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4
Interfaces

4.1
Narrow-band telephony

The interfaces required to define terminal acoustic characteristics for narrow-band telephony are shown in figure 1. These are the air interface, the point of interconnect (POI), and a 13-bit uniform PCM interface (UPCMI).

The Air Interface is specified by the 3G 25 series specifications and is required to achieve user equipment (UE) transportability. Analogue measurements can be made at this point using a system simulator (SS) comprising the appropriate radio terminal equipment and speech transcoder. The losses and gains introduced by the test speech transcoder will need to be specified.

The POI with the public switched telephone network (PSTN) is considered to have a relative level of 0 dBr, where signals will be represented by 8-bit A-law, according to ITU-T Recommendation G.711. Analogue measurements may be made at this point using a standard send and receive side, as defined in ITU-T Recommendations.

The UPCMI is introduced for design purposes in order to separate the speech transcoder impairments from the basic audio impairments of the UE. The UPCMI interface is also referred to as the digital audio interface (DAI).

Four classes of acoustic interface are considered in this specification:

handset UE;

headset UE;

UE operated with external handsfree functionality;

UE operated with integrated handsfree functionality.

The classification of handsfree UE is for further study.

4.2
Wideband telephony

The interfaces used to define terminal acoustic characteristics for wideband telephony are for further study.
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Includes DTX functionality.
NOTE 2:
Connection to PSTN should include electrical echo control (EEC).
Figure 1: 3G Interfaces for specification and testing of terminal narrow-band acoustic characteristics
5
Narrow-band telephony transmission performance

5.1 Applicability

The performance requirements in this sub-clause shall apply when UE is used to provide narrow-band telephony, either as a stand-alone service, or as part of a multimedia service.

5.10
Extended Parameters 

5.10.1
Switching parameters

5.10.1.1
Definitiions
A loss in either the sending or receiving direction may be inserted in various ways. Switching from one direction to the other occurs when a signal above a given threshold is applied from the opposite direction, or when the control circuit, taking into account the relative levels and the nature of the signals in both directions, provides the switching.

The fundamental voice-switching parameters of the attenuation control according to ITU-T Recommendation P.340 are defined as follows:

Threshold level VTH
Minimum necessary signal level for removing insertion loss.

Build-up time TR (switch-on)

Time from the input signal going above the threshold level until the time at which the output level reaches 3 dB below complete removal of the insertion loss.
Hang-over time TH 

Time from the input signal going below the threshold level until 3 dB of the switched loss is inserted in the output signal.
Switching time TS (switch-over) 

Time from one transmission direction to the other. TS is measured from the removal of the signal in the first direction until the level in the second direction reaches 3 dB below its final value. 

Attenuation range aH 

Attenuation range is determined by the difference in sensitivity response which results when one speech path is activated and when the duplex branch is activated.
NOTE: 
These parameters can be determined in both directions. Therefore the letters S and R used as additional index indicate that the parameter is measured in sending or receiving direction. The index DT indicates, that the parameter is measured under double talk conditions.
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Figure 2: Switching parameters (single talk)
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Figure 3: Switching Time (double talk)
5.10.2.1
Requirements

5.10.2.1
Threshold levels
Threshold levels should be chosen so that switching is not interrupted by random (environmental) noise sources at either end of the call. In addition, ambient room/network noise effects on threshold should not impair performance. Ambient noise levels can be used to improve threshold performance, as talkers tend to speak louder in a noisy environment than in a quiet one. In any case it should be ensured, that the talker signal is transmitted without any artifacts. No exact requirements are given but it should be insured that the ambient noise characteristic and level, the design of level detection and the threshold level in the terminal consider typical environmental conditions in daily use.

5.10.2.2
Build-up time TR
In sending direction the build-up time TR,S shall be less than 15 ms, preferably below 10 ms for signal levels in the range of  –14,7 dBPa to -4,7 dBPa.

In receiving direction the build-up time TR,R shall be less than 15 ms, preferably below 10 ms for signal levels in the range of –26 dBm0 to -16 dBm0.

5.10.2.3
Hang-over time TH
Hang-over time should be long enough to cover average pauses in speech so that intermittent unwanted switching does not occur before the initial talker is finished, but short enough to allow reasonable break-in from the second talker. 

The hang-over time in sending direction TH,S is measured for input signals of  – 4,7 dBPa (at the MRP).

The hang-over time in receiving direction TH,R is measured for input signals of –16 dBm0.

For systems introducing an attenuation range of  less than 12 dB, the hang-over time shall be more than 50 ms, preferably more than 100 ms. 

For systems introducing an attenuation range of  more than 12 dB , the hang-over time shall be more than 250 ms. 

5.10.2.4
Switching time TS  (switch-over)

Switching time from one active state to the other should be balanced to best simulate full duplex operation. Switching time is also dependent on both build-up time and hang-over time. 

The switching time TS shall be between 50 ms and 150 ms. 

5.10.2
Duplex behaviour

In duplex conditions the system performance is subjectively determined by mostly two paramerters: talker echo loudness rating and attenuation range. In order to achieve a MOS ( 4.0 the TELRDT in double talk conditions should be ( 37 dB, the attenuation range in sending ( 3dB and in receiving ( 3dB as well.

For terminals which are not intended to provide double talk capabilities the total echo loss may be achieved by a correspondingly high echo attenuation based on level switching.

For discussion:

We may select the appropriate limits for 3G for attenuation range and TELR  from this table:

Assuming a nominal  SLR + RLR 10 dB for the 3G terminal where the listener perceives his own echo, the TCL should be at minimum 27 dB in double talk condition for the far end terminal which produces the echo for its volume control set at maximum. 

Assuming the listeners terminal where the user perceives his own echo being equipped with a volume control according to 3G specifications, set to  maximum volume, the requirement should be >42 dB (15 dB higher RLR).

Table A1/P.340
Values for parameters determining double talk performance (TELRDT, aHrdt, aHsdt,) as a function of correlated MOS scores derived from LOT (HFT-handset, judgement at the handset side)

MOS
³ 4.0
4.0 - ( 3.5
3.5 - ( 3.0
3.0 - ( 2.5
2.5 - ( 2.0
< 2.0

TELRDT [dB]
³37
³33
³27
³21
³13
<13

aHSdt [dB]
£3
£6
£9
£12
£15
>15

aHRdt [dB]
£3
£5
£8
£10
£12
>12

5.10.2.1
Terminal coupling loss in double talk situation

From the subjective tests it appears that the echo loss is also a parameter with a great influence on the quality perceived in double talk situation. Based on subjective tests described in Annex A of ITU-T Recommendation P. 340, the following requirements apply:

To be discussed

Behaviour 1: TELRDT ³ 37 dB 

Behaviour 2a: 37 dB > TELRDT ³ 33 dB

Behaviour 2b: 33 dB > TELRDT ³ 27 dB

Behaviour 2c: 27 dB > TELRDT ³ 21 dB 

Behaviour 3: TELRDT < 21 dB

=> TCLDT  > 27 dB or 42 dB ????

5.10.2.2
Attenuation range in double talk situation

to be discussed, see above

the limits shown below may be chosen:

Table 4/P.340

Sending direction
Receiving direction

Behaviour 1:       

aH,S,DT £ 3 dB
Behaviour 1:       

aH,R,DT £ 3 dB 

Behaviour 2a: 3 dB <
aH,S,DT £ 6 dB
Behaviour 2a: 3 dB <
aH,R,DT £ 5 dB

Behaviour 2b: 6 dB <
aH,S,DT £ 9 dB
Behaviour 2b: 5 dB <
aH,R,DT £ 8 dB

Behaviour 2c: 9 dB <
aH,S,DT £ 12 dB
Behaviour 2c: 8 dB <
aH,R,DT £ 10 dB

Behaviour 3:       

aH,S,DT > 12 dB
Behaviour 3:       

aH,R,DT > 10 dB

5.10.3
Background noise transmission

The sources of the transmitted noise may be:

Acoustical sources

Ambient noise in the test room which should be avoided;

Noise intentionally produced in the test room (for example babble noise, car noise).

Electrical sources

Noise generated by the components of the terminals or/and network;

Noise intentionally generated (for example comfort noise).

Background noise transmission refers to the "noise intentionally produced in the test room" picked up by the microphone(s) of the terminal.

Table 11: Parameters associated to background noise transmission, impacting on the quality

Parameters


Absolute level
The transmitted background noise level should be low, but the noise should not be completely suppressed.

The background noise transmitted signal should not be interrupted from time to time. For hands-free terminals tests are currently under study but no limits are given yet, for handset terminals the requirements of D-value apply.


Level fluctuations
If the level of the transmitted signal is referred to the original test signal level, the level fluctuations should not be more than ±3 dB, compared to steady state conditions 
NOTE 1 - This does not apply if the residual background transmitted noise is masked (e.g. by the speech signal).
NOTE 2 - No values for the initial adaptation of noise reduction algorithms or any initial noise reduction due to the insertion of loss can be given yet.


Additional parameters
Artifacts of noise reduction algorithms esp. Musical tones and level fluctuations need to be avoided. Tests are currently under study but no exact requirements are given yet.
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