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Higher Order Modulations for MUROS – Concept Description
1 Introduction
A new Study Item Multi-User Reusing One Slot (MUROS) was agreed at GERAN#36 [1]. The purpose of the Study Item is directed towards improving speech efficiency. Some proposals [2][3] have already been introduced that have the potential to carry 2 users over a single physical channel. This contribution introduces the concept of the usage of higher order modulations to carry more than 2 users over a single physical channel. This contribution is an update of [7].
The recently completed GERAN Evolution WIDs for Release 7, including RED HOT [4] and HUGE [5], have extensively used higher order modulations to provide higher throughput packet services. It was shown through measurements of networks over 5 continents [6], that the available signal quality in the networks is in most areas sufficient to support good packet data performance with higher order modulations, such as 16-QAM and 32-QAM. This is true both for urban and rural environments. This signal quality can also be utilized to transmit more than 2 speech users over a single physical channel.
2 Concept Description

2.1 Downlink

2.1.1 Speech multiplexing

For the downlink channel, several speech channels can be transmitted simultaneously over a single physical channel. Each channel can be separately encoded. In the case that AMR speech encoding is being used, this allows for independent selection of codec mode for each user.

A diagram showing the concept of multiplexing four users is shown in Figure 1.
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Figure 1: Higher Order Modulation for MUROS in Downlink
As can be seen in Figure 1, each user is separately encoded. After rate matching, the users are multiplexed together. There are several policies the multiplexer could take. One option is to fairly divide the resource among the users. For example, by concatenating the users’ messages and then bit interleaving, or by allocating separate symbols for every user. In order to allow power control between the users the number of bits the rate matching outputs can be unequal. Another option that can be used is allocating each user a bit (or bits) in the modulation constellation. This option allows inherent power control, as the strength of bits is not equal. 
Using this method, one can multiplex 1 to 4 users on the same slot. As in TCH/AFS, each speech frame is interleaved over 8 physical slots to allow as large as possible time diversity. 
Furthermore, in order to enable a lower coding rate and to allow power control, a higher modulation than the minimum needed to convey the users can be used. This can be done in the following manner. Assume for example using a 16-QAM modulation. In order to allow multiplexing of four users using the fair policy, each user provides the same number of bits, regardless the AMR codec mode in use. The multiplexer then concatenates the messages and interleaves them on the burst. If instead, only three users are to be multiplexed, either 8-PSK modulation can be used or, if 16-QAM modulation is to be used, the channel code rate can be lowered for each user, or only to a particular user. 
2.1.2 SACCH
This section presents a number of options for SACCH downlink support.
2.1.2.1 Aligned SACCH Performance
The performance of the SACCH signaling channel could be aligned with the performance of the speech channels that it supports. This seems reasonable as there is no expectation that the network would need to maintain a speech call where the speech data FER remains very high for an extended period of time. With the existing channel coding of the SACCH channel, this can be supported over modulations of similar order to those supporting the speech channels. Repeated SACCH can also be supported using this principle.

2.1.2.2 Unified SACCH messages
The content of the information provided to different users on their respective DL SACCH messages is very similar. This enables us to consider defining a modified common SACCH. This will carry slightly more information in each SACCH message, but would likely retain very similar link performance as compared to the current SACCH.

The SACCH message content is shown diagrammatically in Figure 2. MSPC denotes Mobile Station Power Control, and TA denotes Timing Advance. The MSPC & TA values sent on DL SACCH indicate the values that the network orders the particular mobile station (MS) to use. Each of the MSPC & TA fields is a single octet. The remaining content is (typically) system information, such as, for example, SYSTEM INFORMATION TYPE 5. This information field is up to 21 octets in length. The encoded data code rate is then: R = (23*8 + 40 + 4)/456 = 0.5. 
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Figure 2: Legacy SACCH Message Content

Figure 3 shows another option for support of four users in MUROS. Since the information such as SYSTEM INFORMATION TYPE 5 content is common to all the users (it details the beacon channels of surrounding neighbor base station cells/sectors) we provide it in a single message to two users. Also instead of sending ordered MSPC & TA values to a single MS, we instead slightly extend the content of the message, and send order information for two users, as shown in Figure 3. The length of the message is now 25 octets (200 bits). Assuming that the number of transmitted bits remains the same, the resulting code rate after the extension is: 

R = (25*8 + 40 + 4)/456 = 0.535

In this way, two users can be supported per single allocated SACCH timeslot. Using the half rate framing, it is then possible to support four dedicated users, two in Frame 12 and two in Frame 25. The link performance of such an encoded block should be very close to that of the original SACCH format, and so it is anticipated that there will be no impact on system performance.
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Figure 3: Suggested Unified SACCH Message Content for four users
2.1.2.3 SACCH Messages Using Header

Another approach to transfer the SACCH content is by allocating bits in speech slots to add a header field. In order to support the legacy SACCH code rate (and so obtain similar performance), an aggregated total of up to four slots is needed to allow multiplexing of four users. In the TDMA multi-frame structure, two slots are already available for SACCH, in frames 12 and 25. This leaves two slots payload to be transmitted using headers in the four users case. The number of symbols needed to convey the header in each speech frame is 116*2/24<10 symbols. This reduction of this number of symbols will likely have a small effect on the speech code rate.
2.1.2.4 Half Rate SACCH

Another approach is transmitting the SACCH message to each user using legacy messages but only at half the rate. As the information rate in the SACCH messages is low, this approach is feasible. The principle that the change in information is slow is also used in repeated SACCH - this is used when the signal conditions are very poor. However, when multiplexed users are in use, signal conditions are much better than those requiring repeated SACCH. SACCH reception performance will be good, and so the reduced rate of SACCH transmission can be used in order to transmit SACCH messages alternately to different MSs.
2.1.3 FACCH

The performance of the FACCH signaling channel should be aligned with the performance of the speech channels that it supports. With the existing channel coding of the FACCH channel, this can be supported over modulations of similar order to those supporting the speech channels. If each speech user is independently encoded, then the bits relating to that user can be replaced by a FACCH block related to that user, without impacting the other users.

Repeated FACCH can also be supported using this principle.

The process of handover would be expected to be handled using these FACCH channels. However, in case of sudden substantial changes in signal conditions, an additional method could be considered that allows momentary use of a more robust signaling channel to perform handover. This could be done by dropping back to GMSK modulation for particular control messages in bad conditions.

2.1.4 Burst Format Signaling

It is anticipated that, in order to support different formats of speech users over a higher order modulation physical channel, some sort of format signaling will be required.

2.1.5 Code Rate

The code rates achievable when multiplexing four speech users over a 16-QAM modulation and two speech users using a QPSK modulation are the same as currently in TCH/AFS. If a header field of 10 symbols per slot is in use when multiplexing four users over a 16-QAM modulation, the achieved code rates are given in Table 1.
Table 1: AMR channel coding rates on DL compared with 16-QAM modulation and four users with headers
	AMR
	AMR code rate (no header)
	Four users over 16-QAM
with header

	TCH/AFS12.2
	0.56
	0.61

	TCH/AFS10.2
	0.47
	0.51

	TCH/AFS7.95
	0.37
	0.40

	TCH/AFS7.4
	0.34
	0.38

	TCH/AFS6.7
	0.31
	0.34

	TCH/AFS5.9
	0.28
	0.30

	TCH/AFS5.15
	0.24
	0.27

	TCH/AFS4.75
	0.23
	0.25


2.2 Uplink

2.2.1 Speech multiplexing

Uplink multiplexing of speech data is suggested to be based on time division. Two possible options for uplink are described in the following subsections.
2.2.1.1 Using Legacy Normal Slot

Multiplexing using the normal slot format is possible by letting each user transmit in dedicated frames. The required speech frame rate is (on average) one AMR frame every four TDMA frames. Four users can be multiplexed by allowing each user to transmit in one slot out of four, with interleaving depth of a speech frame over 2 slots. Figure 4 shows this; for example the red speech frame is interleaved over slots in frames 1 and 5, the blue speech frame over frames 2 and 6. The drawback of this approach is that the diversity order from burst interleaving is reduced (although partially compensated by the antenna diversity in the base station). 
Another option is to interleave speech frames over a depth of 3 slots. This increases the diversity from interleaving, while slightly affecting the delay (by 1 extra TDMA frame, about 5ms) as compared to regular AMR delay. For example, speech frames of User 1 would be interleaved as: speech frame 1 over frames 1, 5 & 9, speech frame 2 over frames 5, 9 & 13, speech frame 3 over frames 9, 13 & 17, etc. Figure 5 shows this.
If only two users are multiplexed, then the diversity order as well as the code rate can be improved to 4 slots per speech frame, or to 5 if added delay of extra TDMA frame is acceptable. 
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Figure 4: 16-QAM Modulation and four users for MUROS in Uplink Using Normal Slot Format with depth 2 interleaving
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Figure 5: 16-QAM Modulation and four users MUROS in Uplink Using Normal Slot Format with depth 3 interleaving

2.2.1.2 Using New Half Slot Format

2.2.1.2.1 Using New Half Slot Format

Another option is shown in Figure 6. In this case the existing 577us timeslot would be divided into 2 shorter timeslots, each with its own training sequence, guard time and tail bits – this is shown in Figure 7. Transmission would be done using a higher order modulation in order to achieve a good coding rate.
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Figure 6: Higher Order Modulation for MUROS in Uplink Using Half Slot Format
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Figure 7: Half Slot Format with no Overlap
It is anticipated that some optimization of the length of the training sequence code would be done, in order to balance with the available data fields.
2.2.1.2.2 Using New Half Slot Format combined with OSC TSC

An extension of the half slot principle is to transmit the data from each of the MSs in separate parts of the slot, but to assign the timing of the training sequence position such that the 2 training sequences overlap in time - this is shown in Figure 8. Since the bits of both of the training sequences are known by the BTS, it is anticipated that good estimates of the channel from each MS can be obtained.
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Figure 8: Half Slot Format with Overlap
2.2.2 SACCH

This section presents a number of options for SACCH uplink support.

2.2.2.1 Aligned SACCH Performance

The performance of the SACCH signaling channel could be aligned with the performance of the speech channels that it supports. With the existing channel coding of the SACCH channel, this can be supported over modulations of similar order to those supporting the speech channels. Repeated SACCH can also be supported using this principle.

2.2.2.2 Using Header

Another approach to handle the SACCH messages is by adding a header to some or all the speech slots. In order to support legacy SACCH performance, an aggregated total of up to four slots are needed to allow multiplexing of four users. In the TDMA multi-frame structure, two slots are available, in frames 12 and 25. This leaves two slots payload to be transmitted using, for example, headers. The number of symbols needed to convey the header in each speech frame is 116*2/24<10 symbols. This number of symbols will have a small effect on the speech code rate.

2.2.2.3 Half Rate SACCH

A further approach is transmitting SACCH message from every user using legacy messages but only half of the time. As the information rate in the SACCH messages is low, this approach seems feasible. A similar approach is taken in order to use repeated SACCH; however in the case of multiplexed users, the performance of the SACCH will be much better than that of the supported speech data, so the half rate SACCH can be use to multiplex SACCH between users.
2.2.3 Burst Format Signaling

It is anticipated that, in order to support different formats of speech users over a higher order modulation physical channel, some sort of format signaling will be required.

2.2.4 Code Rate

The code rates achievable with multiplexing four speech users over a 16-QAM modulation and two speech users using a QPSK modulation are the same as TCH/AFS. If a header of 10 symbols per slot is in use when multiplexing four users over a 16-QAM modulation, the achieved code rate are given in Table 1 above.

The code rates achievable for multiplexed four speech users using 16-QAM modulation, and two user using QPSK modulation, with half slot and 16 symbols TSC, are given in Table 2. The calculations including a header for four users, it is assumed that the header requires 10 symbols per slot.

Table 2: AMR channel coding rates on UL with 16-QAM modulation, using half slot and 16 symbols TSC

	AMR
	Two users (without header)
	Four users

(without header)
	Four users

with header

	TCH/AFS12.2
	0.59
	0.59
	0.65

	TCH/AFS10.2
	0.49
	0.49
	0.54

	TCH/AFS7.95
	0.38
	0.38
	0.42

	TCH/AFS7.4
	0.36
	0.36
	0.39

	TCH/AFS6.7
	0.32
	0.32
	0.36

	TCH/AFS5.9
	0.28
	0.28
	0.31

	TCH/AFS5.15
	0.25
	0.25
	0.27

	TCH/AFS4.75
	0.23
	0.23
	0.25


2.3 Power Control (Downlink)
Some measure of power control differential between the users supported within the constellation is desirable, in addition to that for the complete constellation. This could be achieved by appropriate mapping of users’ bits into the constellation.
For modulations such as 16-QAM, some bits of the modulation constellation have better performance than other bits (stronger v weaker bits). In case that a user is desired to have better performance than another, then the 1st user could have encoded bits primarily mapped to strong bits in the constellation, while the other is mapped primarily to weaker bits. In the case that there is no preference, then mapping could be done between strong and weak bits equally for each user.

2.4 Dynamic Channel Allocation

In addition to some internal power control, dynamic channel allocation (DCA), can group the users into sets of users that have similar needs, and allocate these to a common resource. As the signal conditions of each user change, these sets can be updated in order to maximize effectiveness.

2.5 DTX Handling

The decision of each user to activate DTX will be independent. In this case, a lower, more robust, modulation could be used according to the number of users instantaneously required.

3 Simulation Results

This section shows some simulation results for two speech users multiplexed on QPSK modulation both in uplink and downlink, and four speech users multiplexed on 16-QAM modulation both in uplink and downlink. The conditions are co-channel interferer with a TU3 iFH channel. Both for two users and four users, the legacy AMR coding scheme and puncturing were used.
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Figure 9: Speech user performance of multiplexed users in Downlink
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Figure 10: Speech user performance of multiplexed users in Uplink

The required C/I are summarized in the following table.

Table 3: Required C/I @ 1%FER

	Users
	AMR codec rate
	U/L
	D/L
	Difference

	1
	12.2
	9.2
	9.2
	0

	
	5.9
	4.1
	4.1
	0

	2
	12.2
	14
	11.7
	2.3

	
	5.9
	8.5
	6.2
	2.3

	4
	12.2
	20.9
	16.9
	4

	
	5.9
	14.3
	10.4
	3.9


The required C/I improvement when increasing the number of users is summarized in the following table

Table 4: Required C/I improvement in incresing number of users @ 1%FER
	
	AMR code rate
	U/L
	D/L

	from 1 user to  2 users
	12.2
	4.8
	2.2

	
	5.9
	4.3
	2.2

	from 2 users to  4 users
	12.2
	6.6
	5.2

	
	5.9
	5.8
	4.2


For four users in uplink, the gain achieved when interleaving speech frame over 3 slots instead of two is shown in Figure 11.
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Figure 11: Performance gain in 3 slots interleaving in uplink

4 Conclusions

It is desirable to support several speech users over a single physical channel simultaneously.
Network measurements during the GERAN Evolution development showed that excellent signal qualities are available in many parts of the networks, appropriate to the use of higher order modulations, such as 16-QAM.
This contribution has introduced the concept of using higher order modulations for transmitting multiple speech users simultaneously over the same physical resource.
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