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====================== FIRST CHANGE =======================

2.1
Normative references

[1]
3GPP TS 22.001: "Principles of circuit telecommunication services supported by a Public Land Mobile Network (PLMN)".

[2]
3GPP TS 02.002: "Circuit  Bearer services supported by a  Public Land Mobile Network (PLMN)". 

[3]
3GPP TS 22.003: "Circuit Teleservices supported by a Public Land Mobile Network (PLMN)".

[4]
3GPP TS 22.004: "General on supplementary services".

[5]
3GPP TS 22.038: " SIM toolkit Stage 1".

[6]
3GPP TS 22.057: "Mobile Execution Environment (MExE); Service description; Stage 1".

[7]
3GPP TS 22.060: "General Packet Radio Service (GPRS) stage 1".

[8]
3GPP TS 22.078: "Customised Applications for Mobile network Enhanced Logic (CAMEL); Service definition - Stage 1".

[9]
3GPP TS 22.101: "Service principles".

[10]
Void

[11]
3GPP TS 22.135: "Multicall, stage 1".

[13]
3GPP TS 33.102: "3G Security, Security Architecture".

[14]
3GPP TS 23.107: "QoS Concept and Architecture; Stage 2".

[15]
Open Mobile Alliance (OMA): OMA-RD-Parlay_Service_Access-V1_0-20100427-A 

[16]
3GPP TS 22.340: "IP Multimedia System (IMS) messaging; Stage 1".
2.2
Informative references

[12]
ITU-T Recommendation F.700 (11/2000): "Framework Recommendation for multimedia services".

[17]
ITU-T Recommendation E.105 (08/1992): "International telephone service"
[18]
ITU-T Recommendation E.800 (09/2008): "Definitions of terms related to quality of service"
[19]
ITU-T Recommendation G.114 (05/2003): "One-way transmission time"
====================== END OF FIRST CHANGE =======================

====================== SECOND CHANGE =======================

5.2
Description of bearer services

Bearer services are characterised by a set of end-to-end characteristics with requirements on QoS. The characteristics and requirements shall cover major network scenarios, i.e. the cases when the terminating network is PSTN, ISDN,  IP networks/LANs, X.25 and a PLMN.

Quality of Service is the quality of a requested service (Teleservice or Bearer Service or any other service, e.g. customer care) as perceived by the customer (ITU-T Recommendation E.800 [18]). QoS is always meant end-to-end. Network Performance of several network elements of the originating and terminating network(s) contribute to the QoS as perceived by the customer including terminals and terminal attachments. In order to offer the customer a certain QoS the serving network need to take into account network performance components of their network, reflect the performance of the terminal and ad sufficient margin for the terminating networks in case network performance requirements cannot be negotiated. 

As far as the QoS to the subscriber is concerned network elements have to provide sufficient performance (reflecting possible performance constraints in terminating networks) so that the PLMN cannot be considered as a bottleneck.

This section outlines the requirements on bearer services in two main groups;

-
Requirements on information transfer, which characterise the networks transfer capabilities for transferring user data between two or more access points.

-
Information quality characteristics, which describe the quality of the user information transferred between two or more access points.

It shall be possible to negotiate / re negotiate the characteristics of a bearer service at session / connection establishment and during an on going session / connection. 
It shall be possible to allocate a particular QoS to any specific service of the user. The association between services and QoS can be handled either network based or UE based. In the case of a UE based association it  shall be possible to be programmed by the Home Environment operator into the ME or the USIM. If the association exists in the UE the specific QoS  for the invoked service shall be requested at session / connection establishment.

====================== END OF SECOND CHANGE =======================

====================== THIRD CHANGE =======================

6.2
Description of teleservices

The basic reference  for the description of teleservices is the ITU-T Recommendation F.700 [12]. It provides a generic, network independent, description of multimedia services. The methodology used covers both single media and multimedia services, the  single media services being a particular type of multimedia services. Multimedia services are classified into categories with similar functional characteristics. The six categories are multimedia conference services, multimedia conversational services, multimedia distribution services, multimedia retrieval services, multimedia messaging services and multimedia collection services.

The rest of clause 6 describes the teleservices and options that shall be provided. 

A teleservice can be viewed as set of upper layer capabilities utilising the lower layer capabilities described by the set of attributes in clause 5.

Multimedia teleservices support the transfer (and in some case retrieval, messaging, distribution) of several types of information (service components). For this reason, there are service attributes (relating to all the components of a teleservice) and service component attributes (relating to only one service component).

====================== END OF THIRD CHANGE =======================

====================== FOURTH CHANGE =======================

6.4.1
Speech

The speech service as defined in international standards should be supported. The international reference for the speech is ITU-T Recommendation E.105 [17]. Networks should contain interworking units which allow calls to be received from or destined to users of existing networks like PSTN or ISDN. This will include interworking units for generation of DTMF or other tones (the entire DTMF tone set would at minimum be available) and detection of DTMF tones.

A default speech codec shall be specified to provide speech service. The selected speech codec shall be capable of operating with minimum discernible loss of speech on handover between the GERAN and UTRAN.

====================== END OF FOURTH CHANGE =======================

====================== FIFTH (LAST) CHANGE =======================

B.2.1
Performance requirements for conversational real-time

The most well known use of this scheme is telephony speech (e.g. GSM), but with Internet and multimedia a number of new applications will require this scheme, for example voice over IP and video conferencing tools. Real time conversation is always performed between peers (or groups) of live (human) end-users. This is the only scheme where the required characteristics are strictly given by human perception (the senses). Therefore this scheme raises the strongest and most stringent QoS requirements.

The real time conversation scheme is characterised by that the transfer time shall be low because of the conversational nature of the scheme and at the same time that the time relation (variation) between information entities of the stream shall be preserved in the same way as for real time streams. The maximum transfer delay is given by the human perception of video and audio conversation. Therefore the limit for acceptable transfer delay is very strict, as failure to provide low enough transfer delay will result in unacceptable lack of quality. The transfer delay requirement is therefore both significantly lower and more stringent than the round trip delay of the interactive traffic case.

Real time conversation - fundamental characteristics for QoS:

-
preserve time relation (variation) between information entities of the stream

-
conversational pattern (stringent and low delay)

The resulting overall requirement for this communication scheme is to support conversational real time services with low transfer delay as given by the human perception. (There are less hard requirements on packet loss ratio.)

A real-time streaming application is one that delivers time-based information in real-time, where time-based information is user data that has an intrinsic time component. Video, audio and animation are examples of time-based information, in that they consist of a continuous sequence of data blocks that shall be presented to the user in the right sequence at pre-determined instants.

Conversational voice 

Audio transfer delay requirements depends on the level of interactivity of the end users. To preclude difficulties related to the dynamics of voice communications, ITU-T Recommendation G.114 [19] recommends the following general limits for one-way transmission time (assuming echo control already taken care of):

0 to 150 ms
preferred range [<30ms, user does not notice any delay at all, <100ms, user does not notice delay if echo cancellation is provided and there are no distortions on the link]

150 to 400 ms
acceptable range (but with increasing degradation)

above 400 ms
unacceptable range

The human ear is highly intolerant of short-term delay variation (jitter) it is therefore paramount that this is reduced as lower level as is practical. A limit as low as 1 ms is suggested as a target. 

Requirements for information loss are influenced by the fact that the human ear is tolerant to a certain amount of distortion of a speech signal. It is has been suggested in studies that acceptable performance is typically obtained with frame erasure rates (FER) up to 3 %. 

A connection for a conversation normally requires the allocation of symmetrical communication resources, with the average hold time of a call being in the region of 2 minutes. 

====================== END OF FIFTH (LAST) CHANGE =======================
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