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Enhancements of handover-related signalling in AMR networks

1 Introduction

AMR was originally intended as a means to increase quality in GSM networks by adapting the relative amounts of speech and channel coding to the prevailing radio conditions. The idea was for the robust codecs to be used temporarily in fading dips and radio shadows to avoid frame erasures that would otherwise occur. It was thought that an AMR network would still be dimensioned like an EFR network with the same power control settings, etc. Since the radio environment is basically unaffected by the introduction of AMR in this scenario, the GSM signalling channels could be left as is.

After the completion of AMR standardization, it became apparent that many operators primarily view AMR as a means to increase network capacity. Since the robust codecs provide sufficient voice quality at lower C/I levels than EFR, the traffic load in the network can be increased. The problem is that the higher interference levels degrade signalling performance. The high frequency re-use allowed by AMR also gives narrower border zones between cells, particularly with 1-1 re-use, causing a need for lower handover delay.

In this contribution, this issue and possible ways to alleviate it are discussed.

2 Signalling channel performance

The error protection schemes for FACCH and SACCH were designed for networks using full-rate and half-rate speech traffic channels (TCH/FS, TCH/HS) and the robustness of these control channels was chosen to cope with the interference levels in such networks. TCH/FS has an operation point of approximately 9dB C/I where the performance of FACCH and SACCH is sufficient. While FACCH and SACCH have a channel code rate of ½, the most robust AMR mode, TCH/AFS4.75, has a code rate of 1/5 and it can operate with acceptable speech quality below 4dB C/I. At such C/I levels, FACCH and SACCH do not perform well as shown below.

Figure 1 shows an example of the link performance of FACCH/F and SACCH/T compared to TCH/AFS4.75. It is clear that in FLP (Fractional Load Planned) networks with frequency hopping and interference loads that necessitate the use of robust codecs like AFS4.75, FER levels for FACCH and SACCH will be excessive. For example, at a C/I of 3dB with frequency hopping, FER is only about 1.5% for AFS4.75 but of the order of 40% for FACCH and SACCH. At 1dB, FER is about 8% for AFS4.75 and 70% for FACCH. As a consequence, the AMR link may be limited by signalling channel performance near the cell border.
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Figure 1. An example of the link performance of FACCH/F, SACCH/T and TCH/AFS4.75.

In addition to poor handover performance caused by the weak FACCH channel, many measurement reports are lost if SACCH repeatedly fails. This affects power control, timing advance updates and neighbor cell measurements.

3 Improvement possibilities

In this section some possible ways to alleviate this problem are discussed. The focus is on improving handover signalling, since this is considered to be the most critical part. Other improvements are briefly discussed as well.

The fundamental problem is the poor link performance on layer 1. Still, methods to solve or circumvent this problem are not limited to layer 1 modifications. The following alternatives are considered to improve handover signalling:

1. Layer 1: Improved channel coding to increase the robustness of the FACCH.

2. Layer 2: Improving the retransmission protocol on layer 2 (LAPDm). Specifically, increasing the window size of the LAPDm retransmission protocol, that today is limited to 1, is considered.

3. Layer 3: Reducing the message size of the handover command, thereby reducing the need for segmentation and acknowledgements on layer 2.

3.1 Improved channel coding

There are several possible ways to improve channel coding. With the reasonable prerequisite that replacement of legacy transceivers must be avoided, most of them are unfortunately not possible.

One possibility that has limited impact on legacy equipment is to repeat the FACCH twice with exactly the same payload. When the first FACCH block arrives, the receiver tries to decode it as usual. If this decoding fails, the receiver then sees the second FACCH frame. It then knows that the two FACCH frames can be combined before decoding since the window size of layer 2 (LAPDm) is limited to one today. This is a simple repetition code that requires small standard changes. This solution has previously been proposed in TSG GERAN [1].

The repeated FACCH channel would be used instead of the current FACCH where necessary. It could also be used as a last resort for measurement reports that have repeatedly failed over SACCH. For this purpose, a new layer 3 message could be defined in the downlink, ordering the MS to send its most recent measurement report over FACCH.

Such a channel would be an excellent complement to the new neighbor cell measurement procedure that has already been proposed in TSG GERAN [2].

The repeated FACCH would steal two consecutive speech frames for each layer 2 segment sent. On a channel with poor quality, this is not likely to result in more stolen speech frames in total since the repeated FACCH will need fewer retransmissions (on layer 2). In fact, the total number of stolen speech frames should be less due to the performance gain of chase combining. However, if the channel quality is good, the repeated FACCH should not be used. The network should preferably select whether to use regular or repeated FACCH based on measurement reports. Additionally, an incremental approach could be used where the repeated FACCH takes over if the regular FACCH has failed a few times. 

Previous simulations [1] have shown that the link performance gain of the repeated FACCH is ~4.5 dB compared to the regular FACCH.

3.2 LAPDm improvements

LAPDm is basically an acknowledged protocol prepared for a window size larger than one. However, 44.005 has limited the window size as explained in section 3.3:

“For multiple frame operation, layer 3 information is sent in numbered Information (I) frames. In principle, a number of I frames may be outstanding at the same time. However, for many applications (e.g. signalling) a window size of 1 is required. Multiple frame operation is initiated by a multiple frame establishment procedure using a Set Asynchronous Balanced Mode (SABM) command.”

The reason for limiting the window size is (probably) the Duplication Avoidance function, described in 24.007 chapter “Message Type Octet”. This mechanism had originally (pre-R’99) only one bit, so duplication can only be avoided if the maximum window size is =1. This was changed in R’99 for all messages, except RR, GCC, BCC and LCS messages. All MM, CC and SS use a 2-bit field for Duplication Avoidance, which could allow a window size of up to 3. However, in the case of Handover Command, there is no other message, which may interfere with Duplication Avoidance. In networks with tight frequency re-use, the handover operation is also critical, due to the small border zones. Increasing the message repetition frequency will reduce the delay until successful detection and thus enhance the chances of successful handover.

One possible enhancement is thus to increase the LAPDm window to 3 and allow BSS to select the appropriate window size per message (This will impact Abis, 48.058, in case a vendor-independent solution is required). BSS may still use window size 1 for all MM, CC, SS, GCC, BCC and LCS signals, to avoid impacts on the CN-BSS interfaces. In order to avoid stalling of RR-messages, BSS should be allowed to delay non-RR messages slightly or shift the order between “users” in the LAPDm queue.

This enhancement can be combined with the “Improved Channel Coding” described in section 3.1, if a restriction of transmission time is imposed. One example is that the LAPDm protocol may only send a new LAPDm frame every second frame, so that the sequence of messages from one LAPDm user (only RR, if all other users keep window size 1) is maintained. A message with two segments may be sent as a sequence “segment 1, segment 1, segment 2, segment 2”.

The same speech impact considerations and BSS implementation options described for ‘Enhanced ACCH’ exist also for ‘LAPDm Improvements’.

The performance gain obviously depends on the acceptable frequency of block repetitions, but it is believed that the delay can be considerably improved. This solution focuses on situations when the uplink is the primary limitation, causing LAPDm acknowledgements to halt the progress of transmission.

3.3 Handover command size reduction

Both “Handover Command” and “Inter System To UTRAN Handover Command” are relatively long messages, which adds to the handover delay and increases the risk of handover failures.

To alleviate this situation for the inter-RAT case, 3GPP specified pre-defined configurations, so that “Inter System To UTRAN Handover Command” is reduced in size in the most common cases.

Reducing the size of Handover Command for the most frequently used cases is a similar approach for intra-GERAN cases. 

44.018 currently states the following content:

Table 9.1.15.1/3GPP TS 44.018: HANDOVER COMMAND message content

	IEI
	Information element
	Type / Reference
	Presence
	Format
	Length

	
	RR management Protocol Discriminator
	Protocol Discriminator
10.2
	M
	V
	1/2

	
	Skip Indicator
	Skip Indicator
10.3.1
	M
	V
	1/2

	
	Handover Command Message Type
	Message Type
10.4
	M
	V
	1

	
	Cell Description
	Cell description
10.5.2.2
	M
	V
	2

	
	Description of the first channel, after time
	Channel Description 2
10.5.2.5a
	M
	V
	3

	
	Handover Reference
	Handover Reference
10.5.2.15
	M
	V
	1

	
	Power Command and Access type
	Power Command and Access type
10.5.2.28a
	M
	V
	1

	D-
	Synchronization Indication
	Synchronization Indication
10.5.2.39
	O
	TV
	1

	02
	Frequency Short List, after time
	Frequency Short List
10.5.2.14
	C
	TV
	 10

	05
	Frequency List, after time
	Frequency List
10.5.2.13
	C
	TLV
	 4-131

	62
	Cell Channel Description
	Cell Channel Description
10.5.2.1b
	C
	TV
	17

	10
	Description of the multislot configuration
	Multislot Allocation
10.5.2.21b
	C
	TLV
	 3-12

	63
	Mode of the First Channel(Channel Set 1))
	Channel Mode
10.5.2.6
	O
	TV
	 2

	11
	Mode of Channel Set 2
	Channel Mode
10.5.2.6
	O
	TV
	 2

	13
	Mode of Channel Set 3
	Channel Mode
10.5.2.6
	O
	TV
	 2

	14
	Mode of Channel Set 4
	Channel Mode
10.5.2.6
	O
	TV
	 2

	15
	Mode of Channel Set 5
	Channel Mode
10.5.2.6
	O
	TV
	 2

	16
	Mode of Channel Set 6
	Channel Mode
10.5.2.6
	O
	TV
	 2

	17
	Mode of Channel Set 7
	Channel Mode
10.5.2.6
	O
	TV
	 2

	18
	Mode of Channel Set 8
	Channel Mode
10.5.2.6
	O
	TV
	 2

	64
	Description of the Second Channel, after time
	Channel Description
10.5.2.5
	O
	TV
	 4

	66
	Mode of the Second Channel
	Channel Mode 2
10.5.2.7
	O
	TV
	 2

	69
	Frequency Channel Sequence, after time
	Frequency Channel Sequence
10.5.2.12
	C
	TV
	10

	72
	Mobile Allocation, after time
	Mobile Allocation
10.5.2.21
	C
	TLV
	3-10

	7C
	Starting Time
	Starting Time
10.5.2.38
	O
	TV
	 3

	7B
	Real Time Difference
	Time Difference
10.5.2.41
	C
	TLV
	 3

	7D
	Timing Advance
	Timing Advance
10.5.2.40
	C
	TV
	 2

	12
	Frequency Short List, before time
	Frequency Short List
10.5.2.14
	C
	TV
	10

	19
	Frequency List, before time
	Frequency List
10.5.2.13
	C
	TLV
	 4-131

	1C
	Description of the First Channel, before time
	Channel Description 2
10.5.2.5a
	O
	TV
	 4

	1D
	Description of the Second Channel, before time
	Channel Description
10.5.2.5
	O
	TV
	 4

	1E
	Frequency channel sequence before time
	Frequency channel sequence
10.5.2.12
	C
	TV
	10

	21
	Mobile Allocation, before time
	Mobile Allocation
10.5.2.21
	C
	TLV
	3-10

	9-
	Cipher Mode Setting
	Cipher Mode Setting
10.5.2.9
	O
	TV
	 1

	01
	VGCS target mode Indication
	VGCS target mode Indication
10.5.2.42a
	O
	TLV
	 3

	03
	Multi-Rate configuration
	MultiRate configuration
10.5.2.21aa
	O
	TLV
	 4-8

	76
	Dynamic ARFCN Mapping
	Dynamic ARFCN Mapping 10.5.2.11b
	O
	TLV
	6-34


In an allocation with many hopping frequencies, the description of the frequencies on which the MS is allowed to hop often constitutes a large part of the Handover Command. The standard states that one of the IEs listed below shall be present:

· Frequency Channel Sequence (10 octets)

· Frequency list (4-131 octets)

· Frequency Short List (10 octets)

· Mobile Allocation (3-10 octets)

Each of the possible IEs have certain restrictions on when and how they may be used. E.g., the Frequency Channel Sequence IE can be used only if all frequencies are in the P-GSM band, while if the Mobile Allocation IE is present, the 17 octet Cell Channel Description IE shall also be present. Inevitably, a hopping frequency allocation with a large number of frequencies will make the Handover Command large with the current alternatives for coding.

In a system with a 1-1 frequency re-use, the number of hopping frequencies is typically large. Further, the allocation is often identical or similar in neighbouring cells. Consequently, a lot of signalling is wasted repeating the same frequency allocation over and over again.

A simple but efficient reduction of the message size of the Handover Command could therefore be to make the above-mentioned IEs optional in the message. If none of the IEs are present, the MS shall assume that the hopping frequency allocation is the same in the new cell as in the old.

To handle the case when the allocation differ between the neighbour cells in just a few frequencies, a further extension could be to add a new IE describing a “frequency delta”, explicitly listing the added and/or removed frequencies.

 In general, a reconsideration of the mandatoriness of each IE in the Handover Command could be fruitful, as there may be more IEs that are unchanged from one cell to the next. This is for further study.

4 Legacy MS considerations

All alternatives presented here will probably only be supported by new mobiles, possibly with the exception of downlink FACCH repetition
, so MS RAC should have a new indicator to indicate the capability.

5  Conclusions

In high capacity AMR networks, the most robust AMR modes can be operated at very low signal-to-interference levels. Unfortunately, the robustness of the FACCH and SACCH is not sufficient in these environments since they were designed for networks using full-rate and half-rate speech traffic channels (TCH/FS, TCH/HS). Therefore, there is a need to enhance the ACCH performance, in order to utilize the capacity potential of AMR. 

In this contribution, some potential improvements of the signalling have been proposed, including improved channel coding, improved retransmission protocol on layer 2 (LAPDm) and optimised message encoding of the Handover Command (layer 3).
TSG GERAN is asked to consider the need for these modifications and, as part of TEI6, select the most promising option(s) and define a solution.
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� Legacy MS will of course not be able to combine the repeated FACCH blocks but should be able to receive them and decode them individually.
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