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1. 
Introduction

The present document discusses 3GPP idle noise tests in general, focusing mainly on receiving direction. It can also be seen as a comment to some proposals in S4-110204.

The TS 26.131 / TS 26.132 idle noise test cases in for handset/headset have some fundamental problems. Simply put, the test cases in receiving direction, are no longer made under truly “idle channel” conditions. To describe this, a simplified example block diagram is depicted in Figure 1.
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Figure 1 Simplified example block diagram pointing out the formerly specified digital audio interface (DAI). When the original requirement was formulated, the DAI was specified to be clamped to silence (digital “value 1”).
The original receiving idle channel noise measurement was designed to measure only noise contributors “downstream” of the digital audio interface, in practice mainly DAC noise and analog noise from amplifiers and from the microphone path (via the sidetone path), see green parts in the figure. The DAI was clamped to silence by writing “value 1” during the measurement.
2. 
Evolution of the test case
Any noise coming from the “line” was considered not to be within the scope of the test case, hence the “value 1 silence” described above. In fact, it can be argued that noise coming from the line is appropriate to reproduce and the resulting noise can in some cases be seen as informative and not as a problem of the terminal.
When the test was migrated to the air interface method, instead of the DAI, the silence at the DAI point could no longer be controlled but it was attempted to be replaced by stating “when no signal is applied to the input of the SS”. The idea was that “no input” would produce silence at the DAI. However, in case the system simulator generated some noise, there was no longer silence at the DAI point. Thus the measurement was now a mix of the original terminal noise and the reproduction of the noise coming from the line.

In order to still be compliant, engineers could either reduce the sensitivity of the complete receiving path by lowering a gain or applying a dynamics processing block, such as an expander or a noise gate, or applying a noise suppression algorithm on the receiving path. However, such processing was then not necessarily motivated by the user experience, but by an attempt to pass a test case that was no longer appropriately specified. Negative effects from such processing might occur, why the test case might be counterproductive in terms of perceived quality.
If we now mandate, as proposed in S4-110204, activation signals for idle noise measurements, it is an attempt to make sure any expander or noise gate is fully open during the measurement, thus we are back to a case where we are measuring also the “line” noise, which was not originally intended.

3. 
Calculations

In case we assume a terminal is tuned for maximum allowed receiving sensitivity, RLR -13 dB, we can with some assumptions assess the validity of the present limits.

RLR -13 dB, assuming, for NB, a flat frequency response from 200-4 kHz, means the sensitivity is ~23 dBPa/V. The present idle noise handset/headset requirement for maximum volume control setting is -54 dBPa(A). Thus any signal at POI must, for a terminal with a linear path, be below -54 -23 = -77 dBV, which corresponds to ~-75 dBm0, which is ~78 dB below full scale (or “maximum load capacity of 3.14 dBm0”). This is equivalent to the noise floor commonly associated with a linear 13-bit system. It cannot be expected that a performance exceeding 13-bit dynamic range can be obtained in a terminal with speech codecs (such as AMR-NB) operating with 13 bits on the input!
4. 
Conclusions

It can be concluded:

1) The requirement is in theory almost impossible to meet with a linear path of the highest allowed sensitivity since we have speech codecs (AMR-NB with 13 bits input) which input data dynamic range is equal to the range associated with the pass/fail criterion in combination with RLR = -13 dB.
2) Any noise possibly induced by the system simulator will in practice make things even worse. 
3) The work-around of applying a noise gate is not necessarily desirable.

4) The work-around of applying a noise gate is attempted to be counteracted with an activation signal. This does not make sense in combination with 1) and 2). Moreover, we are then trying to test a non-idle condition!
5) Even if some non-linear processing can be successfully used for various purposes, it is advisable not to implicitly and unintentionally demand such processing. It would in any case not be an easy nor desirable task to specify its ideal performance within the scope of TS 26.131 and TS 26.132.

We propose that we first discuss the goal with the test case:

1) Is it to measure only terminal noise (as in the original test case) or do we want to change the scope to measure the total noise (line + terminal) as in a live condition?

2) Is it the noise in idle condition (no speech) we are trying to assess or is it something different?

After clarifying the scope, the limits and/or test procedure are then adjusted so that the total result can enable and strive for a good user experience. We might even want to consider playing a typical line noise from the test system to simulate realistic conditions rather than pretending we are testing under true “idle channel” conditions. 
Mandating an activation signal to present specifications without reconsidering the test case as such is not a good way forward.

In any case, we need to put additional requirements on the test equipment (that were previously only implicit requirements):
“The test system and system simulator shall have a dynamic range exceeding that of the speech codec used. Thus, when playing silence from the test system (with or without preceding activation signal), the input to the reference speech encoder shall be complete silence for all used bits (13 bits for NB and 14 bits for WB). When decoding silence in the reference speech decoder, the noise induced by the system simulator and the test system shall be below the limitation of the speech codec used.”
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