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A
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Release 97



C
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X

Release 98
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Release 99









Reason for 
change:

GSM Phase 2 Echo Loss Test Case (30.6.1) specifies Artificial Voice according to ITU-T P.50 as test signal. Due to the high crest factor of artificial voice the rms level of the signal has to be reduced to about -20 dB relative to fullscale to prevent the codec from beeing overdriven by the signal peak amplitudes. Thus the rms level of the measured echo signal at a given echo loss value is also reduced and can be masked by the idle noise of the mobile phone system for the required 46 dB echo loss.
These problems have been discussed in different papers, presented to SMG by R&S:
TDoc SMG7 448/97, TDoc SMG11 SQ 26/98 and TDoc SMG11 42/98

The subtraction of the noise signal from the total echo plus noise measurement enhances the dynamic range of the measurement beyond the limitation by the noise floor and thus allows to determine the contribution of the echo signal.

Clauses affected:
30.6.1

Other specs
Other releases of same spec
X
(  List of CRs:
included in same Tdoc

Affected:
Other core specifications

(  List of CRs:



MS test specifications / TBRs

(  List of CRs:



BSS test specifications

(  List of CRs:



O&M specifications

(  List of CRs:


Other 
comments:
This change request was also sent as TDoc 7-99-268 to SMG7 #23

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 900 and DCS 1 800 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 CCITT P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to CCITT 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 CCITT 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 zero input signal is applied to the analogue or digital input of the reference speech encoder of the SS. The third octave power of the idle noise signal is measured without psophometric weighting at the analogue or digital output of the reference speech decoder of the SS.

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.

For every third octave band the idle noise power measured shall be subtraced from the power of the measured echo signal thus calculating a third octave noise corrected output power.

The difference between the third octave input power and the third octave noise corrected output power is entered into the CCITT 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.
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Reason for 
change:

GSM Phase 2 Echo Loss Test Case (30.6.1) specifies Artificial Voice according to ITU-T P.50 as test signal. Due to the high crest factor of artificial voice the rms level of the signal has to be reduced to about -20 dB relative to fullscale to prevent the codec from beeing overdriven by the signal peak amplitudes. Thus the rms level of the measured echo signal at a given echo loss value is also reduced and can be masked by the idle noise of the mobile phone system for the required 46 dB echo loss.
These problems have been discussed in different papers, presented to SMG by R&S:
TDoc SMG7 448/97, TDoc SMG11 SQ 26/98 and TDoc SMG11 42/98

The subtraction of the noise signal from the total echo plus noise measurement enhances the dynamic range of the measurement beyond the limitation by the noise floor and thus allows to determine the contribution of the echo signal.

Clauses affected:
30.6.1

Other specs
Other releases of same spec
X
(  List of CRs:
included in same Tdoc

Affected:
Other core specifications

(  List of CRs:



MS test specifications / TBRs

(  List of CRs:



BSS test specifications
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Other 
comments:
This change request was also sent as TDoc 7-99-268 to SMG7 #23

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 900 and DCS 1 800 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 CCITT P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to CCITT 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 CCITT 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 zero input signal is applied to the analogue or digital input of the reference speech encoder of the SS. The third octave power of the idle noise signal is measured without psophometric weighting at the analogue or digital output of the reference speech decoder of the SS.

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.

For every third octave band the idle noise power measured shall be subtraced from the power of the measured echo signal thus calculating a third octave noise corrected output power.

The difference between the third octave input power and the third octave noise corrected output power is entered into the CCITT G.122 TCL algorithm and the acoustic echo loss calculated.

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.

ETSI SMG11 #12
Tdoc  SMG11 310/99
St-Laurent-du-Var, France
18-22 October 1999



CHANGE REQUEST No :





Technical Specification GSM
11.10-1
Version:
6.1.0




Submitted to SMG
#30
for approval
X
Without presentation ("non-strategic")
X



for information

with presentation ("strategic")






Proposed change affects:
SIM

ME
X
Network


Work item:
Handset and headset test methods

Source:
Rohde & Schwarz
Date: 
1999-10-07

Subject:
Improvement of echo loss test method

Category: 
F
Correction

Release: 
Phase 2



A
Corresponds to a correction in an earlier release


Release 96



B
Addition of feature


Release 97
X


C
Functional modification of feature
X

Release 98



D
Editorial modification


Release 99









Reason for 
change:

GSM Phase 2 Echo Loss Test Case (30.6.1) specifies Artificial Voice according to ITU-T P.50 as test signal. Due to the high crest factor of artificial voice the rms level of the signal has to be reduced to about -20 dB relative to fullscale to prevent the codec from beeing overdriven by the signal peak amplitudes. Thus the rms level of the measured echo signal at a given echo loss value is also reduced and can be masked by the idle noise of the mobile phone system for the required 46 dB echo loss.
These problems have been discussed in different papers, presented to SMG by R&S:
TDoc SMG7 448/97, TDoc SMG11 SQ 26/98 and TDoc SMG11 42/98

The subtraction of the noise signal from the total echo plus noise measurement enhances the dynamic range of the measurement beyond the limitation by the noise floor and thus allows to determine the contribution of the echo signal.

Clauses affected:
30.6.1

Other specs
Other releases of same spec
X
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Included in same Tdoc

Affected:
Other core specifications

(  List of CRs:



MS test specifications / TBRs

(  List of CRs:
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Other 
comments:
This change request was also sent as TDoc 7-99-268 to SMG7 #23

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 900 and DCS 1 800 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 CCITT P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to CCITT 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 CCITT 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 zero input signal is applied to the analogue or digital input of the reference speech encoder of the SS. The third octave power of the idle noise signal is measured without psophometric weighting at the analogue or digital output of the reference speech decoder of the SS.

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.

For every third octave band the idle noise power measured shall be subtraced from the power of the measured echo signal thus calculating a third octave noise corrected output power.

The difference between the third octave input power and the third octave noise corrected output power is entered into the CCITT 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.
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Reason for 
change:

GSM Phase 2 Echo Loss Test Case (30.6.1) specifies Artificial Voice according to ITU-T P.50 as test signal. Due to the high crest factor of artificial voice the rms level of the signal has to be reduced to about -20 dB relative to fullscale to prevent the codec from beeing overdriven by the signal peak amplitudes. Thus the rms level of the measured echo signal at a given echo loss value is also reduced and can be masked by the idle noise of the mobile phone system for the required 46 dB echo loss.
These problems have been discussed in different papers, presented to SMG by R&S:
TDoc SMG7 448/97, TDoc SMG11 SQ 26/98 and TDoc SMG11 42/98

The subtraction of the noise signal from the total echo plus noise measurement enhances the dynamic range of the measurement beyond the limitation by the noise floor and thus allows to determine the contribution of the echo signal.

Clauses affected:


Other specs
Other releases of same spec
X
(  List of CRs:
included in same Tdoc

Affected:
Other core specifications

(  List of CRs:



MS test specifications / TBRs

(  List of CRs:



BSS test specifications

(  List of CRs:



O&M specifications

(  List of CRs:


Other 
comments:
This change request was also sent as TDoc 7-99-268 to SMG7 #23

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 900 and DCS 1 800 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 CCITT P.76) and the earpiece is sealed to the knife-edge of the artificial ear conforming to CCITT 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 CCITT 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 zero input signal is applied to the analogue or digital input of the reference speech encoder of the SS. The third octave power of the idle noise signal is measured without psophometric weighting at the analogue or digital output of the reference speech decoder of the SS.

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.

For every third octave band the idle noise power measured shall be subtraced from the power of the measured echo signal thus calculating a third octave noise corrected output power.

The difference between the third octave input power and the third octave noise corrected output power is entered into the CCITT 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.

