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1. Introduction

SA4 is currently working on the analysis and update of TS 26.131 and 26.132 in the scope of the Release 8 work item "Requirements and test methods for wideband terminals" [1].

As summarized in [2,3] the following agreement on sidetone delay was reached at SA4#49:

"It was agreed to recommend a maximum sidetone delay measured in an echo-free setup. The recommended delay value is still to be discussed. This depends in particular on the test method."
"There are currently two proposed methods for sidetone delay measurement."

In this contribution, we make two proposals: a recommended value for sidetone delay (10 ms) and the inclusion of the two measurement methods identified so far (one being described in Annex of TS 26.132). 
2. Proposals
2.1. Necessity of sidetone delay measurement: setting a value for performance objective
If we refer to ETSI ETR 250 “Transmission and Multiplexing (TM); Speech communication quality from mouth to ear for 3,1 kHz handset telephony across networks” we can find the following information:

Sect. 6.1.2 
The human speech and hearing parameter:

The main effect when using two ears is that the brain can detect even small time differences between the sound signals reaching the two ears, even down to 1 ms. This ability allows a person (to a certain extent) to concentrate his listening to a specific direction. This fact lies behind the so‑called "cocktail party effect", i.e. the possibility to concentrate on one talker even in a noisy surrounding crowd. It may also explain why a "delayed sidetone" via the handset sounds unfamiliar and peculiar to a talker because the "free ear" is reached directly by the talker's voice (see subclause 6.4.7).
6.4.7
A comparison between talker sidetone and talker echo:

If the sidetone is delayed longer than about 2 ms mean one‑way (i.e. 4 ms round‑trip), it begins to be interpreted as a talker echo, even though it may not be perceived as a distinct echo. Low STMR values then result in noticeable speech quality impairments. As an example see figures 62 and 63.

Those two quotes explain clearly the reason why a rather severe requirement for sidetone delay would be necessary even if psycho acoustics generally gives a lower limit for perception of delay of 10 ms.
In SA4 the agreement is to specify a performance objective on sidetone delay in TS 26.131. In this context and given the available background on talker sidetone/echo perception (incl. ETSI TR 250), the authors believe that it is reasonable to set the missing value for sidetone delay performance objective to 10 ms (which is a kind of lower limit for perception of delay).

This value of 10 ms might not be sufficient to prevent sidetone delay from being noticed as echo, but it provides a meaningful guideline and performance objective.
2.2. Sidetone delay: Test methods
Some discussion took place at SA4#49 about the choice of method(s) for measurement of sidetone delay. Two different methods have been proposed so far [4].

The authors believe that it is perfectly acceptable to include both methods in the same standard (TS 26.132). We can give as an example the ETSI TBR 8 “Integrated Services Digital Network (ISDN); Telephony 3,1 kHz teleservice; Attachment requirements for handset terminals” which proposes two methods for measuring delay:
Section A.2.9
Delay

The handset is mounted at the LRGP. The earpiece is sealed to the knife-edge of the artificial ear. The delay (D) in send and receive direction shall be measured separately from MRP to digital interface (Ds) and from digital interface to ERP (Dr).

The delay shall be measured alternatively:

a)
by the cross-correlation method as described in annex D;

b)
by the method based on group delay as described in the following.

The choice of the test method shall be based on mutual agreement between the test house and the apparatus supplier.

Similarly, we propose to include the two methods identified so far by SA4 for measuring sidetone delay. A draft description to be included in TS 16.132 is proposed in Annex of the present document.
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Annex: Proposed text on sidetone delay test methods (to be included in TS 26.132)

8.5.4 Sidetone delay for handset or headset

The handset or the headset terminal is setup as described in clause 5.5.1. The handset is mounted in the HATS position (see ITU-T Recommendation P.64 [18]).

The sidetone delay shall be measured alternatively:

a)
by the cross-correlation method as described in annex B;

b)
by the method based on group delay as described in the following.

The choice of the test method shall be based on mutual agreement between the test house and the apparatus supplier.

The test signal is a rectangular impulse which is digitally generated with an impulse width of 1/48000 second. This impulse is converted to an analog voltage with a bandwidth limitation to 22 kHz. The impulse may be repeated with sufficient time distance. To avoid adaptation of potential noise reduction algorithms, the repetition should not be periodic but with randomly varied time distance.

The peak voltage of the impulse at the artificial mouth corresponds to approximately 10 Pa when calculated with the mouth sensitivity at 1 kHz. However, the rectangular voltage impulse is applied to the artificial mouth without equalization of the mouth response.

The signal from the artificial mouth is acquired as absolute peak over time with an aperture of 0.21 ms (10/48000 seconds). The origin of the time axis is set to the start of the impulse at the electric input of the artificial mouth. A high pass filter may be applied to suppress low frequency noise. However, such a high pass filter must be applied to the signal from the artificial ear and to the trigger signal from the electric input to the artificial mouth at the same time.

Several curves acquired in the way described above may be averaged in order to reduce the influence of noise.

The following algorithm shall be used to obtain a value for the sidetone delay:

a) The first relative maximum is searched in the first 2 ms, and the level and time of this peak is noted.

b) Starting from the maximum investigated delay time (e.g. 200 ms or 500 ms) going downwards to 8 ms, the first local maximum in the curve is searched which has a level difference of more than a certain value (e.g. >20 dB) to the last preceding minimum. This is to define a kind of minimum S/N for the found delayed component. If such a maximum is found, the sidetone delay is defined as the time difference between the time of the maximum found in b and the time of the maximum found in a. (Alternatively the value found in b may be taken as result without subtraction of the value from step a). 

c) If no maximum is found in step b, the first 8 ms are searched for the last occurring maximum which is higher in level as the one found in step a. If such a maximum is found, the sidetone delay is defined as the time difference between the time of the maximum found in c and the time of the maximum found in a.

d) If no maximum is found neither in step b nor in step c, the sidetone delay is defined to be < 8 ms.

Annex B (normative):
Alternative test method for sidetone delay measurement

The test signal is a CS-signal complying with ITU-T Recommendation P.501 [22] using a pn sequence with a length of 4 096 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 [22]. The level of the signal shall be -4,7 dBPa at the MRP.
The cross-correlation function 
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 generated by the test system in send direction and the output signal 
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 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 measurement window is positioned to the pn-sequence of the test signal.

The sidetone delay is calculated from the envelope 
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 of the cross-correlation function 
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. 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 
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 is calculated by the Hilbert transformation 
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 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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