.11.2.

30.9.2.3
Test purpose

To verify that the conformance requirement is met for input signals at the nominal frequencies 500, 1 000, 2 000, and 3 350 Hz.

30.9.2.4
Method of test

30.9.2.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

30.9.2.4.2
Procedure

a)
The SS sends over the DAI (pin 25) a PCM bit stream simulating a sine-wave signal with a level of 0 dBm0.

b)
For input signals at the nominal frequencies 500, 1 000, 2 000, and 3 350 Hz (bearing in mind the restriction on sub-multiples of the sampling frequency) the level of any out-of-band signals at frequencies up to 8 kHz is measured in the artificial ear.

30.9.2.5
Test requirement

The level of out-of-band signals shall be lower than the in-band acoustic level obtained by a digital signal at 1 kHz set at the level specified in table 30.6.

Table 30.6

Image signal frequency
Equivalent input signal level

4,6 kHz
‑35 dBm0

8 kHz
‑45 dBm0


Limits for the image frequency discrimination.


The limit at intermediate frequencies lies on a straight line drawn between the given values on a log(frequency) vs linear(dB) scale.

30.10
Idle channel noise

30.10.1
Sending

30.10.1.1
Definition and applicability

The idle channel noise in the sending direction is the equivalent noise level produced at the DAI, when the mouth reference point is in a quiet environment.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 handset MS supporting speech except dual mode GSM/3GPP release 4 or later handsets.

30.10.1.2
Conformance requirement


The idle noise in the sending direction shall not exceed - 64 dBm0p at the UPCMI under silent conditions.


GSM 03.50; 3.6.1.

30.10.1.3
Test purpose

To verify that the idle noise in the sending direction does not exceed -64 dBm0p at the UPCMI under silent conditions.

30.10.1.4
Method of test

30.10.1.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51 in a quiet environment (ambient noise less than 30 dBA).

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

30.10.1.4.2
Procedure

The noise level represented by the PCM bit stream output at the DAI (pin 23) is measured with psophometric weighting according to ITU-T G.223, table 4.

NOTE:
The ambient noise criterion should be met if the ambient noise does not exceed NR20.

30.10.1.5
Test requirement

The noise produced by the MS in the sending direction shall not exceed ‑64 dBm0p.

30.10.2
Receiving 

30.10.2.1
Definition and applicability

The idle channel noise in the receiving direction is the acoustic sound pressure in the artificial ear when the digital input signal at the DAI, is the PCM coded value No 1.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 handset MS supporting speech except dual mode GSM/3GPP release 4 or later handsets.

30.10.2.2
Conformance requirement

1.
If no user controlled receiving volume control is provided, or if it is provided, at the setting of the user controlled receiving volume at which the RLR is equal to the nominal value, the noise measured in the artificial ear contributed by the receiving equipment alone shall not exceed -57 dBPa (A) when driven by a PCM signal corresponding to the decoder output value No. 1.


GSM 03.50; 3.6.2.

2.
Where a volume control is provided, the measured noise shall not exceed ‑54 dBPa(A) at the maximum setting of the volume control.


GSM 03.50; 3.6.2.

30.10.2.3
Test purpose

1.
To verify that the idle noise in the receiving direction does not exceed -57 dBPa (A). If a user controlled receive volume control is provided it shall be set to the position where RLR is equal to the nominal value.

2.
To verify that if a user controlled receive volume control is provided, the idle noise in the receiving direction does not exceed ‑54 dBPa(A) when the control is set to maximum.

30.10.2.4
Method of test

30.10.2.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

30.10.2.4.2
Procedure

a)
The SS sends a PCM bit stream coded with the value No 1 over the DAI (Pin 25) to the MS.

b)
The level of the noise is measured in the artificial ear with any volume control set at the position at which the RLR is equal to the nominal value.

c)
Where a volume control is provided, the level of the noise is measured in the artificial ear with the volume control set to maximum.

30.10.2.5
Test requirement

In step b) the measured noise generated by the MS shall not exceed ‑57 dBPa (A).

In step c) the measured noise shall not exceed ‑54 dBPa (A).

30.11
Ambient Noise Rejection

30.11.1
Definition and Applicability

An MS that supports speech will typically be operated within an area of high ambient acoustic noise. A level of noise rejection will therefore be required.

The requirements and this test apply to all types of GSM 400, GSM900, DCS1800 and PCS 1900 handset R96 – R99 MS  supporting full rate speech.

30.11.2
Conformance Requirement

Compliance shall be checked by calculating the single figure DELSM (SFDELSM) according to the following formula, the SFDELSM shall be (0dB.





where :- 



n = the third octave band centre frequencies from 160Hz to 3150Hz inclusive.



Deln = is the 1/3 octave band pressure level centered on the nth frequency.



Wm = is the SLR weighting for the nth 1/3 octave band centre frequency.

GSM 03.50; 3.14.1

30.11.3
Test Purpose

To verify that ambient noise calculated as SFDELSM shall be rejected, by verifying that SFDELSM ( 0dB.

30.11.4
Method of Test

30.11.4.1
Initial Conditions

A 1/2 inch pressure microphone is calibrated using a known sound source and mounted at the MRP, without the LRGP head present. A frequency analyser is calibrated to enable the sound pressure levels at the microphone to be determined in 1/3rd octave bands.

Flood the room in which the measurement is to be made with the selected noise file, and adjust the level such that the noise level at the MRP is 70dBA. A single noise file of real noise, covering the various noise environments that the MS could be subjected to, is used. This file is three minutes long and also commences with a three minute signal. Once this tone has been adjusted to a level of 70dBA, the average level of the noise will be 70dBA. The resulting sound spectrum is Prn dBPa, measured in 1/3rd octave bands.

To ensure that the sound field is diffuse enough, the following apply:-

The diffuse sound field is calibrated in the absence of any local obstacles. The averaged field shall be uniform to within +/- 3dB within a radius of 0,15 m of the MRP, when measured in one-third octave bands from 100Hz to 3,15 Khz.

Where more than one loudspeaker is used to produce the desired sound field, the loudspeakers may require to be fed with non-coherent signals to eliminate standing waves and other interference effects.

Position an LRGP in the correct relative position to the MRP and mount the MS under test. Recalibrate the 1/3rd octave frequency analyser using a known voltage source to facilitate the analysis of the Voltage Vrn, where Vrn is the voltage at the audio output of the System Simulator (SS) due to the noise spectrum input.

30.11.4.2
Procedure

Set up a full rate speech path between the MS and the SS.

The SS determines, as a function of frequency, using the frequency analyser, in 1/3rd octave bands, the electrical output Vrn, (expressed as dB rel 1V) at the audio output of the SS for the applied acoustic pressure Prn (expressed as dB rel 1Pa) at the MRP. Since, the MS sending sensitivity is not defined above 3,4kHz and below 300Hz the measurement shall be cut off at 3,4kHz and for the bands below 300Hz. The noise level shall be referenced to the speech level at 300Hz to yield the DELSM.

The room noise sensitivity is defined as :-  Smj rn = Vrn (dBV) - Prn (dBPa).

The ambient noise send sensitivity has now been determined.

The MS speech send sensitivity is now required. The required sensitivity is defined as the electrical output from the MS, measured at the audio output of the SS, as a function of the free field sound pressure at the MRP of the artificial mouth.

The measurment is made using an artificial speech source at the MRP of the artificial mouth. The 1/2 inch pressure microphone is calibrated using a known sound source. The frequency analyser is calibrated to measure in 1/3rd octave bands. The artificial mouth output shall be in accordance with the ITU-T P.50 male artificial voice. Whilst maintaining the ITU-TT P.50 ‘male’ spectrum, the total signal level is adjusted to -4,7 dBPa. The resulting sound spectrum is P0dBpa, measured in 1/3rd octave bands. The 1/3rd octave frequency analyser shall be re-calibrated, using a known voltage source, to facilitate the analysis of the voltage Vj. Where Vj is the voltage at the audio output of the SS due to the speech spectrum input. A speech path is setup between the MS and the SS. The function of the frequency is determined using the frequency analyser, and in 1/3rd octave bands, the electrical output Vj, (expressed as dB rel. 1V), at the audio output of the SS for the applied acoustic pressure, P0, (expressed as dB rel. 1Pa/V), at the MRP.

The sending sensitivity is expressed as : -





The DSM for the MS is determined as :-


DSM = Smj rn - Smjs (dB).

30.11.5
Test Requirement

The MS ambient noise rejection, calculated as a single figure DELSM (SFDELSM) shall be greater than or equal to 0dB.

30.12
Sending sensitivity/frequency response

30.12.1
Definition and applicability

The sending sensitivity frequency response is, as a function of the input test signal frequency, the ratio expressed in dB between the output level at the Digital Audio Interface (DAI) or at the audio output of the reference speech decoder of the SS and the input sound pressure in the artificial mouth required to obtain this.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900  release 4 or later handset MS supporting speech except dual mode GSM/3GPP handsets 
30.12.2
Conformance requirement


The sending sensitivity frequency response shall be within the mask given in 3GPP TS 26.131.


3GPP TS 26.131, 5.4.1, table 1
30.12.3
Test purpose

To verify that the sending sensitivity frequency response is within the mask given in3GPP TS 26.131, 5.4.1, table 1.

30.12.4
Method of test

30.12.4.1
Initial conditions

When measured at the DAI:

a)
The handset is mounted in the LRGP (see annex A of ITU-T Recommendation P.76). The earpiece is sealed to the knife-edge of the artificial ear.

b)
A pure tone with a sound pressure of ‑4,7 dBPa (in accordance with ITU-T Recommendation P.64) is applied at the mouth reference point (MRP) as described in ITU-T Recommendation P.64 using an artificial mouth conforming to ITU-T Recommendation P.51.

c)
A digital measuring instrument, or high quality digital decoder followed by an analogue level measuring set, is connected to the Digital Audio Interface (DAI). The DAI is set to the operating mode "Test of acoustic devices and A/D & D/A ".

When measured at the output of the reference speech decoder of the SS:

a)
The handset is mounted in the LRGP and the earpiece is sealed to the knife-edge of an artificial ear.

b)
A full rate speech call is set up between the MS and the SS.



30.12.4.2
Procedure

When measured at the DAI:

The SS measures the output level represented by the PCM bit stream at the DAI (pin 23) at one-twelfth-octave intervals as given by the R40 series of preferred numbers in ISO 3 for frequencies from 100 Hz to 4 000 Hz inclusive.

When measured at the output of the reference speech decoder of the SS:
The test shall be performed according to the test specification as described in 3GPP TS 26.132

30.12.5
Test requirement

The sending sensitivity/frequency response shall be within a mask given in table 30.1. The mask can be drawn with straight lines between the breaking points in the table on a logarithmic (frequency) vs linear (dB sensitivity) scale.

All sensitivity levels are dB on an arbitrary scale.

Table 30.1

Frequency (Hz)
Upper Limit (dB)
Lower Limit (dB)

100
‑12


200
0


300
0
‑12

1000
0
‑6

2000
4
‑6

3000
4
‑6

3400
4
‑9

4000
0


30.13
Sending loudness rating

30.13.1
Definition and applicability

The Sending Loudness Rating (SLR) is a means of expressing the sending frequency response based on objective measurements in a way which relates to how a speech signal would be perceived by a listener.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 or later handset MS supporting speech except dual mode GSM/3GPP handsets
30.13.2
Conformance requirement


The Sending Loudness Rating (SLR) shall be 8 +/- 3 dB.


3GPP TS 26.131; 5.2.2
30.13.3
Test Purpose

To verify that the Sending Loudness Rating (SLR) is 8 +/- 3 dB.

30.13.4
Method of test

30.13.4.1
Initial conditions

When measured at the DAI:

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

When measured at the output of the reference speech decoder of the SS:

A full rate speech call is set up between the MS and the SS.

30.13.4.2
Procedure

When measured at the DAI:

a)
The sending sensitivity is measured at each of the 14 frequencies given in table 2 of ITU-T P.79, bands 4 to 17.

b)
The sensitivity is expressed in terms of dBV/Pa and the SLR is calculated according to ITU-T Recommendation P.79 formula 4.19 b of ITU-T P.79, over bands 4 to 17, using the sending weighting factors from ITU-T Recommendation P.79 table 2, adjusted according to table 3 of ITU-T Recommendation P.79.

When measured at the output of the reference speech decoder of the SS:

The test shall be performed according to the test specification as described in 3GPP TS 26.132


30.13.5
Test requirement

The SLR shall be 8 +/- 3 dB.

30.14
Receiving sensitivity/frequency response 

30.14.1
Definition and applicability

The receiving sensitivity frequency response is, as a function of the input test signal frequency, the ratio expressed in dB between the output sound pressure in the artificial ear and the input level, represented by the PCM bit stream at the Digital Audio Interface (DAI) or the level at the SS audio input, required to obtain this.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 or later handset MS supporting speech. except dual mode GSM/3GPP handsets
Note that the type 1 ear is not allowed for release 5 and later handsets
30.14.2
Conformance requirement


When measured with the type 1 artificial ear (only release 4 handsets) the receiving sensitivity frequency response shall be within the mask given in  3GPP TS 43.050

3GPP TS 43.050; 3.8.1.2, table 2.
When measured with 3.x artificial ear (release 4 and later handsets) the receiving sensitivity frequency response shall be within the mask given in 3GPP TS 26.131


3GPP TS 26.131; 5.4.2, table 2
30.14.3
Test purpose

To verify that the receiving sensitivity frequency response is within the mask given in 3GPP TS 43.050; 3.8.1.2, table 2 when measured with the type 1 artificial ear (release 4 hansets only) or within the mask given in 3GPP TS 26.131; 5.4.2, table 2 when measuredv with a type 3.x artificial ear.

30.14.4
Method of test

30.14.4.1
Initial conditions

When measured from the DAI:

a)
The handset is mounted in the LRGP and the earpiece is sealed to the knife-edge of the artificial ear.

b)
A digital signal generator is connected at the digital interface delivering a signal equivalent to a pure tone level of ‑16 dBm0, see ITU-T Recommendation P.64.

c)
The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

When measured from the input of the reference speech encoder of the SS:

a)
The handset is mounted in the LRGP and the earpiece is sealed to the knife-edge of the artificial ear.

b)
A full rate speech call is set up between the MS and the SS.



30.14.4.2
Procedure

When measured from the DAI:

Measurements are made at one twelfth-octave intervals as given in the R.40 series of preferred numbers in ISO 3 for frequencies from 100 Hz to 4 kHz inclusive. At each frequency, the sound pressure in the artificial ear is measured by connecting a suitable measuring set to the artificial ear.

When measured from the input of the reference speech encoder of the SS:
The test shall be performed according to the test specification as described in 3GPP TS 26.132

30.14.5
Test requirement

when measured in the type 1 artificial ear (allowed for release 4 handsets only) the receiving sensitivity/frequency response shall be within the mask given by table 30.2. The mask can be drawn with straight lines between the breaking points in the following table on a logarithmic (frequency) vs linear (dB sensitivity) scale.

All sensitivity levels are dB on an arbitrary scale.

Table 30.2

Frequency (Hz)
Upper Limit (dB)
Lower Limit (dB)

100
‑12


200
0


300
2
‑7

500
*
‑5

1000
0
‑5

3000
2
‑5

3400
2
‑10

4000
2


NOTE:
* The limit at intermediate frequencies lies on a straight line drawn between the given values on a log (frequency) vs linear (dB) scale.

When measured in a type 3.x artificial ear, the receiving sensitivity/frequency response shall be within the mask given in 3GPP TS 26.131; 5.4.2, table 2.
30.15
Receiving loudness rating 

30.15.1
Definition and applicability

The Receiving Loudness Rating (RLR) is a means of expressing the receiving frequency response based on objective measurements in a way which relates to how a speech signal would be perceived by a listener.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 or later handset MS supporting speech except dual mode GSM/3GPP handsets
30.15.2
Conformance requirement

1)
The nominal Receiving Loudness Rating (RLR) shall be 2 +/- 3 dB.


If a user controlled receive volume control is provided the equipment shall meet this nominal value for at least one setting of the control.


3GPP TS 26.131; 5.2.2
2)
If a user controlled receive volume control is provided the Receive Loudness Rating (RLR) shall not be less than ‑13 dB when the control is set to maximum.


3GPP TS 26.131; 5.2.2.
30.15.3
Test purpose

1)
To verify that the nominal Receiving Loudness Rating (RLR) is 2 +/- 3 dB.

2)
To verify that if a user controlled receive volume control is provided the Receive Loudness Rating (RLR) is not less than ‑13 dB when the control is set to maximum.

30.15.4
Method of test

30.15.4.1
Initial conditions

When measured at the DAI:

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A".

When measured at the output of the reference speech decoder of the SS:

A full rate speech call is set up between the MS and the SS.

30.15.4.2
Procedure

When measured at the DAI:

a)
The receiving sensitivity is measured at each of the 14 frequencies listed in table 2 of ITU-T Recommendation P.79, bands 4 to 17.

b)
The sensitivity is expressed in terms of dBPa/V and the RLR is calculated according to ITU-T Recommendation P.79 formula 4.19 c, over bands 4 to 17, using the receiving weighting factors from table 2 of ITU-T Recommendation P.79, adjusted according to table 3 of ITU-T Recommendation P.79.

c)
The artificial ear sensitivity must be corrected according to the real ear correction of table 4 of ITU-T Recommendation P.79.

NOTE:
The values of real ear correction in ITU-T Recommendation P.79 table 4 were derived for one type of handset conforming to the shape defined in ITU-T Recommendation P.35.


These values are used in this EN because there is no measurement method agreed for the real ear correction. If a method of measurement is agreed, it is intended to change this EN to use the values appropriate to each handset.

When measured from the input of the reference speech encoder of the SS:

The test shall be performed according to the test specification as described in 3GPP TS 26,132


30.15.5
Test requirement

If no user controlled receive volume control is provided, the RLR shall be 2 +/- 3 dB.

If a user controlled receive volume control is provided, the RLR shall meet this nominal value for (at least) one setting of the receive volume control.

When the receive volume control is set to maximum the RLR shall not be less than (i.e. louder than) ‑13 dB.

30.16
Side Tone Masking Rating (STMR)

30.16.1
Definition and applicability

The sidetone loudness ratings are a means of expressing the path loss from the artificial mouth to the artificial ear based on objective single tone measurements in a way that relates to how a speaker will perceive his own voice when speaking (talker sidetone, expressed by the sidetone masking rating - STMR), or how a listener will perceive the background noise picked up by the microphone (listener sidetone rating - LSTR). 

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 or later handset MS supporting speech except dual mode GSM/3GPP handsets.

30.16.2
Conformance requirement

The conformance requirement is specified in 3GPP TS 26.131



30.16.3
Test purpose

To verify that the requirement for STMR stated in TS 26.131 is met


30.16.4
Method of test

The method of test shall be as specified in 3GPP TS 26.132










30.16.5
Test requirement

The STMR shall be within the limits specified in 3GPP TS 26.131



30.17
Telephone Acoustic coupling Loss (TAL)

30.17.1
Echo Loss (EL)

30.17.1.1
Definition and applicability

The echo loss is the path loss from the input of the reference speech encoder of the SS to the output of the reference speech decoder of the SS.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 ord later handset MS supporting speech except dual mode GSM/3GPP handsets.

30.17.1.2
Conformance requirement


The echo loss from the input to the output of the reference speech codec in the SS shall be as specified in 3GPP TS 26.131

30.17.1.3
Test purpose

To verify that the echo loss from the input to the output of the reference speech codec in the SS is as specified in 3GPP TS 26.131
30.17.1.4
Method of test

The method of test shall be as specified in 3GPP TS 26.132











30.17.1.5
Test requirement

The echo loss from the input to the output of the reference speech codec in the SS shall be as specified in 3GPP TS 26.131
30.17.2
Stability margin

30.17.2.1
Definition and applicability

The receive-transmit stability margin is a measure of the gain that would have to be inserted between the go and return paths of the reference speech coder in the SS for oscillation to occur.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 or later handset MS supporting speech except dual mode GSM/3GPP handsets.

30.17.2.2
Conformance requirement


The stability margin shall be as specified in 3GPP TS 26.131.


.

30.17.2.3
Test purpose

To verify that the stability margin is as specified in 3GPP TS 26.131.
30.17.2.4
Method of test

The method of test shall be as specified in 3GPP TS 26.132








30.17.2.5
Test requirement

The minimum stability margin shall be as specified in 3GPP TS 26.131.

30.18
Sending Distortion

30.18.1
Definition and applicability

The transmit signal to total distortion ratio is a measure of the linearity of the transmitter equipment.

The requirements and this test apply to all types of GSM 400, GSM 900, DCS 1 800 and PCS 1900 release 4 or later handset MS supporting speech except dual mode GSM/3GPP handsets.

30.18.2
Conformance requirement


The ratio of signal to total distortion power in the sending direction measured with a psophometric filter at the DAI of the MS or at the output of the reference speech decoder of the SS shall be above the limits given in GSM 03.50; 3.9.1, table 3, unless the sound pressure at MRP exceeds +10 dBPa.


GSM 03.50; 3.9.1.

30.18.3
Test purpose

To verify that the ratio of signal to total distortion power in the sending direction measured with psophometric filter is above the limits given in GSM 03.50; 3.9.1, table 3.

30.18.4
Method of test

30.18.4.1
Initial conditions

The handset is mounted in the LRGP (see annex 1 of ITU-T P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to ITU-T P.51.

When measured at the DAI:

The DAI of the MS is connected to the SS and is set to the operating mode "Test of acoustic devices and A/D & D/A ".

When measured at the output of the reference speech decoder of the SS:

A full rate speech call is set up between the MS and the SS.

30.18.4.2
Procedure
When measured at the DAI
a)
A sine-wave signal with a frequency in the range 1004 Hz to 1025 Hz is applied to the MRP. The level of this signal is adjusted until the level at the DAI output (pin 23) of the MS or at the analogue or digital output of the reference speech decoder of the SS corresponds to ‑10 dBm0. The level of the signal at the MRP is then the acoustic reference level (ARL).

b)
The test signal is applied at the following levels: ‑35, ‑30, ‑25, ‑20, ‑15, ‑10, ‑5, 0, 5, 10 dB relative to the ARL.

c)
The ratio of signal to total distortion power is measured at the DAI of the MS with the psophometric noise weighting (see ITU-T G.714 and O.132) at each signal level.
When measured at the output of the reference speech decoder of the SS:

The test shall be performed according to the test specification as described in 3GPP TS 26.132
NOTE:
The measurement is not to be carried out at sound pressures exceeding +10 dBPa.

30.18.5
Test requirement

The ratio of signal to total distortion power measured with the psophometric noise weighting (see table 4/ITU-T G.223) shall be above the limits given in table 30.3.

Table 30.3

dB relative to ARL
Level ratio

‑35 dB
17,5 dB

‑30 dB
22,5 dB

‑20 dB
30,7 dB

‑10 dB
33,3 dB

0 dB
33,7 dB

7 dB
31,7 dB

10 dB
25,5 dB


Limits for the signal to total distortion ratio (sending) when using the sine wave method.


Limits for intermediate levels are found by drawing a straight line between breaking points in a linear (dB signal level) vs linear (dB ratio) scale.

30.19
Ambient Noise Rejection

30.19.1
Definition and Applicability

An MS that supports speech will typically be operated within an area of high ambient acoustic noise. A level of noise rejection will therefore be required.

The requirements and this test apply to all types of GSM 400, GSM900, DCS1800 and PCS 1900 release 4 or later handset supporting full rate speech except dual mode GSM/3GPP handsets.

30.19.2
Conformance Requirement

The conformance requirement shall be as specified in TS 26.131









30.19.3
Test Purpose

To verify that ambient noise rejection is conforming to the specification in 3GPP TS 26.131.
30.19.4
Method of Test

The test method shall be as specified in 3GPP TS 26.132




















30.19.5
Test Requirement

The MS ambient noise rejection shall be as specified in 3GPP TS 26.132
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