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Introduction

A number of transport mechanisms for SIP have been proposed. The objective of this paper is to present an enhanced static FACCH solution, coined ‘delayed Static FACCH’ for SIP transport. In particular, the emphasis is on TCH/FS /SIP multiplexing, although similar simulation could be carried out for other half-rate and full-rate channels. Our proposal suggests delaying the transmission of SIP messages in an attempt to increase the probability of only transmitting SIP frames during silence periods and thus reduces the expected frame erasure, and consequently improve speech quality. The simulations carried out investigate the effect of varying the timeout period for different message sizes. The paper makes a number of assumptions about SIP transport and specifically focuses on its use for call interruption, such as that used during a conference call setup.

Requirements

Typical requirements for the SIP transport mechanism are:

· Support for legacy transceivers.

· Minimal affect on speech quality.

· Simplicity of implementation.

Currently there is a lack of knowledge about the type of information being transmitted by the SIP transport mechanism. This makes it difficult to gauge the size of a typical message, and also its priority. 

Current proposals - Construction of ‘Static FACCH’ for SIP transport

The static FACCH proposal [1], suggests using the existing FACCH frames to transport SIP messages. The same coding scheme (CS1) is used for SIP frames as for FACCH. In order to distinguish between speech, FACCH and SIP frames, three stealing bit combinations are required. A possible set is shown below, and these are used in the simulations.

SPEECH  0 0 0 0 - - - - 
FACCH 1 1 1 1 - - - -

SIP 1 0 1 0 - - - -



    0 0 0 0


  1 1 1 1

       0 1 0 1

Alternatively, the stealing bits could remain unchanged. Thus, the physical layer would distinguish between SPEECH and FACCH/SIP. The FACCH and SIP frames would then be detected via a higher layer mechanism, such as that proposed in [3], were individual RLC flows are identified using the TFI field. An advantage of this is that the performance of the stealing flags will not be compromised, although simulation has shown the performance of the SP/SIP/FACCH stealing bit combination to be below 2.3 C/I for FER=1%.[1]. Also, this ensures compatibility with legacy base stations.

In its simplest form, a SIP message would be transmitted immediately by stealing speech frames, with no limit on the number of frames to be stolen, and no limit on the number of successive frames that may be stolen. With Nortel’s proposal [1] the maximum number of speech frames than can be stolen successively, is not investigated. The affect of stealing successive speech frames on speech quality needs to be addressed.

A typical frame transmission is shown below for TCH/FS with SIP. The second table shows the stealing bit combinations. (S = SIP)
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Figure 1  - SIP transport using FACCH stealing.

By combining proposal [1] with a ‘Dynamic FACCH’ solution [4], the required/appropriate (depending on channel conditions) SIP rate could be selected for the SIP message using the MCSs. 

New proposals - Construction of ‘Delayed Static FACCH’ for SIP transport

The ‘Delayed Static FACCH’ solution builds on the proposals for ‘static FACCH’. As the priority of SIP messages is variable, then a delay mechanism for different priority SIP messages could be used. The transmission of the SIP traffic would rely on one of the proposals above for SIP transport during speech and silence. One possible application of SIP is for call interruption signaling to enable conference calls to be set up. A typical protocol negotiation is depicted below for a ‘three user’ conference setup.


Figure 2 - Conference call setup protocol negotiation

In this example the INVITE UDP consists of 651 bytes (uncompressed) including Ipv4 headers and is the size of the SIP message used in the simulations.[6]. At the time of writing exact SIP message sizes are not known, but will be when 24.228 becomes available [7]. Further simulations with these details, may be necessary.

By delaying the transmission of SIP messages, where possible, until the next silence period, the effect on speech quality could be minimised. SIP has a timeout period for acknowledgements and this will be critical in selecting a suitable delay period.

Transmission of SIP during talk-bursts

It is not entirely clear as to whether or not multiple speech frames can be stolen. Clearly if this is the case, then for SIP message sizes of 1Kbytes, speech muting of up to 0.7 seconds may occur. This may well be unacceptable to the user. An alternative would be to ensure that during the SIP message transmission that multiplexing would alternate between SIP and SPEECH frames. This would result in a reduction in speech quality, but may or may not be preferable to complete silence (muting). This would also approximately half the SIP transmission rate. The exact ratio of SIP/SPEECH interleaved together (Figure 3 shows the scheme for 2 SIP followed by 2 SPEECH frames) during the talk-burst, could be varied depending on channel conditions. A balance could then be struck between SIP rate and expected speech performance. 
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Figure 3 – SIP transport during talk-bursts.
Transmission of SIP during silence periods

As specified in GSM release 99 [2], SID_UPDATE frames are transmitted at regular intervals in order to maintain link measurement quality, pass comfort noise and allow for codec mode changes. The exact interval for sending SID (SID_FIRST is included) frames is operator defined, but at a minimum, 280bits (1 frame after encoding) should be sent every 480ms (24 frames)  [5]. It must also be regular. The frame is then block rectangular interleaved. The following diagram shows the operation during silence period with SID_UPDATE sent every 8 radio blocks.

ON – ONSET (228 bits transmitted in the odd bit positions)

SF – SID_FIRST (456 diagonal interleaved. Last 4 blocks are not transmitted unless the next frame is a speech frame).

SU – SID_UPDATE (456 bits block rectangular interleaved).
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Figure 4 – Speech to DTX transition.
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Figure 5 - DTX to speech transition

	SU
	SU
	SU
	SU
	-
	-
	-
	-
	~6~
	-
	-
	-
	-
	SU
	SU
	SU
	SU
	-
	-
	-
	-
	-

	SU
	SU
	SU
	SU
	-
	-
	-
	-
	~6~
	-
	-
	-
	-
	SU
	SU
	SU
	SU
	-
	-
	-
	-
	-


Figure 6 - Transmission of SID_UPDATE during silence periods

There are a number of possible methods for the transmission of SIP during the silence period:

i) There is no limit on the number of SIP frames that may be sent consecutively. All SID_UPDATE frames are blanked and the AMR relies on bad frame handling alone. (i.e. repetition of its last good frame) [1].

ii) The number of SIP frames sent consecutively is limited in the same way as for speech, thus forcing spacing in between SIP transmissions. SID_UPDATE frames are still overridden, but some will still be sent during the spaces. 

iii) SID_UPDATE frames take priority over SIP. Thus when a SID_UPDATE frame is to be transmitted the SIP message is halted. The link layer mode is switched back to silence using the ONSET marker. 

iv) SIP frames are block rectangular interleaved during silence periods and not bound by SID_FIRST and ONSET. This approach is more efficient, but will add additional complexity to the physical layer, which is undesirable.

Of the above option, scheme (iii) is compatible with the existing physical layer in legacy equipment and is favoured.

Talk-burst front end collisions

An important point to be raised is that the current proposal for SIP transmission does not account for the possible erasure of speech frames at the start of a talk-burst. This may result in a more severe reduction in perceived speech quality, than other frame erasures elsewhere in the talk-burst. A possible solution is to delay the remaining SIP frames until another silence period is reached or the remaining timeout exceeded once more. In this scenario, the delay is not excessive and may improve perceived speech quality. 

An alternative strategy is to select a timeout period, which reduces the likelihood of erasing speech frames at the start of the talk-burst (see Figure A-3), and rely on the vocoder using its recovery mechanism. 


Figure 7 – Dual delayed static FACCH

During the silence period SID_UPDATEs are either blanked or have priority over SIP frames. By varying the timeout period a trade-off can be established between the SIP/speech collision frequency, required SIP rate and front-end collisions.

Symmetric and asymmetric talkburst/silence periods

It is often accepted that speech is modeled symmetrically, with, on average, equal speech and silence durations. However, it may occur that the traffic is asymmetric and this has important consequences for SIP multiplexing as proposed in this document. Figure A-4 shows the typical curves for different speech traffic models. Three operational scenarios exist. Symmetric, speech biased asymmetric and silence biased asymmetric. 

	Speech model
	Mean Speech duration(s)
	Mean silence duration(s)

	Symmetric
	1
	1

	Asymmetric speech bias
	1.5
	0.5

	Asymmetric silence bias
	0.5
	1.5


Figure 8 – Speech model parameters

Simulations

Two separate simulations are used to gauge the performance of the proposed solution. These are a SPEECH / multiplex model and a physical channel simulation. The results from each simulation are used to estimate the proposals overall performance. A number of simulations are carried out which assume that no frames are lost, and in this case no channel model simulation is executed.

The following parameters were used in the simulations. 

· Mean speech duration of 1s with exponential distribution.

· Mean silence duration of 1.35 s with exponential distribution.

· For the non-ideal resultsTU3 with ideal frequency hopping results. An LMS equalizer was used. 

· For ideal results, no frame corruption occurs.

· For each simulation 200000 frames were simulated, equating to approximately 67 minutes worth of speech.

· There is no limit on the number of frames stolen in succession.

· SIP messages are uncompressed.

Results

Figure A-1 demonstrates the gain achieved by increasing the timeout period. It is important to note however, that in this case FER (Speech) should be regarded as a measure of the occurrence of collisions between SIP and SPEECH and cannot be used to determine the speech quality. The actual speech quality is dependent on the interleaving of speech and SIP frames as discussed earlier. As is clearly demonstrated, increasing timeout period leads to less speech frame erasure, but as a consequence the SIP transmission rate is limited. In this simulation the SIP message size was fixed at 651bytes (approx. 22 FACCH frames and the size of INVITE uncompressed).

Figure A-2 shows how the erasures increase with the SIP message size. The slight curve occurs because as the SIP message size increases the probability of erasing frames at the start of a talk-burst increases. As can be seen there is a gain in delaying the transmission of SIP frames

Figure A-3 plots the front-end collision rate (equal to collisions over no. of sip messages) against timeout period. For the call interruption scenario collisions would occur on average for SIP messages between 1 in 4 SIP messages and 1 in 3 SIP messages. As mentioned earlier, a trade-off can now be established between the SIP/speech collision frequency, required sip rate and front-end collisions by varying the timeout period.

Figure A-4 plots the FER for symmetric speech and silence and asymmetric with speech and silence bias. However, there is marginal difference between these and it is not regarded as significant in the selection of an appropriate SIP transfer rate, message size or timeout period.

Conclusions and further development

The purpose of this paper is to demonstrate a possible scenario for SIP signaling and the expected performance obtained. It is by no means definitive and further development is necessary in order to determine a more accurate result. These results should be used in the discussions with other groups to estimate the impact of SIP proposals on speech quality. e.g. compression discussion groups.

In conclusion a number of key points can be highlighted.

· ‘Delayed Static FACCH’ has significant performance benefits. A trade between timeout period and erasure can be made. The SIP acknowledgement period must also be considered.

· The scheme is compatible with legacy equipment.

Further development:

· Speech can be preserved during the transmission of the SIP message, but quality is reduced. We suggest an investigation into the expected quality for different SPEECH/SIP interleaving schemes would be useful. MOS tests would be required.

· Investigate compression for SIP and affect of using MCS. i.e. ‘Delayed dynamic FACCH’ with compression.

· The dual delayed scenario needs to be simulated.
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Figure A 1 – FER(speech) vs Timeout perid(s)
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Figure A 2 – FER(speech) vs SIP message size for different timeout periods.
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Figure A 3 – Speech front-end clipping rate vs Timeout period for single delay
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Figure A 4 – FER(Speech) vs SIP message size for Symmetric, asymmetric (speech bias) and asymmetric (silence bias).
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