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Introduction


GERAN R’00 operational scenario 2 allows a physical sub-channel to be dedicated to a voice call with the ability to support best effort data during silence periods. The support of internet telephony additionally requires the ability to multiplex other call control applications (e.g. SIP, RTCP, RSVP etc.) along with speech.� These call control applications typically have more stringent delay requirements than best effort data and may need to be granted absolute priority over speech. 





Call control applications such as SIP require the exchange of a sequence of messages (of approximate size ranging from 150 to 600 octets excluding UDP/IP headers� [1][2]) over the air interface upon activation of different services (e.g. call waiting, multi-party conference call etc.). The transfer of these messages may result in intermittent blanking of speech; the duration of speech frame blanking depends on the individual message size, number of messages to be transferred and whether or not there is speech activity. It is necessary to transfer these messages with acceptable delay and minimal impact to speech quality. 





Speech frame blanking may not be necessary in the case of multi-slot capable mobile stations since additional physical sub-channels can be allocated for multiplexing applications other than speech. However, a multiplexing solution that has minimal impact on speech quality is still required for mobile stations with limited capability (e.g. single slot capable mobile stations).  Moreover, the delay in transferring call control messages should be minimized in all cases, regardless of whether these messages are multiplexed along with speech on the same physical sub-channel. 





In the following, we consider different options for multiplexing call control applications along with speech. These approaches are compared in terms of the resulting message transfer delays and speech quality impact.


Multiplexing Options


The following options are considered for multiplexing other call control applications along with speech:


FACCH (CS-1 channel coding, diagonal interleaving): In this case, call control messages are sent over the FACCH. Since the data rate is limited to approximately 8 kb/s, several speech frames may need be blanked out if these messages are to be sent during periods of voice activity. Moreover, the delay in transferring call control messages increases considerably. The main advantages of this solution are that it enables operation with legacy transceivers and it is consistent with existing stealing bit usage.   


PDTCH (MCS-1 to MCS-9, R’99 acknowledged mode procedures): Call control applications are treated as user plane data and sent using current R’99 acknowledged mode procedures. The delay in transferring call control messages can be reduced significantly since the data rates that can be achieved with this approach are much higher. The speech quality impact is also lower if these call control messages need to be sent during periods of voice activity. 


Timeslot Reconfiguration: In this case, speech is switched to a lower rate physical sub-channel and call control messages are sent on the physical sub-channel that becomes available (analogous to DTM [3]). For example, a full rate speech channel can be reconfigured as two half rate channels, one carrying  speech and the other carrying call control messages. R’99 acknowledged mode procedures (i.e., MCS-1 to MCS-9) can be used on the lower rate physical sub-channel for call control. For legacy transceivers, the  FACCH solution remains a viable alternative. Since the physical sub-channel allocated for call control has lower throughput, the message transfer delay will increase compared to other approaches that attempt to multiplex call control messages by blanking speech.  Speech frame blanking does not occur and there is no degradation in speech quality if the desired channel quality requirement is met; however, the channel quality required in order to maintain the desired speech frame error rate will typically be much higher on a lower rate physical sub-channel. As a result, under poor channel conditions, the speech frame error rate can be much higher than 1% but this approach may still have advantages over blanking out speech. 


Simulation Results


Assumptions


Simulations were carried out to estimate the message transfer delay and speech quality impact with FACCH and PDTCH. The simulation assumptions are as follows:


TU3 channel, ideal frequency hopping


C/I = 10 dB and C/I = 15 dB 


Message size ranging from 100 to 600 bytes


No errors for FACCH 


R’99 RLC for MCS-5 and MCS-6 (round trip delay = 80 ms)


No soft combining 


Results


Message Transfer Delay


Figure 1 shows the average message transfer delay as a function of message size. The results show that for message sizes over 100 bytes, the average message transfer delays with MCS-5 and MCS-6 are significantly lower than with FACCH. The average delays are expected to be even lower if soft combining is assumed.   


Speech Quality Impact


Figure 2 shows the average number of blanked out speech frames as a function of message size. The results show that for message sizes over 100 bytes, speech experiences less degradation with MCS-5 and MCS-6 compared to FACCH. 





�


Figure � SEQ Figure \* ARABIC �1�: Delay as a function of message size.
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Figure � SEQ Figure \* ARABIC �2�: Number of blanked out speech frames as a function of message size.


Summary


The advantages and disadvantages of the different methods of multiplexing call control are listed in Table 1. Any improvement in efficiency achievable through SIP compression applies to all the approaches considered. 





The PDTCH approach achieves the best performance in terms of message transfer delay and speech quality impact. Timeslot reconfiguration is especially beneficial if call control needs to be multiplexed during periods of voice activity and channel conditions are good enough to achieve acceptable speech quality on a lower rate physical sub-channel. The FACCH approach is significantly worse than the PDTCH in terms of delay and speech quality impact. However, it allows operation with legacy transceivers.  





Since all 3 approaches are potentially applicable, the best solution is to let the network decide which method to use based on the practical constraints (e.g. legacy transceivers) and the operating conditions. 


Option�
Advantages�
Disadvantages�
�
FACCH�
Allows operation with legacy transceivers.


No need for switching between diagonal and block interleaving; new stealing bit design not necessary.�
Longer messages that occur outside of silence periods may significantly impact speech quality. 


Limited to fixed low rate for all users, resulting in longer average message transfer delay.�
�
PDTCH�
Results in shorter delays for transferring SIP messages over the air interface.


Enables OS-2.�
Requires new stealing bit design (to support OS-2 like multiplexing).


Longer messages that occur outside of silence periods may significantly impact speech quality.


RLC Ack/Nack feedback results in blanking of speech frames in the direction opposite to that of message transfer.�
�
Timeslot Reconfiguration


�
This procedure can also be used to support simultaneous voice and best effort data for mobile stations with limited capability under acceptable channel conditions.


Unlike the PDTCH and FACCH options which both require speech frame blanking, speech quality remains acceptable for users experiencing good channel conditions.�
Results in longer message transfer delay compared to other approaches.


Error rate for speech can be much higher than 1% for users in poor portions of the cell. This must be compared against blanking out speech completely for a shorter time period on a higher rate physical sub-channel.�
�
Table � SEQ Table \* ARABIC �1�: Advantages and disadvantages of different options for multiplexing call control applications along with speech.


Recommendations


All 3 mechanisms proposed in Section 2 for multiplexing call control applications should be standardized in GERAN R2000. 
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� Note that there is no impact on speech quality in the case of SIP call setup for a simple two party voice call since this messaging occurs prior to the onset of speech.  A physical sub-channel (either dedicated or shared) can be allocated, and SIP messages can be carried as user plane data. However, the delay in transferring these messages would have a significant impact on the overall call setup delay. 


� UDP/IP headers can be compressed significantly; however, SIP payload compression is still a subject for further study and is not expected to yield compression factors of more than 20-30%. 
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