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1. Introduction

Acoustic design constraints for narrowband and wideband terminals are specified in 3GPP TS 26.131 and TS 26.132. A work item has been launched in SA4 to analyze these specifications and ensure that end users perceive genuine wideband quality when migrating from narrowband to wideband telephony.
At SA4#48 discussions on this work item started. In particular, the SA4#48 SQ SWG collected comments on the input contribution [1]. These comments appear in the form of Editor's Notes in [2,3].
The present document provides some answers to the comments collected in [2,3] and gives additional justifications for the segmentation of acoustic requirements proposed in [1] 
2. Responses to comments
Responses to comments on the proposals from [1] are given in Appendix (see next pages).

3. Justification for segmentation of requirements
Minimum "standard" requirements cannot ensure sufficient quality for all types of terminals with some risk that customers be unsatisfied by the switch from narrowband to wideband. On the other hand acoustic requirements that can be achieved for some types of terminals could be almost impossible to reach for other types of terminals and especially very small ones because of their physical limits. 
The segmentation of requirements into "standard" and "improved" ensures there will be in very short-term wideband terminals compliant to the "standard" class and that all terminals, whatever their design and physical constraints, can achieve sufficient wideband quality from customer perspective. In the same time it opens the way to having new terminals compliant to the "improved" class with genuine wideband quality to maximize the chances of success and customer satisfaction for new mobile wideband telephony services 
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Responses to Editor’s Notes in Draft updated 26.131 [2] during SA4#48 (see text underlined in grey)
6.2
Overall loss/loudness ratings

Editor's note (comment): The intention is to make the loudness larger. Why that? 

There is no change for handset loudness ratings (except correction of an error for RLR). For handsfree, value proposed are corresponding to subjective requirements of customers (mainly corresponding to handheld handsfree)
6.2.4 Connections with handheld hands-free UE

Editor's note (comments):

 - There are RLR for NB, increasing the bandwidth means the loudness can be reduced by 3 dB

- This is similar to RLR min for handset mode. So why not specifiy it? With a calculation of RLR using 20 bands instead of 14 bands for NB value of RLR has to be identical between NB and WB.

- The actual levels 10 and 6 dB seems very low, meaning we may need significantly larger tranducers than today. 15 dB for standard and 10 dB for improved may be more reasonable. : to be discussed
6.4.2
Handset and headset UE receiving

The sensitivity/frequency characteristics shall be as follows:

The receiving sensitivity frequency response, measured either from the digital interface to the DRP of HATS with a diffuse field correction as given in P 58 (table 3) or from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the DRP of HATS with a diffuse field correction, shall be within a mask, which can be drawn with straight lines between the breaking points in table 10 on a logarithmic (frequency) - linear (dB sensitivity) scale. 

Editor's note (comment):

· "Standard" values almost same as the previous version

· Improved reqs may be impossible to reach due to the mask interval of  8 dB : to be discussed
Editor's note (comment): In a car, is the engine noise enabling good quality? It is not uncompatible (we just have to think to increasing quality of audio systems in cars, furthermore cars are becoming less noisy)
The receiving sensitivity frequency response from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the DRP with free field correction (in case of use of HATS) or to the output of measuring microphone (in case of use of free-field microphone) shall be as follows:

The receiving sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 12 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 12: Hands-free receiving sensitivity/frequency response

	Frequency (Hz)
	Upper limit for standard
	Lower limit for standard
	Upper limit for improved
	Lower limit for improved

	100
	0
	
	0
	

	200
	0
	
	0
	-18

	250
	0
	
	0
	-15

	315
	0
	‑15
	0
	‑12

	400
	0
	‑12
	0
	‑12

	500
	0
	‑12
	0
	‑12

	630
	0
	‑12
	0
	‑12

	800
	0
	‑12
	0
	‑12

	1 000
	0
	‑12
	0
	‑12

	1 300
	0
	‑12
	0
	‑12

	1 600
	0
	‑12
	0
	‑12

	2 000
	0
	‑12
	0
	‑12

	2 500
	0
	‑12
	0
	‑12

	6 300
	0
	-12
	0
	-12

	8 000
	0
	
	0
	


NOTE:
All sensitivity values are expressed in dB on an arbitrary scale.

Editor's note (comment):

- These requirements might be difficult to reach.

- The "improved" requirements put the cutoff frequency to the low end and it may be difficult to reach for a mobile device. For a desktop or a car system, size of speaker can be bigger.

6.4.6
Handheld hands-free UE receiving

Editor's note (comment):

- The lower limit changes in "improved" would requires 4 times the size of current tranducer. Can be reached by using a specific speaker for handsfree (and not the receiver)

- Improved reqs: It may be difficult to maintain this kind of flat curve over the small portable type of product. Maybe too stringent for mobile devices. To be discussed
6.5.2
Sidetone delay

Editor's note (comment): Do we have test results about sidetone delay? In most cases, this value is not a problem. This requirement is only for preventing from bad implementation.
6.7.2
Acoustic echo control in an Desktop and Vehicle-mounted hands-free UE

Editor's note: These TCLw figures have to be discussed. What is the impact of changes to TCLw? TCLw has to be rather high in order to ensure correct working for long delay networks. Measurement method has perhaps to be discussed.
6.8
Distortion 

Editor's note: Multitone with amplitude modulation may be preferred and closer to speech. To be discussed in 132
6.8.1
Sending Distortion

Editor's note (comment): remove sentence " unless the sound pressure at MRP exceeds +10 dBPa " OK
6.8.2
Receiving

Editor's note: The proposed rquirements below 800 Hz may be difficult to meet for portable mobile products.  To be discussed
6.10
Handsfree specific measurement

Editor's note:

 -Proposal to remove this section. There are no exact results. It is better not to have them in the standard.

- Proposed for handsfree which are not duplex.

- This might compromise the performance of the acoustic echo controller. To fulifull this double-talk keep turn into performance of acoustic echo control.
To be discussed
Responses to Editor’s Notes in Draft updated 26.132 [3] during SA4#48 (see text underlined in grey)

8.1.a.1.
Setup for handsets and headsets

Editor's note: exact calibration and equalization tbc (is P.581 for handsfree only or not?) P 581 is only for handsfree
8.1.a.3
Test signal levels

8.1.a.3.1
Sending

Editor's note: Diffuse-field not yet accepted, ERP reference points may be preferred. Important point for 131
8.2.2
Connections with handset UE
Editor's note: Change from Annex G to Annex A of P.79 tbc. A is for Narrowband & wideband, G is for wideband. Annex G is preferred by some companies. Check applicability for Annex A/G. ITU-T has recommended to use Annex A (table A2) instead of  Annex G (table G1)
8.5.4 Sidetone delay for handset or headset

Editor's note: Another method could be considered, e.g. sine bursts as in CDMA200 testing Inputs are waited
8.8.1
Sending Distortion

The handset, headset, or hands-free UE is setup as described in clause 8.1.a.

Editor's note: Some amplitude modulated tones may be used and may be more friendly for the codec. For single sinusoids the performance may be too affected by the codec. Suggestion: not to use submultiple of the sampling frequency OK : inputs are waited
8.8.2
Receiving

The handset, headset, or hands-free UE is setup as described in clause 8.1.a.
Editor's note: Same comment as for Sending Distortion : idem
8.10.2
Switching characteristics 

Editor's note: Why switching characteristics only for handsfree? In VoIP standard (ES 202 737 and ES 202 739, same test is applied to handsets.



