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ANNEX 2

(SOURCE: DOC 8F/TEMP/307-E – Attachment 1)

COMMENTS ON SECTION 8.6 of PDRR M.1079

“Performance and quality of service requirements for International Mobile Telecommunications-2000 (IMT-2000) access networks”

8.6
Principal speech quality requirements

[Editor’s Note:
Need to review/update voice performance requirements in Section 8.6 with more relevant and specific numerical objectives. With the move towards IP - and in the longer term, 
VoIP - this section may require extensive review.

Some relevant information on electro-acoustic requirements is available in ITU-T Rec. P.313 “Transmission characteristics for cordless and mobile digital terminals”, and on general transmission quality in ITU-T Rec. G.174 “Transmission performance objectives for terrestrial digital wireless systems using portable terminals to access the PSTN”.]
8.6.1
Subjective quality

The quality of the speech should be comparable to the fixed network, for users of different age, sex and language, according to the requirements described below (reference Recommendation ITU‑T G.174).

8.6.2
Natural speech quality and speaker recognition

The speech shall sound like natural human speech. It is essential that the user should be able to recognize the voice of callers whose voice is familiar to the user.

8.6.3
Ease of conversation

Users should find the system easy to use for tasks which require the exchange of information in conversations over the connection, including the occurrence of double talk, where both parties talk at once. 

8.6.4
Loss of interactivity due to delay in the speech path

One-way delay is defined as the delay associated with processing, encoding, decoding, radio propagation between a mobile and the PSTN connection (PLMN).

Conversations between users shall not suffer from a lack of proper interactivity due to excessive delay in the connection. Delay can interfere with user applications, such as the ease with which interactive conversations can be maintained. Therefore, it is critical to control the delay introduced by IMT-2000.

A mean one-way delay of less than 40 ms is a long-term objective for IMT-2000. However, it is recognized that in the short term attaining that value may be extremely difficult or impractical. Therefore, in calculating transmission delay budgets a value of around 100 ms should be considered for the IMT-2000 access part.










8.6.5
Freedom from echo

For IMT-2000, the expected transmission delay will require the use of echo control in the system.

The issue of echo control in the IMT-2000 environment is complex.. Reference should be made to Recommendation ITU-T G.174 for guidance on echo control requirements looking towards the PSTN, and to Rec. P.313 for requirements looking towards the terminal.

8.6.6
Uniformity in different environments

Where different radio interfaces are used for access in different environments (e.g. pico cell, large cells, etc.) the same speech quality requirements shall be used. The user should find a uniformity of speech quality throughout the system.

It is recognized that more complex codecs with greater power consumption may be needed to achieve the required IMT‑2000 speech quality in large cells, where lower bit rates are needed to achieve spectral efficiency.

8.6.7
Effects of transcoding

End-to-end connections in IMT-2000 may typically start in one type of cell, pass through the fixed network and be terminated in another type of cell, possibly passing through a satellite component in either the IMT-2000 or the fixed network. If different speech codecs are selected in these different wireless access environments and in the fixed network, it will result in the concatenation of a variety of speech codecs, with consequent loss in speech quality as a result of the necessary transcoding.

The techniques that will minimize the need for and the impact of transcoding such as tandem-free operation or transcoder free operation should be used. The effects of transcoding should be fully considered in meeting the speech quality requirements given in this Recommendation.

8.6.8
Quality of end-to-end connections

The speech quality requirements shall be achieved in complete end-to-end connections, including impairments arising from the radio interfaces (with typical interference and propagation conditions), transcoding, delay and echoes in the connection, etc.

8.6.9
Terminal acoustics

Handset acoustics play an important role in determining overall audio quality in wireless systems. A prime consideration is to ensure that the send, receive and sidetone signal levels are compatible with conventional wireline telephony, and sufficient terminal coupling loss is provided to control echo.. However, other considerations such as handset shape (positioning of the microphone relative to the user’s mouth and sealing of the earcap against the user’s ear) are also important, particularly under noisy operating conditions. More detailed information is given in ITU-T Rec. P.313.
8.6.10
Call progress tones, announcements and music 

No annoying effects should be imposed on call progress tones, network announcements or music on hold.


 

8.6.12
Handover

The user should be unaware of the effects of handover on speech quality or voiceband data performance.

8.6.13
Robustness

The ability to withstand random errors, burst errors and high BERs over the whole service area is important. The ranking of potential speech/channel codec combinations may be different under good and marginal conditions.

8.6.14
Background acoustic noise

IMT-2000 environments are expected to result in a higher level of background acoustic noise than with wireline, for example from road traffic, railway and bus station concourses, etc. The speech codec and associated transducers should therefore be robust to such background acoustic noise.

The speech codec shall also be robust to the presence of other talkers in the background.



8.6.16
Interconnection of IMT-2000 users in different networks

Any speech quality impairment that results from transcoding between two IMT-2000 users should be minimized.

8.6.17
Speech performance testing

The ability of IMT-2000 to meet the speech quality requirements given above should be judged with a realistic selection method which takes account of the impairments of the mobile radio channel.

Tests could include two-way speech conversations in which the speakers have realistic tasks that make demands on the use of the channel.

The range of connection scenarios should be represented, including mobile to fixed, mobile‑to‑mobile, inclusion of satellite links in the mobile interface, satellite links in the network, etc. System impairments such as handover and network echoes and delays should be included.

During testing, the speech connection should be stressed with an error pattern generated by an error model related to the radio interface.
General guidance on subjective testing methods applicable to IMT-2000 Access Systems is given in ITU-T Rec. P.800. Subjective testing methods applicable to speech codecs are covered in ITU-T Rec. P.830. Subjective testing methods applicable to network echo cancellers are covered in ITU-T Rec. P.831. Objective testing methods applicable to speech codecs are covered in ITU-T Rec. P.862.
ANNEX 1

Planning tool to assess end-to-end voice transmission quality


ITU-T Rec. G.107 “The E-model, a computational model for use in transmission planning” is the approach recommended by ITU-T SG 12 for assessing end-to-end voice transmission quality, including wireless access. More details on how to apply the E-model for specific scenarios are available in ITU-T Rec. G.108 ”Application of the E-model: A planning guide”
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End-to-end system


For example, in Fig. 7 there will be degradations including the following:

–
Mobile network:

–
voice codec impairments

–
propagation errors

–
propagation and processing delay

–
handset echo

–
IP network:

–
voice codec impairments

–
packet loss

–
propagation delay

–
packet jitter

–
PSTN:

–
voice codec impairments (negligible for 64 kbit/s PCM)

–
propagation errors

–
propagation and processing delay

–
handset echo

–
Gateways:

–
voice codec conversion impairments

–
propagation delay

. 
Thus, this planning tool provides relative comparisons of systems under various transmission conditions to help make engineering decisions related to performance/cost trade-offs.
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