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1.
Introduction

Issues with idle channel noise measurements were discussed in S4-110248, presented in #63 meeting in Sanya. It was agreed to make more investigations and the present document provides an update on the matter.
The codec behaviour for very low input signals was examined using an offline codec tool and a case study of one lab test setup was also made. The purpose was to quantify the approximate level of noise present at the output of the speech decoder in the terminal during a receiving idle channel noise measurement. The level can however vary from lab to lab.
For clarity, some parts of the S4-110248 introduction are also reproduced here:

The TS 26.131 / TS 26.132 idle noise test cases 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.
Offline encoding-decoding
In order to examine the codec behaviour for very low input signals, a 912 Hz (arbitrarily selected frequency) tone was encoded/decoded with an offline tool using 3GPP compliant codecs. The purpose was to study the behaviour with low-input signals. The tool had 16 bits input and 16 bits output. Full-scale of the codec corresponded to full-scale of the files. Hence the three (NB) and two (WB) least significant bits were zeros in the decoder output. However, we can see from the results that the encoder input used all 16 bits at the input.
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Figure 1 Narrow-band, -20, -76, -86, -96 dBFS
, silence (zeros), one second (8000 samples) each. Original PCM (top), AMR-NB 12.2 kbps encoded/decoded (bottom).
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Figure 2 Zoomed-in narrow-band, -20, -76, -86, -96 dBFS, silence (zeros). Original PCM (top), AMR-NB 12.2 kbps encoded/decoded (bottom). Note that only the completely silent input produced a completely silent output. The other low inputs produced a noisy signal toggling bit no 13 with an overall un-weighted level of -83 dBFS for the -96 dBFS input.
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Figure 3 Wide-band -20, -76, -86, -96 dBFS, silence (zeros), one second (16000 samples) each. Original PCM (top), AMR-WB 12.65 kbps encoded/decoded (bottom).
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Figure 4 Zoomed-in wide-band, -20, -76, -86, -96 dBFS, silence (zeros). Original PCM (top), AMR-WB 12.65 kbps encoded/decoded (bottom). Note that not even a silent input produced a completely silent output. The other low inputs produced a noisy signal toggling bit no 12 (occasionally), 13 and 14 with an overall un-weighted level of -80 dBFS for the -96 dBFS input.
3.
Case study of one lab scenario - measurements with a system simulator and a terminal

A terminal was connected to a system simulator with analogue connection to a test system. The packets received by the decoder of the terminal were probed and decoded offline. Three cases were studied:

1) Normal. Test system connected to the system simulator. A signal was first applied at nominal level to verify the calibration of the chain. The measurement was made without applying any specific signal. Only the idle noise of the test system and system simulator was present.
2) System simulator input short-circuited. Only the idle noise of the system simulator was present.
3) Loop-back mode with muted microphone. This created perfect silence in the sending part of the mobile which was looped back to the terminal receiving side inside the system simulator.
The results were ~-81 dBFS for both NB and WB, close to the values in the offline processing cases. For cases 1 and 2 there was always an idle noise at the output of the decoder, resulting from the minor noise signal that was presumably sent to the encoder of the system simulator. It was not possible to get “total silence” from the decoder.
For case 3, total silence was present in the NB case while a noise was present in the WB case, as in the offline processing case.

4.
Conclusions
Receiving idle channel noise can, as TS 26.131/132 is specified today, NOT be measured as originally intended in the DAI times (blocked signal from the system simulator).
A noise will in practise always be present unless

1) a digital connection is used to the system simulator and all zeroes can be guaranteed (works only for NB)
2) the system simulator mutes the signal to the terminal. In this case activation signals cannot be used (works only for NB)
3) the system simulator has other means to send “all zeroes” to the encoder (works only for NB)
So, even these solutions solve only the NB case. The codec noise will be present in the WB case unless we find another solution to make sure the decoder sends all zeros.

This underlines the necessity to review/re-work this test case. As in S4-110248, we propose that we again 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?
In the Sanya meeting, it was suggested we keep the original scope, to measure only the terminal noise. This seems not to be practically possible at this point.

It might be better to put the terminal in a state that is typical for a real-life usage scenario, rather than putting effort into obtaining the originally intended very lab-specific state. We want to stimulate audio tuning for the benefit of the end user, but not for passing an “artificial” test case.
In a real-life scenario, a comfort noise is typically present from the network. Such noise has a function and the source believes the terminal should faithfully reproduce such noise on a suitable level. In this case, the terminal should be in an idle state or in a long speech pause.

Regardless of which route we take on this, it is proposed that TS 26.132 is updated to at least specify a maximum noise level generated by the test system + system simulator so the condition can be defined by playing a suitable noise file instead. As of today, it has been reported that the choice of cable between the test system and the system simulator can influence the test results. It seems reasonable to specify that the total noise contributed by the analogue side shall be equivalent to ~≤-83 dBm0 as this gives a 6 dB margin to the expected codec noise. However, this specification alone will not solve the issue with the codec noise; merely make sure there is no excessive noise induced by the test system (exceeding the codec noise).
Summarizing:

· Receiving idle channel noise can, as TS 26.131/132 is specified today, NOT be measured as originally intended in the DAI times (blocked signal from the system simulator).
· The magnitude of the issue can vary from lab to lab. TS 26.132 needs to be updated to address this.
· This measurement problem can result in bad trade-offs in terminal tuning.
· We recommend that the test case is redefined after agreeing on a new purpose with the test.






� Various definitions of dBFS exist; in the present document, 0 dBFS RMS level refers to the RMS level of a full-scale sinusoidal.
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