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1. Introduction
The work item RAOT [1] was initiated to define a maximum acoustic output in case of background noise conditions. In such conditions, devices may boost the receive signal to maintain a certain signal-to-noise-ratio (SNR), which may cause too loud level at the listener’s ear. Since there is no test described in TS 26.132 [2] for this scenario, appropriate measurements should be defined. 

2. Modified measurement
The most obvious method to cover this potential issue seems to measure the receive loudness rating (RLR) acc. to clause 8.2.2.2 of [2] under noisy conditions with maximum volume setting and check against the corresponding requirement of TS 26.131 (-13 dB).
For the noise simulation, a system according ETSI TS 103 224 [3] was chosen. As the noise signal, pub noise according to [3] was chosen. This noise is also available as a binaural version for background noise simulation systems according to ETSI ES 202 396-1, which could in general also be used for this new measurement.
The source signal in receive was modified according to Figure 1. The original signal of duration 35.4s was extended by initial 10.0s of silence, i.e. background noise-only in the recording.
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[bookmark: _Ref504743525]Figure 1: modified source signal according to 8.2.2.2 of [2]
Other conditioning sequences could be considered, which e.g., may contain also speech samples.
The measurements were conducted according to the description of section 8.2.2.2 (and/or 9.2.2.2, 10.2.2.2) of [2], i.e. using artificial head with no equalization and DRP/ERP correction. The proposed recording with the new source signal is carried out twice:
1. Downlink signal is muted, only noise is recorded by the artificial head.
2. Downlink signal is activated, speech and noise is recorded by the artificial head.

The start of the noise simulation playback is synchronized with the start of each measurement run.
RLR calculation is carried out only over the time range as described in [2] (10.4s-45.05s), i.e. discarding the initial conditioning sequence. For initial analysis, RLR can be directly calculated on the noisy signal. Due to the high speech level (maximum volume) and due to coverage of the ear, a SNR of >20 dB allows the direct calculation in this case.
In addition, another approach is evaluated as well: The first time signal (noise-only) is then subtracted from the second recording (speech + noise) in the time domain. Since the playback system provides a highly accurate synchronization, the per-sample subtraction result in a noise-compensated speech signal. This signal may contain possible signal degradations, volume increases or processing artefacts, which are triggered by the noise.
3. Results
Two commercially available DUTs were evaluated with the measurement setup described above, with an application force on 8N. In both terminals no near end signal enhancement was active. Therefore, the differences observed are due to the additional noise present but not due to any phone signal processing. Both terminals were operating in EVS-SWB mode at 24.4 kbit/s. However, since testing of RLR still is based on WB methodology and analysis, comparable results can be obtained in WB, SWB or FB mode.
The analysis results for DUT1 and DUT2 are shown in Figure 2 and Figure 3. The results mainly differ in the low frequency range (100-200Hz); here the residual noise contributes more to the transfer function.
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[bookmark: _Ref504748445]Figure 2: RLR analysis results for DUT1
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[bookmark: _Ref504748447]Figure 3: RLR analysis results for DUT2


In addition, several other application forces and volume settings were measured. The resulting RLR values as well as the differences to the silent condition are provided in Table 1. The results of Figure 2 and Figure 3 are marked in bold font.
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	RLR [dB] calculated on…
	Absolute Errors [dB]

	DUT
	Application Force
	Volume
	Silence
	Noisy
	Compensated
	Error Noisy
	Error Compensated

	DUT1
	2N
	MAX
	-1.90
	-3.59
	-1.91
	1.69
	0.01

	
	8N
	MAX
	-7.73
	-8.33
	-7.69
	0.60
	0.04

	
	13N
	MAX
	-8.23
	-8.80
	-8.21
	0.57
	0.02

	
	8N
	NOM
	2.71
	-0.87
	2.69
	3.58
	0.02

	DUT2
	2N
	MAX
	-6.64
	-7.49
	-6.65
	0.85
	0.01

	
	8N
	MAX
	-11.56
	-11.89
	-11.51
	0.33
	0.05

	
	13N
	MAX
	-13.40
	-13.65
	-13.38
	0.25
	0.02

	
	8N
	NOM
	0.44
	-2.28
	0.48
	2.72
	0.04



In general it can be observed that calculating the RLR on the noisy signal provides values close to the one measured in silence condition (since the devices behave identical in noise and in silence). The error observed for these terminals (8N, max. volume setting) is in the range of < 0.6 dB, while the error for the proposed noise compensation method remains below 0.05 dB.

4. Conclusion
The calculation of RLR based on the noisy recording in general provides a good estimate for the behavior under noisy conditions. However, errors up to 0.6 dB may provide a higher risk for test failure, especially for louder phones.
The proposed method of time-synchronous noise compensating obtains also stable results for other scenarios (different application forces and volume settings) and seems to be more robust in general. The method has the inherent advantage that any RLR calculation is purely based on the receive signal itself regardless which enhancement technology is used and almost regardless of the signal to noise ratio at the receive side. The test in any event will properly activate any potential near end listing enhancement technology since the background noise is present during the actual test. The method should be considered for a possible update of [2].
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