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Introduction

There is currently a debate going on within TSG T1, and beyond, over what degree of audio testing should be performed on 3GPP user equipments.  This document is intended to bring these issues together so that they can be discussed at plenary level.  The issues are listed below along with a brief description.

When is a 3GPP UE a telephone and when is it not?  

A 3GPP terminal may be designed as a telephone, as a data only device, as part of a larger, integrated system such as a PC or PDA, or it may take some other format not so far identified which is capable of speech functions.

The issue then is when do any audio tests apply and how can they be made generic enough to cater for these situations.

Should these Audio tests apply to devices delivering broadcast quality sound?

It is conceivable that UEs could be capable of reproducing high quality sound such as from radio broadcasts, music on demand (Mpeg) or high fidelity conferencing.  Should there be some form of mandatory test for these devices?

Should we use the GSM Tests?

Currently GSM phones are tested to ensure that they provide minimum standards of telephony performance.  Is it necessary to test 3GPP devices this thoroughly?  Should the tests be voluntary or mandatory?

Should the codec be tested as part of the conformance tests?

Codec performance tests are being defined but should these be included as part of the conformance tests?  It could be argued that codec performance is an issue for competitive comparison and market forces will ensure a reasonable level of performance.  Alternatively network operators may impose additional voluntary codec tests.

Is it necessary to implement a DAI or can the UEs be tested as black boxes?

Most of the GSM tests in 11.10 define two methods of testing, one based on the use of the DAI, Digital Audio Interface, and the other based on system simulator and the MS in a call.

It could be argued that as mobiles become more internally integrated, the provision of a DAI becomes increasingly difficult to physically implement.

Should the DAI be redefined so that can emerge at an alternative port?

Could a higher a higher rate user channel be used to carry the 104kbps DAI signals to the system simulator?

Standard GSM Measurements

The following tests are currently defined in GSM 11.10 v7.0.0:


GSM ref.
Measurement




Defined without DAI

30.1
Sending sensitivity/frequency response



(
30.2
Sending loudness rating





(
30.3
Receiving sensitivity/frequency response 


(
30.4
Receiving loudness rating 




(
30.5
Side tones






(
30.6.1
Telephone Acoustic coupling Loss (TAL) echo Loss

(
30.6.2
Telephone Acoustic coupling Loss (TAL) stability margin

(
30.7
Distortion






(
30.8
Sidetone distortion





(
30.9
Out-of-band signals 





(
30.10
Idle channel noise





(
30.11
Ambient Noise Rejection




(
Test of Acoustical devices

As can be seen from the above table, certain tests require the use of the DAI if only to set specific test conditions within the phone, namely, ‘Test of acoustical devices’ state.  This is used to bypass the speech coder function which would otherwise mask or disturb the parameter you are measuring.  For example, in the ambient noise rejection test the codec might substitute comfort noise.

Possible ways forward

It is very likely that we will want to perform the same measurements as currently defined for GSM.

It is likely that new tests will be defined for higher quality audio signals.

The DAI is physically difficult to implement and may limit the performance of the speech coder since it assumes an intermediate stage where audio is encoded as 104kbps PCM.

We should therefore be looking for a solution that allows the tests to be performed but without any additional interfaces or any significant increase in processing within the phone.  Ideally it should be possible to use the air interface to send and receive non-speech coded signals to and from the system simulator.  This could be achieved in several ways:

· Use higher data rate channels to transport the PCM coded speech.

· Use a buffer within the phone to store the PCM coded speech in either direction and transfer the data at normal rates.

· Use pre-encoded tones and phrases stored within the phone.

As with the DAI, these features would be enabled by the use of a test USIM.

