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Action/Decision Requested:
TC STQ has considered the Change request under discussion in 3GPP SA4, concerning sidetone measurements.
This reply aims to justify the use of types 3.3 and 3.4 artificial ears and the need to keep requirements and test methods for sidetone in the terminals standards.

Type 3.3 and 3.4 have been developed for new types of handsets, with lower acoustic impedance and for which it is impossible to have a perfect sealing when using eg types 1/3.2 artificial ear. The use of types 3.3 and 3.4 have also the advantage to produce test results rather similar to those obtained on the real human ear.

Tests have been done in different laboratories on the use of types 3.3 and 3.4 artificial ears for Sidetone testings, and in particular the possible effects of the leakages on the results. It appears that the effect of the leakages can be evaluated as a value higher than 20 dB, and currently between 21dB and 24dB, depending on the shape of the earphone and of the pressure of the earphone against the artificial ear.
As complementary information, ANSI/TIA 810-B, section 6.2.5 states that in practice Sidetone measurements in the high leak position (at the 3.3 artificial ear) are limited to the value of approximately 24dB by the influence of the test set-up (HATS, RTP). 

Due to signal processing in modern terminals sidetone is always delayed. If STMR requirements are not met delayed sidetone will be very annoying for the user.

As the sidetone nominal requirement is lower than the maximum effect of the leakages on the measurement result, the STMR value for the terminal under test will be less affected by the leakages of the artificial ear.

So, TC STQ recommend the use of types 3.3 or 3.4 artificial ears and does not see any reason to delete the sidetone testing with these artificial ears.

Some rewording of the requirements and test methods is needed to take into account these effects. TC STQ will be pleased to collaborate to update the relevant sections. 
For information, TC STQ has recently approved and will send for Member Voting four standards on VOIP terminals. The complete list of the four documents follows:

· ES 202 740 Speech Processing, Transmission and Quality Aspects (STQ); Transmission requirements for narrowband VoIP terminals and gateways from a QoS perspective as perceived by the user

· ES 202 739 Speech Processing, Transmission and Quality Aspects (STQ); Transmission requirements for wideband VoIP teminals from a QoS perspective as perceived by the user

· ES 202 738 Speech Processing, Transmission and Quality Aspects (STQ); Transmission Requirements for Wideband VoIP Loudspeaking and Handsfree Terminals from a QoS Perspective as Perceived by the User

· ES 202 737 Speech Processing, Transmission and Quality Aspects (STQ); Transmission requirements for narrowband VoIP loudspeaking and handsfree terminals from a QoS perspective as perceived by the user
Please find below an extract from ES 202 740 on requirements on sidetone.
Two of these documents concern wideband speech terminals, and TC STQ will be pleased to collaborate with 3GPP SA4 on this topic.
7.2.8
Sidetone Masking Rating STMR (Mouth to ear)

Requirement

The STMR shall be 16 dB ± 4 dB for nominal setting of the volume control.

For all other positions of the volume control, the STMR must not be below 8 dB.

Note:
It is preferable to have a constant STMR independent of the volume control setting.

Measurement Method

The test signal to be used for the measurements shall be the artificial voice according to ITU-T Recommendation P.50 [17].  The spectrum of the acoustic signal produced by the artificial mouth is calibrated under free field conditions at the MRP. The test signal level shall be -4,7 dBPa, measured at the MRP. The test signal level is averaged over the complete test signal sequence.

The handset or headset terminal is setup as described in clause X. The handset is mounted in the HATS position (see ITU-T Recommendation P.64 [22]) and the application force shall be 13N on the artificial ear 3.3 or 3.4.

Where a user operated volume control is provided, the measurements shall be carried out at the nominal setting.of the volume control.  In addition the measurement is repeated at the maximum volume control setting.

Measurements shall be made at one twelfth-octave intervals as given by the R.40 series of preferred numbers in ISO 3 [31] for frequencies from 100 Hz to 8 kHz inclusive. For the calculation the averaged measured level at each frequency band (ITU-T Recommendation P.79 [23], table 4, bands 1 to 20) is referred to the averaged test signal level measured in each frequency band.

The Sidetone path loss (LmeST), as expressed in dB, and the SideTone Masking Rate (STMR) (in dB) shall be calculated from the formula 5-1 of ITU-T Recommendation P.79 [23], using m = 0.225 and the weighting factors of in table 3 of ITU-T Recommendation P.79 [23]. 

7.2.9
Sidetone delay

Requirement

The maximum sidetone-round-trip delay shall be ≤ 5 ms., measured in an echofree setup.

Measurement Method

The handset or headset terminal is setup as described in clause X. The handset is mounted in the HATS position (see ITU-T Recommendation P.64 [22]).

The test signal is a CS-signal complying with ITU-T Recommendation P.501 [26] using a pn sequence with a length of 4096 points (for the 48 kHz sampling rate) which equals to the period T. The duration of the complete test signal is as specified in ITU-T Recommendation P.501. 

The cross-correlation function (xy(() between the input signal Sx(t) generated by the test system in send direction and the output signal Sy(t) measured at the artificial ear is calculated in the time domain:
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The measurement window T shall be exactly identical with the time period T of the test signal, the measuerement window is positioned to the pn-sequence of the test signal.

The sidetone delay is calculated from the envelope E(() of the cross-correlation function (xy((). The first maximum of the envelope function occurs in correspondence with the direct sound produced by the artificial mouth, the second one occurs with a possible delayed sidetone signal. The difference between the two maxima corresponds to the sidetone delay. The envelope E(() is calculated by the Hilbert transformation H {xy(()} of the cross-correlation:
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It is assumed that the measured sidetone delay is less than T/2. 
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