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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

GERAN is a result of over a decade of radio interface evolution that is still ongoing. While GERAN is or is being deployed worldwide also in emerging markets, evolving further the GERAN radio interface needs to be studied to ensure not only that the same services are available regardless of the underlying radio technology UTRAN or GERAN, but essentially that service continuity exists across these radio technologies supported by core network evolution e.g. IMS. Such an evolution is also needed to maintain GERAN competitiveness as well as UTRAN competitiveness.
1
Scope

The present document is an output of the 3GPP work item “Future GERAN Evolution” [1]. 

The scope of this document is to capture the results of the feasibility study on the GERAN to: increase capacity, coverage and data rates; reduce latency; and enhance service continuity with other RATs; while minimising impacts to infrastructure.

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[<seq>]
<doctype> <#>[ ([up to and including]{yyyy[-mm]|V<a[.b[.c]]>}[onwards])]: "<Title>".

[1]
3GPP TSG-GERAN#24 Tdoc GP-051052 "Work Item Description: Future GERAN Evolution"

Delete from the above heading those words which are not applicable.

Subclause numbering depends on applicability and should be renumbered accordingly.

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the [following] terms and definitions [given in ... and the following] apply.

Definition format

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

Symbol format

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the following abbreviations apply:

Abbreviation format

<ACRONYM>
<Explanation>

4
Objectives

4.1
General

The general objective of this study is to improve the service performance and to provide efficient bearers for GERAN to meet enhanced demands for different types of services. Some examples of services considered are given below.

· Interactive and Best-effort services (like web browsing, file download and image or video clip upload) typically gain from increased mean bit rates, but also gain from reduced latency, e.g. throughput is limited by the TCP window size divided by the round trip time.

· Conversational services (like Voice over IP (VoIP) and enhanced Push to talk over Cellular (PoC)), as well as, e.g., on-line gaming services typically have high requirements on latency and fast access.

· All services may gain from improved coverage, e.g. video-telephony is a service that will need (better) coverage for higher bit rates for both uplink and downlink.

· All services may gain from a mobile station always being connected to the most appropriate base station, i.e. as seen from a radio performance perspective, as this may yield higher capacity, reduce latency etc. due to improved interference conditions.

· Particular requirements may be set by services like broadcast TV over MBMS bearers. Typically, high bit rates are required at the same time as robustness is important to fulfil coverage and latency requirements as well as providing interactivity. 

A GSM/EDGE network may interoperate with WCDMA RAT, either within an operator’s network or with different operators. There are also standalone GSM/EDGE networks. Both the GSM/WCDMA networks and the GSM only networks will benefit from the increased GSM/EDGE service portfolio. A combined WCDMA & GSM/EDGE network will benefit from better service continuity between the accesses resulting in an easier resource utilisation and service provisioning. GSM/EDGE only networks can give their users an increased range of end user services/applications and possibly make use of applications/services that do not require adaptations to access specific capabilities. This could potentially lead to reduce cost of provisioning and create a wider use of services. 

As a general guideline, the following sub-sections detail the performance requirements and design constraints the proposed features/candidates should take into account. Taking those in consideration would enable easy network evolution and be able to efficiently use existing network equipment and support legacy mobile stations.

Each candidate should describe the compliance to the following relevant assumptions and pre-requisites. If non-compliant the reasons and consequences need to be detailed. 

4.2
Performance objectives

The enhancements are expected to provide (either a single one or as a group of enhancements per listed requirement):

· Spectrum efficiency/capacity (interference limited scenario) 

· 50% better (measured in kbps/MHz/cell for data and Erl/MHz/cell for speech)

· Increase peak data rates

· 100% better in downlink and uplink 

· Improved coverage (noise limited scenario)

· Speech and data

· Sensitivity increase in downlink of 3 dB 

· Improved service availability (when cells are planned for speech) 

· Increase mean bit rate by 50% at cell edges for uplink and downlink 

· Reduced latency

· Initial access (“no TBF assigned”)

· A round trip time less than 450 milliseconds (in non-ideal radio conditions on the radio interface)

· After initial access

· A round trip time less than 100 milliseconds (in non-ideal radio conditions on the radio interface) 

NOTE: Round trip time means end-to-end; i.e. the time between sending an echo request from the end user to the server and receiving the response, but in this document only contributions from the mobile station up to the Gi interface and vice versa are included in the RTT figure.
· Balanced performance improvements

· Throughput improvements should be supported by available round trip time e.g. RTT-bit rate-product should not increase over typical TCP window size.

· Relatively similar uplink and downlink improvements on bit rates, coverage, capacity and latency.

· Peak bit rate or improvements in ideal conditions should not be primary optimisation goal, but typical performance in real network.

4.3
Compatibility objectives

Editor’s notes: This chapter will capture compatibility requirements to existing terminals, infrastructure and services

The proposals should consider the following compatibility objectives:

- Coexist with existing legacy frequency planning

- This will enable an operator to deploy the enhancements in existing network given already existing adjacent frequency protection levels, sensitivity and interference levels

- This will enable an operator to do plug-and-play deployment of new enhanced radio bearers in existing networks

- Coexist with legacy mobile stations 

- This will enable compatibility with legacy (E)GPRS terminals by allowing multiplexing of shared resources and thereby avoiding radio resource segregation

- Avoid impacts on existing BTS, BSC and CN hardware

- This will enable use of already existing hardware and only require a software upgrade

- Be based on the existing network architecture and minimal impact on core network



- This will enable an operator to re-use existing network nodes

- Be applicable also for Dual Transfer Mode

- Be applicable for the A/Gb mode interface

5
<Title of Enhancement>

5.1 Introduction

Editor’s notes: This chapter should include which requirements listed in chapter 4 that the proposed enhancement is expected to fulfil

5.2
Concept description

Editor’s notes: This chapter will provide a description of the proposed enhancement

5.3
Modelling Assumptions and Requirements

Editor’s notes: This chapter will capture the modelling requirements and the assumptions used when performing simulations to evaluate the proposed enhancement

5.4
Performance Characterization

Editor’s notes: This chapter will capture the performance simulation results for the proposed enhancement

5.5
Impacts to the Mobile Station

Editor’s notes: This chapter will capture the requirements or study results on MS implementation complexity

5.6
Impacts to the BSS

Editor’s notes: This chapter will capture the requirements or study results on BSS implementation complexity

5.7
Impacts to the Core Network

Editor’s notes: This chapter will capture the requirements or study results on CN implementation complexity

5.8
Impacts to the Specification

Editor’s notes: This chapter will capture the required changes that the proposed enhancement will have to the specifications

6
Mobile station receiver diversity

6.1 Introduction

Mobile Station receiver diversity is a downlink feature, which improves the receiver performance of the mobile station by means of an additional antenna. The introduction of Single Antenna Interference Cancellation (SAIC) characterised by the Downlink Advanced Receiver Performance (DARP) requirements has already shown that receiver enhancements in the MS can provide significant gains in terms of spectral efficiency [1]. MS receiver diversity offers the possibility of enhanced channel diversity and the potential for further improved interference cancellation performance for GMSK modulated signals as well as significant gains for 8PSK-modulated signals. As stated in section 4 one of the key objectives of the GERAN evolution is to improve the end user performance, for instance by increasing the average data rates, and the receiver performance improvement introduced by MS receiver diversity has the potential to do exactly that by e.g. improving user throughput for downlink EGPRS services. 

6.2 Concept description

The aim of MS diversity is to enhance the reception of a given link in the downlink direction, by means of diversity provided by an additional antenna. Thus, receiver diversity is based on reception of the same signal on two antennas in the MS. Therefore no changes are made to the transmissions schemes in the base transceiver station (BTS). 
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Figure 1: Concept of MS Receive Diversity

Seen from the Layer 1 in the MS, the introduction of MS Receiver diversity will be a general link level improvement. That is, the signals received by the two antennas are to be combined as one link. Therefore existing algorithms and procedures such as link adaptation, bit error probability estimation and RXQUAL are expected to remain unchanged in the sense that these measures simply reflect improved link quality.  

6.3 Modelling Assumptions and Requirements

To evaluate the performance of dual-antenna terminals, the channel models currently used in TSG GERAN must be extended to model two parallel channels. Figure 2 depicts a model of the environment surrounding a dual antenna MS. 


[image: image4.wmf]TX

(desired)

TX

(interferer)

RF2

RF1

AWGN1

AWGN2

Digital processing

Estimated symbols

Correlation

Correlation

TX

(interfererN)

Correlation

r

1

n

r

2

r

G

1

G

2


Figure 2: Interferer environment for a dual antenna MS.

As seen from the figure, the MS has two receiver branches, each influenced by both interference and thermal noise (modelled by AWGN). The figure also illustrates how the signal received at one antenna will be correlated with the signal received at the other. For instance, the desired signal received at the two antennas is correlated with a correlation factor 
[image: image5.wmf]1

r

.  This correlation factor is a function of the radio propagation environment, the physical design of the MS as well as the presence of a user. 

Besides the correlation factors, the model shows individual gain for each antenna, 
[image: image6.wmf]1

G

and 
[image: image7.wmf]2

G

. The difference between these values is sometimes referred to as the branch power difference (BPD) or the antenna gain imbalance (AGI). This difference is dependent on the physical design of the transmitting and receiving antennas, the scattering medium and also on other factors including user interaction. For example, the user may cover one of the two antennas with his/her hand during reception. The BPD is only considered most relevant for noise-limited scenarios (i.e. at, or close to the minimum supportable received power level), since – to a first-order approximation - the carrier to interference ratio (CIR) can be considered the same for each antenna although one has less gain than the other. That is, both carrier and interferer are attenuated thus maintaining the same CIR.

In order to evaluate the performance of dual antenna mobiles, a dual channel model must be defined, which takes the impact of antenna correlation and gain differences into account. 

6.3.1
Single input - dual output channel model

Figure 3 shows a simple linear model that can be used to generate a two branch fading signal. 
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Figure 3: Single input - dual output channel model for MS Receiver Diversity

The model consists of a single input signal, which is sent through two fading channels. The multipath fading is independent rayleigh fading processes but the channel profile, e.g. TU50 is the same for each branch. The correlation between the two branches is generated using the weighting factor 
[image: image9.wmf]r

. The system equations of the linear model are,
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6.3.2 Multiple interferer model

The single input-dual output model is easily extended to a multi-interferer scenario as shown in Figure 4. The model uses instances of the single input dual output channel model to instantiate the interfering signals. After summation of the interfering signals and the desired signal an AWGN signal is added to the received signal at each antenna to model the internal noise of the receiver. A gain scaling is also applied to model the difference in antenna gains. 
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Figure 4 : Multi interferer model

6.3.3 Test scenarios

6.3.4 Link model to system model mapping

6.3.5 System level model

6.4 Performance Characterization

6.4.1  Link Level Performance

6.4.2  System level Performance

6.5 Impacts to the Mobile Station 

MS receiver diversity has significant impacts to the MS design. The additional antenna and corresponding RF module is likely to increase the size and thus also the cost of the MS. Assuming a parallel receiver structure, MS Diversity can in terms of signal processing be considered as somewhat comparable to twice the complexity of SAIC.

6.6 Impacts to the BSS

The introduction of MS receiver diversity is likely to require the optimisation of BSS algorithms such as link adaptation and power control.

6.7 Impacts to the Core Network

As with SAIC/DARP it is desirable that the network is able to take the improvement in link level performance into account. That is, it should be possible for the MS to signal its capabilities to the network. This could be implemented as a DARP phase 2. 

6.8 Impacts to the Specification

As was the case with SAIC/DARP, MS receiver diversity can be implemented with limited impacts to the 3GPP specifications. 

Table 1 : Impacted 3GPP specifications

	Specification
	Description

	45.005
	Radio transmission and reception

	24.008
	Mobile radio interface Layer 3 specification; Core network protocols; Stage 3 (Release 7)

	51.010
	Mobile Station (MS) conformance specification


6.9 References

[1]
3GPP TR 45.903 " Feasibility Study on Single Antenna Interference Cancellation (SAIC) for GSM networks

(Release 6)"

[2]
3GPP TS 25.101 "User Equipment (UE) radio transmission and reception (FDD) (Release 6)"

7
Dual-carrier and multi-carrier

7.1


Introduction

Multi-carrier GERAN is a performance-enhancing feature aimed at improving peak and average user throughput, increase trunking gain, and to reduce latency. Currently, the theoretical peak data rate of EGPRS is 473.6 kbps. In a real network, bit rates in the order of 100-200 kb/s are feasible on four timeslots. With multi-carrier, both peak and average user throughput is increased proportionally to the number of carriers. With a dual-carrier constellation, the peak data rate would be close to 1 Mb/s. The need for higher bit rates could make it desirable to support multi-carrier GERAN in future releases of the GERAN standard. With this feature, peak and average bit rates can be increased in a very flexible and backwards-compatible manner. The improved data rates are needed in order to ensure that the same services are available regardless of the underlying radio technology, GERAN or UTRAN.

The most obvious benefit of multi-carrier GERAN is that it overcomes one limitation of the GSM radio interface – the 200 kHz carrier bandwidth. This limitation puts a restriction on the rate of data transfer to one and the same user, and is the fundamental difference between GSM/EDGE and other radio access technologies such as WCDMA. Multi-carrier GERAN gives increased flexibility in how the system throughput is divided among users.

Conceptually, dual-carrier is a special case of multi-carrier. Since there may be differences mainly in terms of MS implementation, special consideration is sometimes given to dual-carrier is the descriptions below.

7.2
Concept description

7.2.1
Basic concept

Multi-carrier GERAN means that multiple GERAN carriers on independent carrier frequencies (or MAIO:s in the frequency hopping case) are received by the same terminal. A straightforward solution would be to split the data flow of one user onto multiple carriers below RLC/MAC, reusing the current physical layer per carrier without modifications. This could be seen as a natural extension to the multi-slot principle, where a multi-slot allocation is now allowed to span across more than one carrier. This is illustrated in Figure 5.
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Figure 5: Left: Illustration of radio blocks in a 4-slot single-carrier allocation.
Right: Illustration of radio blocks in a 2*4-slot dual-carrier allocation. The two frequencies (MAIO:s in case of frequency hopping) are typically not adjacent.

7.2.2
Uplink considerations

A preliminary assessment is that multi-carrier is most feasible for the downlink. Whether is can be applied also to the uplink depends on MS implementation constraints which are for further study. However, even by just allowing multi-carrier reception in the downlink, it may be possible to increase the uplink data rates. For instance, the definition of higher multi-slot classes with effective sum=8 could be studied for the case of dual-carrier reception, as shown in Figure 6.
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Figure 6: Example of higher multislot classes with effective sum=8 using a second receiver for downlink reception.

If multi-carrier is not applied in the uplink, it would still be advantageous if the MS was capable of altering between the uplink carriers corresponding to the allocated downlink carriers according to the dynamic allocation (see Section 7.5.2.2 for detailed description). 

The multi-carrier operation is illustrated in Figure 7, which shows a dual-carrier mobile (4+1) multiplexed with two legacy mobiles (2+1). Note the multiplexing of the dual-carrier MS on two uplink carriers.
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Figure 7: Dual carrier multiplexing

7.2.3
Inter-carrier interleaving

This is investigated in clause 10.

7.2.4
Dual-carrier diversity

The same baseband signal is transmitted over two carrier frequencies. At the receiver, the signals on the two carriers are converted to baseband, providing two diversity branches.

7.2.5 Adaptation between dual carrier and receive diversity

In many cases, the dual-carrier would be deployed in a network that already supports the MS RX diversity. In order to guarantee the most optimal utilization of network resources, it should be possible to switch between the two modes. The performance evaluation of this scheme is studied in clause 12.

7.3
Modelling assumptions and requirements

There are no special requirements for the modelling of the multi-carrier concept. The same principles as with EGPRS can be used.

7.4


Performance characterization

7.4.1 Basic concept

7.4.1.1
Peak data rates

The peak data rates for EGPRS for different number of carriers are shown in the table below. The increase in average data rate is also proportional to the number of carriers. Since there are also some additional degrees of freedom in the channel allocation and link adaptation (trunking gain), the improvement can be somewhat larger.

Table 2: Peak data rate for EGPRS versus number of carriers.

	# of carriers
	Air interface peak data rate
(4 slots per carrier) [kbps]
	Air interface peak data rate
(8 slots per carrier) [kbps]

	2
	473
	947.2

	3
	710.4
	1420.8

	4
	947.2
	1894.4

	5
	1184
	2368

	6
	1420.8
	2841.6

	7
	1657.6
	3315.2

	8
	1894.4
	3788.8

	9
	2131.2
	4262.4

	10
	2368
	4736


7.4.1.2
Window size limited TCP throughput

The high latency is a potential problem for the transport layer protocol. In particular, the throughput and RTT should satisfy the “throughput x RTT = TCP window size” limit, which gives the maximum throughput for a given TCP round trip delay and TCP window size. This relation is illustrated in figure 4, which shows the maximum RTT for throughputs between 50-1500 kbit/s.
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Figure 4: TCP throughput boundary

7.4.1.3 Error-limited TCP throughput

7.4.1.3.1
Introduction

The TCP throughput may also be limited by the segment error rate and by the delay. This is generally referred to as the error-limited TCP throughput. In this section, the performance of TCP is considered as not limited by the TCP window.

7.4.1.3.2
TCP modelling

The error-limited TCP throughput has been analyzed in the literature, and is modelled by the following empiric formula (see [1]):
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Where the following parameters are defined

Table 2. TCP modelling parameters
	Parameters
	Description

	MSS
	IP segment size (bits)

	RTT
	Round-trip time

	T0
	Timeout (assumed = 5 * RTT)

	p
	Probability of IP segment loss

	No limit on window size


7.4.1.3.3
Multi-carrier GERAN modelling

Air Interface
The air interface peak data rate for Multi-carrier GERAN has been computed as the simple multiplication of the per-carrier peak data rate times the number of carriers. Two cases have been considered: the ideal case of 8 allocated slots per carriers, and the more realistic case of 4 allocated slots per carrier. The peak data rates are shown in table 1 in section 7.4.1.1.
TCP related figures

The TCP error-limited throughput has been modelled by the following set of parameters.

Table 3. Figures used to model the TCP error-limited throughput

	Parameter
	Figure(s)

	IP segment size [bytes]
	1500

	IP segment error rate
	[10e-4, 5*10e-4]

	RTT (*) [ms]
	[100, 200, 300, 400, 500, 750]

	(*) includes internet/backhaul delay + radio-related delay (including retransmission overhead)


In reality, there will be some relationship between the number of carriers, the IP segment error rate, and the associated delay. In that sense, by neglecting such association we have performed some level of approximation. However, given that the result is essentially driven by the delay figure, and, within this, by its fixed component, we believe the formula yield an accurate enough model of the expected behaviour.

7.4.1.3.4
Results

The plots provided in annex X show how the error-limited TCP throughput may turn into a performance upper bound, no matter how many carriers are combined for MC GERAN.
When the two curves (i.e. the air interface peak data rate and the TCP error-limited throughput) cross, it means that the increase of air interface peak data rate is not translating into increase of TCP throughput. In these cases, the TCP throughput is de-facto bounded by its error-limited performance (which is in turn driven by the delay component)
The following table summarizes for the considered cases of multislot allocation and IP error rate the number of carriers at which performance is bounded by the TCP error-limited throughput

Table 4. Max number of carriers before performance becomes TCP-limited

	RTT
	IP error rate = 10e-4
	IP error rate = 5*10e-4

	
	4-slot case
	8-slot case
	4-slot case
	8-slot case

	750 ms
	5
	2
	2
	1

	500 ms
	8
	4
	3
	1

	400 ms
	>10
	5
	4
	2

	300 ms
	>10
	7
	6
	3

	200 ms
	>10
	9
	9
	4

	100 ms
	>10
	>10
	>10
	9


The limit would obviously be reached earlier for if a more pessimistic IP error rate were assumed

7.4.2 Inter-carrier interleaving

Inter-carrier interleaving is evaluated in clause 10.

7.4.3 Dual-carrier diversity

Editors note: This subclause will contain a performance evaluation of dual-carrier diversity.
7.5
Impacts to protocol architecture

7.5.1
Physical Layer

7.5.1.1
Modulation, multiplexing, and radio transmission

No changes are expected.

7.5.1.2
Channel coding

The channel coding of the basic multi-carrier concept (without inter-carrier interleaving) can be carried out with the existing modulation and coding schemes of EGPRS (MCS 1-9). 

7.5.1.3
Mobile capabilities

The multi-carrier capability could be defined either as a simple indication, or as a set of dedicated multi-slot classes for multi-carrier. The first option implies that the multi-carrier mobile would act like a time-slot multiplier, the time and frequency domains being fully independent from each other. With the latter option, there would be more flexibility to control the number of time slots, but a set of new multi-slot classes would need to be specified.

7.5.1.4
Channel quality measurements 

The current EGPRS mobiles are required to support the reporting of four different types of measurements: MEAN_BEP measurements, CV_BEP measurements, interference measurements ((CH), and slot-wise MEAN_BEP measurements (MEAN_BEP_TS). 

For multi-carrier mobiles, the MEAN_BEP and CV_BEP reporting could be done either in a carrier wise or combined manner. In the carrier wise scheme, the MEAN_BEP and CV_BEP figures are individually calculated for each carrier, whereas in the combined scheme, the MEAN_BEP and CV_BEP values are averaged over multiple carriers.

The main benefit of the carrier wise MEAN_BEP and CV_BEP reporting is that the potential imbalance between the carriers is taken into account. This is especially important for the network deployments, where one carrier is placed on the BCCH layer and the other carriers on the hopping layer. In such case, the averaging over several carriers would produce an erroneous result, because the fading statistics of hopping and non-hopping carriers are different. The evident drawback of the carrier wise reporting is the increased size of the channel quality report. The increased message size can be avoided by using the poll-based reporting strategy, which is explained in section 7.5.2.6.

The main benefit of the combined MEAN_BEP and CV_BEP reporting is that the size of the channel quality report remains unchanged. The obvious drawback is the degraded estimation accuracy, when at least one of the carriers is deployed on a non-hopping layer. This problem could be avoided by limiting the scope of multi-carrier on the hopping layer, i.e. by using the same frequency parameters (except MAIO) for both carriers. Besides enabling a more reliable measurement reporting, such strategy would also simplify assignment procedures.

Regardless of the reporting strategy for MEAN_BEP and CV_BEP measurements, the interference and MEAN_BEP_TS measurements need to be reported per time slot. Again, the method of Section 7.5.2.6 can be exploited to avoid the increased message size.

7.5.2
RLC/MAC

7.5.2.1
Multiplexing with legacy MSs

The same principles apply for multiplexing on multiple carriers as on a single carrier. There is no radio resource segregation: provided that the intra-carrier interleaving is not used, the multi-carrier data flows can be multiplexed with the single carrier data flows on the same timeslots.

7.5.2.2
Multiplexing data on multiple carriers

7.5.2.2.1
Downlink – Simultaneous transmission over multiple carriers

The most straightforward way to allow for downlink transmission over multiple carriers is to allow a TBF to span over two carriers, like it would span over several timeslots. The same TFI can be used over all carriers (even a different TFI could be used per carrier, if deemed necessary). However RLC limitations (window size) may come into effect if the total amount of timeslots exceeds 8: this is looked at in Section 7.5.2.4.

7.5.2.2.2
Uplink – Time-divided transmission over multiple carriers

Uplink transmission is ruled by dynamic allocation i.e. through USF. RRBP is also used for reserving uplink radio blocks for transmission of RLC/MAC control blocks by the mobile station.

Receiving over multiple carriers brings about the transmission over multiple carriers (distinctively, as opposed to simultaneously). The following behaviour is proposed:

· Reception of an assigned USF on a given carrier grants uplink transmission on the same carrier.

· Reception of a valid RRBP on a given carrier grants uplink transmission on the same carrier.

· In case of a conflict (abnormal case, from the network side), i.e. more than one uplink radio block reserved on the same time slot and TDMA frames
 it is proposed that:

· If one of the uplink radio block is reserved by means of RRBP for an RLC/MAC control message, the MS shall respond in that uplink radio block.

· If more than one uplink radio block are reserved by means of RRBP, the MS shall respond in one of them (e.g. randomly selected). The MS shall send the RLC/MAC control message according to the priorities defined in 3GPP TS 44.060.

· If more than one uplink radio block are reserved by means of USF, the MS shall respond in one of them (e.g. randomly selected).

7.5.2.3
Segmentation / reassembly

Reassembly in multi-carrier case is comparable to reassembly in multi-slot case; additional timeslots are monitored on the allocated carriers. Note that additional requirement is put on mobile station side given all carriers have to be monitored simultaneously: the MS has to monitor all allocated timeslots on both carriers. While timeslots on a carrier are separated in time, carriers are separated in frequency (hence timeslots (with same TN) on different carriers occur at the same time).

7.5.2.4
RLC window size

The RLC window size needs to cope with the maximum amount of outstanding RLC data blocks within RLC roundtrip time. Otherwise too small a window starts to limit the peak throughput. This amount is given as follows when N carriers, all timeslots (8 per carrier) and two RLC data blocks per radio block (20ms) are used:
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Typical RLC roundtrip time is 160 ms corresponding with BS_CV_MAX value of 6. The RLC roundtrip time could however be significantly higher if Abis transport is arranged by geo-stationary satellite hop, yielding to about 640ms RTT.

As can be seen from the Equation 1, the current maximum RLC Window Size for EGPRS (1024) is well adapted for multi-carrier (except possibly in case of Abis over satellite hop), but definitely too small for GPRS (64). The usage of multi-carrier could be hence restricted to EGPRS.

7.5.2.5
Incremental redundancy

In order to retain full retransmission flexibility, the incremental redundancy (IR) within all carriers should be supported. This feature would be mandatory for MS and optional for BSS.

7.5.2.6
Link adaptation

Link quality measurements are reported in acknowledgement message, upon request from the network. As described in Section 7.5.1.4 , it would be beneficial to report the measurements separately for all carriers. In order to avoid reporting a large amount of measurement data in a single EGPRS channel quality report, the following approach could be considered: 

Report measurements for only one carrier in the acknowledgement message (i.e. report measurements for the carrier on which the poll was received). Indication of the reported carrier is needed.

7.5.2.7
Signalling

The allocation of multiple carriers needs to be supported through signalling (assignment, reconfiguration of resources) between the network and the mobile station. This will increase the likelihood for segmentation of the corresponding RLC/MAC control messages. Note however that extended RLC/MAC control message segmentation was introduced in Rel-6 for messages that span over more than two radio blocks, and can be used in this case as well.

7.5.3
Higher layers

The support of multi-carrier by the mobile station needs to be indicated with sufficient flexibility as part of the mobile station’s capabilities.

It is assumed that the indication (broadcast) of the network support for multi-carrier is not needed, given no need is identified for the MS to request a multi-carrier transmission.

7.5
Impacts to the mobile station

7.5.1 RF

7.5.1.1
Multiple narrowband receivers

There are different options for the implementation of the multi-carrier RF in the MS receiver. One option, suitable mainly for a small number of carriers (e.g., dual-carrier), is to have separate receiver chains for each carrier. This means that the multi-carrier terminals exploit an architecture, where the receiver branches can be tuned to different frequencies (see figure 5). The receiver branches can use either the same antenna or separate antennas.
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Figure 5: RF architecture for dual-carrier receiver with separate receiver chains for each carrier.

7.5.1.2
Wideband receiver

Another option, mainly suitable for a larger number of carriers, is a wideband receiver. This option may have additional impacts to the network since it may be necessary to limit the carrier spacing of the multi-carrier assignment. Also, blocking requirements may be an issue.

7.5.1.2.1
Larger bandwidth

Simultaneous reception of n carriers would obviously imply larger bandwidth for the receiver front-end. This is in itself a source for additional complexity. However, it is difficult to assess such complexity without a clear requirement on the width of the wideband front-end.
Given that most, if not all, of the GERAN carriers of the multi-carrier allocation will effectively be MAIO’s, the receiving interval (from the lowest frequency carrier to the highest frequency carrier) might even be variable. Obviously the receiver shall be dimensioned for the worst case. Thus, it would be beneficial to establish some assumptions in that sense. In other words,
· Can there be any assumption on the maximum interval between carriers for which the multi-carrier receiver shall be dimensioned for?
7.5.1.2.2
Channel separation
As mentioned in a previous contribution (see [2]), channel separation may be performed with known techniques, e.g. digitally.
However, it is important to note that the complexity of digital channel separation is also dependent on the width of the wideband receiver, which shall maintain the same C/N applicable today for GERAN
, which in turn is likely to have an effect on power consumption.

7.5.1.2.3
Blocking requirements

Blocking requirements are described in 3GPP TS 45.005 Section 5 (see [5])

In-band blocking requirements are obviously defined assuming that there is one “useful” carrier, and the receiver has to fulfill some blocking requirements towards all frequencies higher and lower than the “useful” carrier.

This can be illustrated pictorially by the following figure, which refers to a “small MS” in the GSM900 band.
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Figure 6: In-band blocking requirements for a R6 “small MS” in GSM900

It is very unlikely that a similar blocking requirement structure can be maintained for a wideband multi-carrier receiver. 

In essence, we would now have multiple “useful signals”, around each of which we should depict a structure as in Figure 1. This is obviously not a practicable option as we would end with drawing a blocking requirement on top of a “useful signal”.

Thus, it seems that blocking requirements should be relaxed. A qualitative sketch of such relaxation is illustrated below.
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Figure 7: Possible relaxation of blocking requirements for a multi-carrier “small MS” in GSM900
Note that the “grey area” between the “useful signals” corresponds to the area where the performance requirements for adjacent interference apply. A redefinition of these requirements may also be needed, depending on the respective spacing of the “useful signals”.

Further, it is important to consider that, if the frequencies of “useful signals” are effectively MAIO’s, then also the respective spacing are changing on a TDMA frame basis. Thus, it should be discussed 

· Whether any bound on the respective spacing of the multiple carriers can be assumed

· How blocking should be defined (qualitatively) for a receiver expected to receive multiple carriers at once (i.e. should it look like Figure 7?)
7.5.2 Baseband

On baseband, the receiver is required to process multiple RLC/MAC blocks per time slot. This requirement may have an impact on meeting the timing requirements of baseband processing. The baseband complexity is directly proportional to the number of carriers.

The support for multi-carrier incremental redundancy may have an impact on the baseband design. In practice, it is required that the channel decoder of a multi-carrier mobile is able to store and retrieve soft decisions from a common pool of soft values.

Editors note: add text dual-carrier diversity.

7.6
Impacts to the BSS

Multi-carrier is expected to have no impact on EDGE transceivers, but the BSS needs to perform data transfer (possibly including incremental redundancy transmission), resource allocation and link control for more than one carrier. 

7.7
Impacts to the Core Network

No changes are expected to the core network except that new capabilities shall be signalled by the MS to the network.

Editors note: add text about dual-carrier diversity.
7.8
Impacts to the specifications

A common RLC/MAC layer would help minimize the impact on existing specifications and would allow enhancements of the existing mechanism for data recovery (ARQ II could be optimized over several carriers). A single TFI would be used for all carriers.

The impacted 3GPP specifications are listed in Table 3 below: 

Table 3: Impacted 3GPP specifications.

	Specification
	Description
	Comments

	43.064
	 GPRS Stage 2
	

	45.001
	 Physical layer one radio path; general description
	

	45.002
	 Multiplexing and multiple access on the radio path
	

	45.005
	 Radio transmission and reception
	 Possibly new radio requirements if wideband receivers are to be used.

	45.008
	 Radio subsystem link control
	

	44.060
	 Radio Link Control / Medium Access Control (RLC/MAC) protocol
	

	44.018
	 Radio Resource Control (RRC) protocol
	

	24.008
	 Mobile radio interface Layer 3 specification
	


7.9
Open issues

This section lists some open issues that are for further study.

· How many carriers should be the maximum in the specifications?

· Should multi-carrier GERAN be specified for both downlink and uplink or only for downlink?

· Should an MS class be defined for MS capable of receive diversity and dual-carrier GERAN, but not both at the same time?

· How are blocking requirements impacted by the use of a wideband receiver?

7.10 References

[1]
Padhye & al. “Modeling TCP Reno Performance: A simple model and its empirical validation” IEEE/ACM Transaction on Networking, vol. 8, no. 2, April 2000 

[2]. AHGEV-020. “Multi-carrier GERAN”. Nortel. 3GPP GERAN-EV Ad Hoc #1

Annex: Plots for section 7 (dual-carrier and multi-carrier)

[image: image22.emf]0

1500

3000

4500

6000

7500

9000

10500

2 3 4 5 6 7 8 9 10

Number of carriers

Throughput (bps)

Air interface max data

rate (8 slots)

Error-limited TCP tput

(delay = 100 ms)

Error-limited TCP tput

(delay = 200 ms)

Error-limited TCP tput

(delay = 300 ms)

Error-limited TCP tput

(delay = 400 ms)

Error-limited TCP tput

(delay = 500 ms)

Error-limited TCP tput

(delay = 750 ms)


Figure X.1: TCP error limited throughput vs air interface peak data rate (8 slots, IP err = 10e-4)
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Figure X.2: TCP error limited throughput vs air interface peak data rate  (4 slots, IP err = 10e-4)
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Figure X.3. TCP error limited throughput vs air interface peak data rate (8 slots, IP err = 5*10e-4)
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Figure X.4. TCP error limited throughput vs air interface peak data rate (4 slots, IP err = 5*10e-4)

8
New modulation schemes

8.1
 Introduction

Higher order modulations should be considered as a candidate to increase peak rates and, more importantly, to increase the mean bit rates. This document analyses the impact of introducing higher order modulation based on QAM in EGPRS. Simulations to evaluate link performance have taken reasonable practical impairments in the receiver and transmit implementations into consideration. 

8.2 
Concept description

The coding and modulation schemes that is already available for the current EDGE system is enhanced with the introduction of higher order modulations. Since the higher order modulations enable higher data rates, new coding schemes are also introduced. New modes for MCS-8 and MCS-9 schemes are introduced that use 16-QAM modulation. With the same payload, 16-QAM allows less coding rate (as it enables higher modem bits). Note that 8-PSK, 16-QAM and 32-QAM modulations allow modem bit rates of 1224, 1688 and 2152 per block respectively (after removing the header bits). The payloads for MCS-8 and MCS-9 are 2X564 = 1128 and 2X612 = 1224 (including the CRC bits) respectively. Therefore, 8-PSK with MCS-8 coding schemes allows a coding rate of 1128/1224 = 0.92, whereas 16-QAM modulation allows a coding rate of 1128/1688 = 0.66. More coding power introduces more diversity, and thus achieving significant gains over existing EDGE schemes.

Similarly, for MCS-9 coding scheme, using 16-QAM instead of 8-PSK enables lower rate coding 0.72 instead of 1.00.

The new proposed coding schemes MCS-10 and MCS-11 use higher order modulations with increased data rates. 

The data and coding rates for a number of possible alternative schemes can be found in the table below.

	Coding Configurations
	Simulation Parameters

	MCS
	Family
	User PDU (bytes)
	User Data Rate (kbps)
	Modulation
	Payload Length
	Header Length
	Coding Rate

	8-a
	C
	2×66
	52.8
	8PSK
	2×564
	168
	0.92

	8-b
	C
	2×66
	52.8
	16QAM
	2×564
	170
	0.66

	9-a
	A
	2×74
	59.2
	8PSK
	2×612
	168
	1.00

	9-b
	A
	2×74
	59.2
	16QAM
	2×612
	170
	0.72

	10-a
	B
	3×56
	67.2
	16QAM
	3×462
	191
	0.83

	10-b
	B
	3×56
	67.2
	32QAM
	3×462
	190
	0.65

	11-a
	C
	3×66
	79.2
	32QAM
	3×542
	190
	0.76


Table 1 Coding configurations and parameters for modified and new coding schemes proposed.

The information bits are always coded using convolutional coding with coding rate of

1/3 and constrain length of 6. The coded bits are then punctured using uniform puncturing to obtain desired coding rate. Given that every nth bit must be punctured, the first n-1 bits of the puncturing pattern are set to zero (not punctured).
The signal constellations for QAM are used in figure 0.
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Figure 0: Signal constellations for QAM. Left: 16QAM. Right: 32QAM.
Editor’s note: When choosing coding rates less robust codings could be investigated to see the possibility to increase throughput by higher peak data rates. The aspects of impairments need to be considered.
Editor’s note: Describe the use of training sequences.
8.3 
Modeling assumptions and requirements

The impairments include typical imperfections like I/Q modulator/demodulator imbalance, receive and transmitter synthesizer noise, frequency error and non-linear characteristics of the power amplifier.

The impairment models used for the simulations are described in SMG2 EDGE workshop contributions from Toulouse meeting March 1999 (see reference [3] and [4]).

The frequency error is added as a rotation of the received signal,

The impairments in I/Q modulator and demodulator (gain imbalance and phase imbalance) are added.

The phase noise (synthesizer impairment) is added as a normal distributed AWGN source filtered through a low pass filter.

The power amplifier (PA) is characterized by amplitude and phase transfer characteristics, and it is memoryless.
Editor’s note: The EVM is more dependent on PA characteristics than in more up-to-date models. Simulations should be run with the new PA model.
8.3.1 
Transmitter impairments

The transmitter impairments that are used in this report are: IQ phase imbalance (phase deviation from 90 degrees between I and Q) and IQ gain imbalance (gain difference between I and Q) which are due to the I/Q modulator that produces the analog baseband signal from the I and Q signals; Phase noise due to the synthesizer that converts the baseband signal into an RF signal; Non-linearities in the power amplifier (PA) that introduces a certain EVM and phase noise depending on the back off (PA back off) from the 1-dB compression point. 

The following values have been used in the simulations:

· IQ Gain Imbalance (dB) = 0.2
· IQ Phase Imbalance (degree) = 0.5
· Phase Noise (Degree RMS) = 1.2
· PA back off = 4.3 dB or 6.3 dB
The average EVM values are calculated by averaging the EVM values among all the blocks. The average EVM measures depend on the transmitted impairments as well as the modulation method. One major factor that contributes to the EVM measurement is the PA back off. Table 2 shows the average EVM values with different PA back off values and modulations. Also, Table 2 shows the Peak-to-average ratios (PAR) for different modulation schemes

	Modulation
	Back off
(dB)
	Average EVM (%)
	PAR 

(dB)

	8-PSK
	4.3
	3.9
	3.35

	
	6.3
	3.2
	

	16-QAM
	4.3
	7.4
	5.87

	
	6.3
	3.8
	

	32-QAM
	4.3
	7.4
	5.69

	
	6.3
	3.7
	


Table 2: Back off vs Average EVM and PAR for different modulations

The PAR of 32 QAM is lower than that of 16 QAM due to the shaping gain of the 32-QAM cross arrangement. There are methods to modify the modulations to reduce the PAR, e.g. PAR for Q-O-QAM is 4.6 dB, see Feasibility report on EDGE [5]. This has not been investigated further.
Editor’s note: Alternative modulation constellations that may reduce the increase in peak-to-average ratio could be further investigated.
Editor’s note: Impact of alternative impairment levels is for further study.
8.3.2 
Receiver impairments

The receiver impairments that are used in this report are: The I/Q demodulator has

IQ phase and gain imbalances as in the transmitter; The receiver synthesizer introduces phase noise like the transmitter synthesizer; The frequency error can be seen as a constant frequency offset between the reference oscillator and the received signal.

The following values have been used in the simulations:

· Frequency Error (Hz) = 50
· IQ Gain Imbalance (dB) = 0.4
· IQ Phase Imbalance (degree) = 1.0
· Phase Noise (Degree RMS) = 1.5
Editor’s note: Impact of alternative impairment levels is for further study.
8.4 
Performance characterization

8.4.1 
Modeling assumptions and requirements

The results are obtained in a co-channel interference limited environment.

A Typical urban channel with 3 km/h mobile speed (TU-3) at 900 MHz carrier frequency is considered. 

Single transmit and receive antenna receivers are used.
A linerarised GMSK pulse shaping filter with BT product 0.3 was used.
Blind detection for different modulation schemes is not considered in the simulations (i.e. it is assumed that the modulation scheme that is used in the transmitter is known by the receiver).

8.4.2 
Comparison of BLER Performance 

The results indicate that higher order modulations are more sensitive to the impairments compared to 8-PSK modulation for the same back off. However, a good alternative is to increase the back off for QAM modulations to a level that maintains constant impairment. According to our calculations in table 2 the back off value of 6.3 dB for the QAM modulations is selected.

Figures 1-2 show block-error-rate (BLER) results for constant EVM. The results are obtained with different PA back offs for 8PSK and 16 QAM and identical average EVM values. Significant amounts of gain are observed with MCS-8 and MCS-9 coding schemes. For example, gains of 4 dB and 5.5 dB with respect to the 8PSK equivalents are observed when 16 QAM is used. The results show that with transmit and receiver impairments 16-QAM and 32-QAM modulations perform well subject to back off being increased.

Figures 3-4 plot the performance of the new coding schemes MCS10 and MCS 11 with different modulation schemes. It is seen that 32 QAM, if used, should give better performance for both these coding schemes.
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Figure 1: MCS-8 with EVM around 3.9. Back off for 8PSK was 4.3 dB and Back off for 16 QAM was 6.3 dB. 
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Figure 2: MCS-9 with EVM around 3.9. Back off for 8PSK was 4.3 dB and Back off for 16 QAM was 6.3 dB. 
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Figure 3: MCS-10 coding scheme with PA back off =6.3
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Figure 4: MCS-11 coding scheme with PA back off=6.3

Higher order modulation than 32 QAM was not considered relevant any longer, as the impact of impairments was very high.

8.4.3 
Link performance with Link adaptation

Link performance for three cases with modified and new modulation schemes according to table 1 including the impact of transmitter/receiver impairments are investigated and compared to existing 8-PSK:

	
	Case A
	Case B
	Case C
	Case D

	Coding scheme
	Modulation
	Rate
	Modulation
	Rate
	Modulation
	Rate
	Modulation


	Rate

	MCS1
	GMSK
	8.8
	GMSK
	8.8
	GMSK
	8.8
	GMSK
	8.8

	MCS2
	GMSK
	11.2
	GMSK
	11.2
	GMSK
	11.2
	GMSK
	11.2

	MCS3
	GMSK
	14.8
	GMSK
	14.8
	GMSK
	14.8
	GMSK
	14.8

	MCS4
	GMSK
	17.6
	GMSK
	17.6
	GMSK
	17.6
	GMSK
	17.6

	MCS5
	8PSK
	22.4
	8PSK
	22.4
	8PSK
	22.4
	8PSK
	22.4

	MCS6
	8PSK
	29.6
	8PSK
	29.6
	8PSK
	29.6
	8PSK
	29.6

	MCS7
	8PSK
	44.8
	8PSK
	44.8
	8PSK
	44.8
	8PSK
	44.8

	MCS8
	8PSK
	54.4
	16QAM
	54.4
	16QAM
	54.4
	16QAM
	54.4

	MCS9
	8PSK
	59.2
	16QAM
	59.2
	16QAM
	59.2
	16QAM
	59.2

	MCS10
	-
	-
	-
	-
	16QAM
	67.2
	32QAM
	67.2

	MCS11
	-
	-
	-
	-
	-
	-
	32QAM
	79.2


Table 3: Used modulation and bit rate [kbps] for the investigated cases. 
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Figure 5: Throughput vs. C/I with transmitter/receiver impairments in TU3.

Figures 5 plot the improvement of throughput (calculated as 1-error rate) with link adaptation. It is seen that significant increases in throughput are observed over the range of C/I where EDGE will currently be used. 
Editors’ note: Throughput curves are extrapolated for C/I values above 30-32 dB. Simulations should be run at sufficient C/I range to reveal possible BLER error floor levels.
8.4.4 
System simulation results

Systems simulations have been performed with no impairments included. These are not presented in this document, as we need to consider the impact of impairments comparable with existing HW.

No system simulation results including impairment consideration are available today. To further estimate the throughput gains in this case, the link results were mapped to the C/I distribution measured in live network, presented by TeliaSonera in GP-042355 [6]. The resulting CDF is shown below:
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Figure 6: Estimated throughput CDF by mapping link performance with impairments to C/I distribution of live TeliaSonera network.

From this curves the median value of the throughput increase is estimated to be 13% in case B and about the same for case C and D. For the 10 percentile with best C/I the improvement increases 18% in case B. The additional improvement in case C and D is very small in this scenario as the increase in peak rate is effective for C/I> 24 dB and there are very few reported values in this C/I range. Thus the addition of MCS-10 (16-QAM or 32-QAM) and MCS-11 (32-QAM) will contribute very little to the overall improvement. This could be different for other scenarios. It is anyway worth noting that the main part of the gain is found when improving MCS-8 and MCS-9 codings by replacing 8-PSK with 16QAM.

8.5 
Implementation impact

There are a number of alternatives when applying higher order modulations with increasing degree of impact to consider:

a) Replacing 8-PSK with 16-QAM for MCS-8 and MCS-9 only with the same user data rate (case B in chapter 5). The impact is mainly on the RF receiver and transmitter.

b) Modify MCS-8 and MCS-9 as above and in addition add new coding scheme for 16-QAM to increase the available peak rate (case C in chapter 5). This option will increase the peak user data rate as well. Thus the handling of data flows with higher rates need to be considered.

c) Modify MCS-8 and MCS-9 as above and in addition add new coding schemes for 16-QAM and 32-QAM (case D in chapter 5). The impact is similar to option b, but requests even better receiver/transmitter performance as well a handling of higher user data rates. 

In addition the modifications could be applied to DL only or both UL and DL. 

The improvement in performance and capacity due to higher order modulations will require modest increases in computational complexity at the receiver. The complexity of channel estimation, prefilter calculation, AFC etc. are in the same order as in the case of 8-PSK modulation. However, the equalizer complexity is increased depending on the modulation level. Depending on the implementation structure, the complexity increases between linearly and exponential. Applying similar tricks that are already used in modern design, the complexity increase will be more close to linear, i.e., 16-QAM will have about twice the equalizer complexity of 8-PSK.
[Editor’s note: More information on equalizer complexity requested, to be added if possible]
To include improved performance and capacity due to higher order modulations will require EVM performance of the transmitter for these modulations to be comparable with that for 8-PSK. This may put more stringent requirements on PA linearity and, to some extent, on synthesizer noise characteristics.

8.5.1  
Impacts on the Mobile Station

If higher order modulation is applied to DL only, then the main impact is the increased complexity of the receiver as described above.

The capability to receive and decode correctly QAM modulations need to be signaled in classmark 3 and MS-RAC, so the network know which coding schemes that could be used to each mobile. In addition, if new coding schemes are introduced, new capabilities for this need to be introduced. 

If applied to UL as well, the challenge is to keep EVM low enough for the higher order modulations. Mainly this will put requirements on synthesizer noise and on PA linearity. The maximum output power may decrease by 2 dB compared to 8-PSK. 

The capability to transmit QAM modulations need to be signaled in classmark 3 and MS-RAC. 

8.5.2
Impacts on the BSS

If higher order modulation is applied to DL only, then the main impact is the potentially more stringent requirements on PA and synthesizer for keeping EVM approximately constant for all modulations. However, if only 16-QAM is considered, there is fair chance that the HW impact is small or none. The impact on HW depends on the performance of present 8-PSK BSS. The increase of PAR may reduce the available maximum output power for QAM-modulations by 2 dB compared to 8-PSK, assuming the power capability of present BTSs is unchanged.
If applied to UL as well, then the main impact is the increased complexity of the receiver as described above. If peak user data rate is increased, the handling of higher peak data flow also needs to be considered. 

Thus introducing only 16-QAM on MCS-8 and MCS-9 will probably affect only SW.

8.5.3 
Impacts on the Core network

The impact on core network is negligible and only on SW. Addition of new signaling parameter is as simple as any other new feature.

8.6 
Impacts on the specification

Following specifications will be affected:

· 3GPP TS 24.008: “Mobile radio interface Layer 3 specification; Core network protocols; Stage 3”

· 3GPP TS 45.001: “Physical layer on the radio path; General description”

· 3GPP TS 45.002: “Multiplexing and multiple access on the radio path”

· 3GPP TS 45.003: “Channel coding”

· 3GPP TS 45.004: ”Modulation”

· 3GPP TS 45.005: “Radio transmission and reception”.

· 3GPP TS 45.008: “Radio subsystem link control”.

· 3GPP TS 43.064: “Overall description of the GPRS Radio Interface; Stage 2”.

· 3GPP TS 44.060: “General Packet Radio Service (GPRS); Mobile Station (MS) - Base Station System (BSS) interface; Radio Link Control (RLC) / Medium Access Control (MAC) protocol”

· 3GPP TS 51.021: “Base Station System (BSS) equipment specification; Radio aspects”

· 3GPP TS 51.010: “Mobile Station (MS) conformance specification”
8.7 
Conclusions

It has been shown that use of higher order modulation of QAM-type can improve the performance significantly on both link level and system level. 

Link simulations show that with practical impairment models, 16-QAM and 32-QAM modulations perform well and provide with respect to 8-PSK modulation for some coding schemes. Significant gains can be obtained by using 16-QAM for the highest payload modes (MCS-8 and MCS-9) instead of 8-PSK modulation. For example, with the current MCS-8 and MCS-9 coding schemes, replacing the 8-PSK modulation with 16-QAM can provide 4 dB and 5.5 dB gains, respectively.

Higher order modulations than 32 QAM have been excluded, as the estimated impact on HW is too high to be a realistic candidate for EDGE evolution. 

Taking relevant impairments into account it is shown that in a live network the improvement in performance is mainly due to introduction of 16QAM. Most of the increased throughput in this scenario originates from modifying MCS-8 and MCS-9, i.e. replacing 8-PSK with 16QAM modulation with more coding protection. Although the peak user rate is unchanged this modification increases the median value of the throughput by 13%. Replacing 8-PSK modulation with 16-QAM for MCS-8 and MCS-9 will also give the least impact on BSS, from none to small depending on present performance of the BSS.
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9
Dual symbol rate

9.1 Introduction

Dual symbol rate (DSR) doubles the modulation rate in the transmitter of the mobile station resulting to 1.9 times higher average uplink bit rates at coverage and 1.7-1.9 times higher at interference limited scenarios. The BTS receiver needs to cope with doubled transmission bandwidth and could beneficially utilise the gain of interference rejection combining (IRC) for both reception of dual symbol rate and also to provide robustness against interference due to dual symbol transmission to the normal 8PSK and GMSK reception. The receiver complexity for DSR is about 50% more complex per bit than for 8PSK. The dual symbol rate applies to normal GSM frequency planning for all re-uses up to 1/1. Evolution in uplink bit rates is needed to support uploading of images or video from camera phones and also to maintain a balance in bit rates and in coverage with downlink enhancements e.g. with dual carrier.
9.1.1
Technology outline

The transmitter power of Mobile Station is limited e.g. by multi slot power reduction, thus more effective method than adding uplink timeslots or carriers (7.x) is needed to improve uplink throughput. Interference Rejection Combining diversity algorithm is widely used in EDGE BSS and it has potentially some unused gain e.g. IRC could cope with higher amount of uplink interference.

9.1.2
Service outline

The EGPRS uplink bit rate evolution is needed to support e.g. imaging feature evolution in EGPRS mobile phones. Camera phones have couple of Mpixel resolution, high quality optics and integrated flash producing decent pictures for family use.  In consequence camera phones are replacing point-and-shoot cameras – the biggest segment in the digital photography. 

Although mobiles may have high capacity memory cards or even integrated hard disc drive, it would be likely irresistible not to send taken pictures or videos immediately to friends or family by email, post them to a web blog or a photo printing service with EGPRS phone in hand. As a bonus those camera phones would increase also downlink data traffic by peoples reading emails or visiting in blocks. So each camera phone owner would be a significant mobile content creator in terms of Mbytes and freshness of the created information. 

Dual Symbol Rate EGPRS could approximately halve image upload times, or provide almost double bit rates or better uplink coverage for real time video sharing with DTM.

9.2 Concept description

The dual symbol rate, which uses similar 8PSK modulation as EDGE, doubles up link bit rates with minimal impact to mobile stations. The transmission bandwidth is also doubled and needs appropriate receiver in BTS. According to simulations both spectral efficiency and coverage can be enhanced significantly. With dual symbol rate it’s possible to utilise properties of interference rejection combining diversity receiver for both reception and also to provide robustness against wideband interference to normal 8PSK and GMSK reception.  

Dual symbol rate is likely not applicable in downlink until penetration of diversity MS’s employing IRC is high enough to cope with DSR as base stations do in uplink.

9.2.1 Modulation

The Dual Symbol Rate could apply the existing 8PSK parameters excluding symbol rate and shaping filter. The following table compares modulation parameters of DSR and 8PSK. 

Table 4 Modulation parameter comparison

	
	8PSK
	DSR

	Symbol Rate
	270 833.3 symbols/s
	541 666.7 symbols/s

	Modulation
	8PSK
	8PSK

	Rotation
	3π/8
	3π/8

	Shaping pulse
	Linearised Gaussian, BT=0.3
	Root raised cosine, Roll-Off= 0.29 

	Peak to Average Ratio (PAR)
	3.2 dB
	2.8 dB 


The spectrum of DSR is shown and is compared with three overlapped 8PSK carriers in 
Figure 8
. 
Editor’s note: illustrate correct DSR bandwidth when RRC roll-off=0.29
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Figure 8 Spectrum of dual symbol rate

9.2.2
Multiplexing

9.2.2.1
Burst format

The normal burst format has an equal structure in time with existing GMSK and 8PSK modulated normal bursts as shown in Table 5.

Table 5 Normal burst format for DSR

	Bit number
	Length in bits
	Length in DSR symbols
	Contents

	0 – 17
	18
	6
	Tail bits

	18 – 365
	348
	116
	Payload bits

	366 – 521
	156
	52
	Training Sequence bits

	522 – 869
	348
	116
	Payload bits

	870 – 887
	18
	6
	Tail bits

	888 – 936.5
	49.5
	16.5
	Guard Period


The training sequence bits should be defined so that amplitude variations are minimized similar to 8PSK training sequences. Furthermore, the training sequence design should consider both autocorrelation and cross-correlations properties to achieve good channel estimation performance in high noise and interfering conditions.

9.2.2.2
Blind modulation detection

A blind modulation detection is likely needed in BSS to detect which of DSR, 8PSK or GMSK modulation was received although it may be possible to limit detectable options by RLC/MAC procedures e.g. by a link adaptation.
Editor’s note: provide more details on blind modulation detection
9.2.2.3
Multi slot classes

Current 8PSK multi slot classes should apply for dual symbol rate. 

9.2.3
Channel coding

The channel coding of dual symbol rate should be carried out in a similar way as with existing 8PSK modulated coding schemes of EGPRS (MCS5-5 to 9), so that incremental redundancy (IR) can be supported between 8PSK and dual symbol rate modulated blocks. 

Table 6 illustrates possible new modulation and coding schemes. The coding rate could be a bit lower than for relative 8PSK MCSs depending on the coding of header. The interleaving of RLC blocs could be optimised according to coding rate similarly as in EGPRS. The RLC/MAC header need to carry information of 4 RLC blocks thus new header type is needed, but the EGPRS header type-1 could be re-used for 2 lowest DSR MCSs.

Table 6 DSR-8PSK modulation and coding schemes

	MCS
	Family
	Modulation
	FEC
	RLC Blocks [Bytes]
	Interleaving

[Bursts]
	Bit rate

[bit/s]

	DCS-5
	B
	DSR-8PSK
	0.35 - 0.38
	2 x 56
	4
	44 800

	DCS-6
	A
	DSR-8PSK
	0.45 - 0.49
	2 x 74
	4
	59 200

	DCS-7
	B
	DSR-8PSK
	0.70 - 0.76
	4 x 56
	4
	89 600

	DCS-8
	A
	DSR-8PSK
	0.85 - 0.92
	4 x 68
	1 or 2
	108 800

	DCS-9
	A
	DSR-8PSK
	0.92 - 1.00
	4 x 74
	1
	118 400


9.2.4
RLC/MAC 

The dual symbol rate does not need changes to the existing RLC/MAC procedures and for example current uplink allocation methods e.g. dynamic allocation through USF and RRBP mechanisms should apply for DSR. 

Current maximum RLC Window size for EGPRS (1024) should apply for DSR as well as for dual carrier (7.x). 

The EGPRS link adaptation may be enhanced for DSR by adding new rules to select used MCS. 

9.2.5
RRC

Introduction of new Radio Access Capability is needed.

9.2.2 Radio transmission and reception

It could be assumed that Dual Symbol Rate has quite similar properties as 8PSK and the same approach as used for specifying properties 8PSK could be applied, but some considerations are needed due to wider spectrum. 

It is assumed that BTS uses IRC diversity allowing interferes to overlap from adjacent carriers. BTS performance for DSR should likely be specified with diversity, since that is typical BTS configuration. For performance evaluation and requirements the network interference scenario needs to be defined e.g. similar to DARP, but considering wider and thus overlapping bandwidth and uplink properties. 

9.2.2.1
Transmitter output power and power classes

No changes expected and existing E-power classes could be applied due to similar linearity requirements with 8PSK.

9.2.2.2
Modulation accuracy

Current EVM figures should likely apply with a note of different symbol rate and shaping filter.

9.2.2.3
Power vs. time

No major changes are expected if PAR is similar with current 8PSK and burst structure is specified according to the current 8PSK modulated normal burst. 

9.2.2.4
Spectrum due to modulation

Spectrum due to modulation mask needs to be changed to apply for dual symbol rate. As an initial starting point the current spectrum mask for 8PSK could shifted by 200kHz and relative amplitude corrected by 3dB corresponding the same absolute power with 8PSK.

9.2.2.5
Spectrum due to transients

Spectrum due to transients needs to reflect changes in spectrum due to modulation.

9.2.2.6
Receiver blocking characteristics

Feasibility of nearest 600 kHz offset may need reconsidered, because it’s almost in band.

9.2.2.7
AM suppression characteristics

No changes expected.

9.2.2.8
Inter-modulation characteristics

No changes expected.

9.2.2.9
Nominal Error Rates (NER)

Similar limits as for 8PSK could be applied.

9.2.2.10
Reference sensitivity level

Adding diversity cases need to be considered.

9.2.2.11
Reference interference level

Adding diversity cases need to be considered.

9.3
Modelling assumptions and requirements

9.3.1
MS transmitter modelling


Ideal transmitter was used in coverage and interference scenarios, but power amplifier model based on the GaAs HBT technology was used in spectrum due to modulation and adjacent channel power evaluations.

9.3.2
BTS receiver modelling

Uplink Interference Rejection Combining diversity (IRC) was used in simulations and some reference simulations were also performed with Maximum Ratio Combining (MRC) or without diversity. The effective noise figure was 5dB, antenna branches were uncorrelated and no other impairments were included to receiver simulations. 

9.3.3
Simulation approach for interference modelling

As seen in Figure 8 DSR spectrum overlaps over three normal 200 kHz carriers resulting in about 3 to 5 times more stringent interference situation for the BTS receiver. Thus conventional single interferer models (like CCI, ACI) or even the multi-interferer method used in SAIC cannot be used for DSR performance evaluations. 

The interference modelling used burst-wise data recorded from dynamic system simulator in link simulator to simulate multiple interferers. This approach combines benefits of both simulation environments, providing accurate evaluation of IRC algorithm to cope with multiple interferers having variable bandwidth and modulation. The number of simultaneous interferers varied dynamically up to more than 20. 

Network level results e.g. spectral efficiency was obtained by combining link results with wanted signal level statistics. 

Burst-wise interference data from dynamic system simulator included MS Id, signal level and modulation information for co-channel, 1st and 2nd adjacent channel interferers, that enable to produce system level interference environment in link simulator using similar structure as in 6.3. The signal level information was averaged in system simulator so that fast fading was simulated only once in link simulator for both wanted and all interfering signals. DSR simulations were performed by changing 8PSK modulated bursts to be DSR-8PSK modulated.

Link adaptation was not dynamic, but MCS giving the best average throughput was selected for each signal level in link simulator. It is assumed to have better results with dynamic link adaptation.

The impact of dual symbol rate signal to TCH/FS was simulated in link simulator. 

9.3.3 Assumptions for coverage modelling

The DSR coverage was modelled with the following assumptions, resulting to level of -108 dBm at cell border (95%).

	Noise floor of BTS with NF=5dB *)
	-115 dBm

	Required Eb/No for EFR (FER < 1%) with diversity
	2 dB

	Body loss difference between talk and data positions
	3 dB

	Power decrease for 8PSK related to GMSK
	4 dB

	Fading etc. margins
	6 dB


*) Noise figure of BTS is typically couple of dB lower yielding to –110 dBm at cell border, but NF=5dB is commonly used as a reference. So 2dB implementation margin is effectively included to assumptions.

9.4
System level model
9.4.1
Network model and system scenarios

4 different system scenarios were used to collect burst-wise interference data and wanted signal statistics. Network configurations and simulation parameters are listed in the tables 4 and 5. Frequency re-use 4/12 was studied for BCCH, and reuses 1/1, 1/3 and 3/9 for hopping layer. It should be noted that frequency re-use is determined for normal 200kHz carrier and with overlapping DSR carrier it is effectively 2 times higher e.g. at re-use 1/1 case the effective re-use for DSR is about 2/1. In BCCH case it was assumed that all traffic is EGPRS data, whereas in TCH case the assumption was that 20% of the resources are used for EGPRS and 80% for AMR speech. Network load was about 75% in all cases. In TCH cases there were 4 TCH TRXs in each cell serving 19.2 voice Erlangs and 4.8 timeslots for EGPRS in average. Amount of recorded bursts was large enough to achieve statistically reliable results.
Site-to-site distance was 3 000 meters in interference scenarios and 12 000 meters in the coverage scenario. The propagation environment was typical urban at 3 km/h. DTX and power control algorithms were enabled for voice and EGPRS. 

FTP traffic model with 120 kB file size was used for EGPRS and the same amount of traffic was assumed in UL and DL, causing sufficient uplink load. 

Table 7 Network model parameters
	Parameter
	Value

	Site-to-Site distance
	3 000m at interference scenarios

12 000m at coverage scenario

	Frequency
	900MHz

	Sectors per site
	3

	Antenna pattern
	65 degrees

	Log. Normal Fading standard deviation
	6dB

	Correlation Distance
	50m

	Path loss exponent
	3.67

	Propagation model
	Typical Urban, 3 km/h

	Number of cells
	75


Table 8 System Scenarios
	Parameter
	Scenario 1
	Scenario 2
	Scenario 3
	Scenario 4

	Reuse
	4/12 (BCCH only)
	1/3 (TCH only)
	3/9 (TCH only)
	1/1 (TCH only)

	Bandwidth
	2.4MHz
	2.4MHz
	7.2MHz
	2.4 MHz

	TRXs per cell
	1
	4
	4
	4

	Hopping
	No
	Random RF
	Random RF
	Random RF

	Synchronised BSS
	Yes
	Yes
	Yes
	Yes

	Data/Voice time slot –ratio
	100% / 0%
	20% / 80%
	20% / 80%
	20% / 80%

	Voice Load
	0
	 19.2 Erl 

(AMR 5.9)
	 19.2 Erl 

(AMR 12.2)
	 19.2 Erl 

(AMR 5.9)

	Voice Activity
	60% (DTX on)
	60% (DTX on)
	60% (DTX on)
	60% (DTX on)

	Voice Power Control
	Yes
	Yes
	Yes
	Yes

	Average EGPRS Load
	 5.2 slots in use
	 4.8 slots in use
	 4.8 slots in use
	 4.8 slots in use

	EGPRS UL Power Control
	Yes
	Yes
	No
	Yes

	EGPRS UL Traffic Model
	FTP (120 kB)
	FTP (120 kB)
	FTP (120 kB)
	FTP (120 kB)

	EGPRS DL/UL Traffic -ratio
	1 / 1
	1 / 1
	1 / 1
	1 / 1

	Number of recorded bursts
	40 000 (200s)
	30 000 (150s)
	30 000  (150s)
	30 000 (150s)


9.4.2
Network interference statistics 

In Figure 9, Figure 10, Figure 11 and Figure 12 cumulative co- and adjacent channel interference distributions are shown for scenario 1 and scenario 2. Carrier level shows Rx levels measured from EGPRS connections. The percentage value after the interference number displays a probability of an interferer. The complete list of the interferer probabilities are shown in 
Table 10
. Note that probabilities for the 1st adjacent apply also for the 2nd adjacent interferer.
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Figure 9 4/12 co-channel I level cdf
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Figure 10 4/12 adjacent channel I level cdf
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Figure 11 1/3 co-channel I levels
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Figure 12 1/3 adjacent channel I levels

Table 9 Signal Level statistics
	
	Scenario 1 

(4/12)
	Scenario 2 

(1/3)
	Scenario 3 

(3/9)
	Scenario 4 

(1/1)
	Coverage

	95% value
	-87.7 dBm
	-87.7 dBm
	-87.5 dBm
	-87.7 dBm
	-108 dBm

	50% (median)
	-78.2 dBm
	-78.2 dBm
	-77.3 dBm
	-78.2 dBm
	-98 dBm


Table 10 Probabilities for interferers

	Ordinal number of interferer
	Scenario 1 (4/12)
	Scenario 2 (1/3)
	Scenario 3 (3/9)
	Scenario 4 (1/1)

	
	Co- channel
	Adjacent

AC1, AC2
	Co- channel
	Adjacent

AC1, AC2
	Co-channel
	Adjacent

AC1, AC2
	Co-channel
	Adjacent

AC1, AC2

	Dominant
	92.26%
	97.44%
	98.20%
	98.33%
	63.13%
	79.85%
	98.78%
	94.97%

	2nd
	73.23%
	87.94%
	90.30%
	91.07%
	21.69%
	48.53%
	92.90%
	91.64%

	3rd
	31.96%
	63.59%
	75.51%
	76.07%
	4.04%
	22.45%
	79.62%
	83.06%

	4th
	0.57%
	39.39%
	56.17%
	56.37%
	0.50%
	8.60%
	61.41%
	68.25%

	5th
	0.00%
	19.12%
	37.34%
	37.38%
	0.08%
	0.89%
	42.95%
	50.86%

	6th
	
	5.61%
	22.17%
	22.14%
	0.00%
	0.29%
	27.53%
	34.66%

	7th
	
	
	11.14%
	11.70%
	
	0.13%
	15.80%
	21.74%

	8th
	
	
	4.86%
	5.33%
	
	0.02%
	8.01%
	12.50%

	9th
	
	
	1.62%
	1.94%
	
	
	3.46%
	6.41%

	10th
	
	
	0.37%
	0.56%
	
	
	1.24%
	2.80%

	11th
	
	
	0.09%
	0.14%
	
	
	0.37%
	1.01%

	12th
	
	
	
	0.02%
	
	
	0.09%
	0.31%


9.3 Performance characterization

9.4.1
Spectrum due to modulation

Figure 13 shows simulated example of spectrum due to modulation with GaAs HBT PA model biased near to class-B resulting 35% power added efficiency (PAE).  

The existing 8PSK spectrum mask was shifted by 200kHz and is plotted as a reference to demonstrate the impact of DSR. The carrier power of DSR is corrected by 3dB to match with the same absolute power with 8PSK measured through the 30kHz filter. 

This spectrum due to modulation is further analysed through adjacent channel power evaluation  (9.4.2)  
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Figure 13 Simulated spectrum due to modulation for dual symbol rate

9.4.2
Adjacent channel power

The adjacent channel power due to DSR transmission was evaluated by using GaAs HBT PA model biased near to class-B yielding to 35% power added efficiency. Simulated spectrum is shown in Figure 13. 

9.4.2.1
Adjacent channel power to GSM/EDGE uplink

Adjacent channel power (ACP) for different offsets was estimated through 180 kHz rectangular filter compared to the total transmitted signal power. The adjacent channel power limits were derived from the reference interference level limits for 3 lowest offsets and from spectrum due to modulation mask for higher offsets. Indeed existing limits are shifted by 200kHz. 

Results are in Table 11. Adjacent channel power due to DSR seems to comply with existing ACP limits excluding 800kHz offset, where limit was exceeded by 2 dB and could likely be improved e.g. by compromising in power added efficiency. 
Editor’s note: comment needed on system impact of reduced ACP
Table 11 Adjacent channel powers to GSM/EDGE uplink

	
	Offset

	
	400 kHz
	600 kHz
	800 kHz
	1000 kHz
	1200 kHz
	1400 kHz
	1600 kHz
	1800 kHz
	2000 kHz

	Simulated ACP @180 kHz BW
	20 dB
	55 dB
	56 dB
	62 dB
	61 dB
	63 dB
	64 dB
	64 dB
	68 dB

	Existing ACP limit @ 180 KHz shifted by 200kHz
	18 dB
	50 dB
	58 dB
	60 dB
	60 dB
	60 dB
	60 dB 
	60 dB
	60 dB

	Margin
	2 dB
	5 dB
	-2 dB
	2 dB
	1 dB
	3dB
	4 dB
	4 dB
	8 dB


The used guard band used between operators depends on regulatory requirements and possible agreements and typically does not exist or is single 200kHz channel. Thus existing ACP between operators varies and is typically 18 or 50 dB. Similar ACP values for DSR can be obtained by 200 or 400 kHz guard band. 

To ensure 50dB ACP, it is possible to use DSR at BCCH layer allocated in the middle of operator’s frequency band, so that use of edge channels can be avoided.  Or it is also possible to use restricted MA list for DSR/EGPRS avoiding edge channels of operator’s frequency allocation, which still can be used for voice. Thus DSR can be used with existing guard band and without segregation in EGPRS, but may need some support from BSS resource allocation.   

9.4.2.2
Adjacent channel power to WCDMA uplink

Adjacent channel power (ACP) was estimated through 3840 kHz rectangular filter compared to the total transmitted signal power. The impact to adjacent WCDMA uplink was estimated by determining ACP at 2.7 MHz offset and comparing it to allowed ACP of WCDMA transmitter at 5MHz offset. 

As a result modelled PA has 19 dB margin on ACP introduced to adjacent WCDMA. So dual symbol rate can be applied with current 200kHz guard band adjacent to WCDMA. 

Table 12 Adjacent channel power to WCDMA uplink at 2700 kHz offset

	Simulated ACP due to DSR
	54 dB

	Allowed ACP for WCDMA at 5MHz offset (24dBm)
	33 dB

	Margin (26dBm for DSR)
	19 dB


9.4.3
Coverage 

Throughput versus received signal level is depicted in Figure 14 for 8PSK with and without IRC and for DSR with and without incremental redundancy at TU3iFH conditions. GMSK MCSs are not included. 5dB noise figure was assumed for BTS receiver, but no other impairments. Table 13 shows throughputs and throughput gains with maximum multi slot power reduction for 1 - 4 uplink slots by using –98 dBm as a median level for single slot. The DSR could have one MCS more below DCS-5, which may improve the throughput gain at cell border.

As a conclusion DSR provides 1.9 times higher throughput in coverage limited case and provides also higher throughput than could be obtained by doubling number of uplink timeslots with 8PSK, if maximum power reduction is assumed.
Editor’s note: provide an explanation on why the halving of energy per symbol has not introduced a 3dB loss in sensitivity 
Editor’s note: comment needed on weak performance shown for IR
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Figure 14 Throughput at coverage scenario TU3iFH

Table 13 Throughputs with maximum multi slot power reduction for TU3iFH

	
	1 slot
	2 slots
	3 slots
	4 slots

	Multi slot power reduction
	0
	3 dB
	4.8 dB
	6 dB

	Average 8PSK throughput
	44 kbps
	74 kbps
	95 kbps
	117 kbps

	Average DSR throughput
	84 kbps
	139 kbps
	178 kbps
	216 kbps

	Average Throughput gain
	1.9 x
	1.9 x
	1.9 x
	1.9 x


The throughput at cell border is 22 kbit/s for DSR and 14.6 kbit/s for 8PSK yielding to 51% gain at the border of cell.

9.4.4
Performance at Hilly Terrain

The receiver performance was evaluated also at Hilly Terrain to ensure receiver’s capability to cope with delay spreads at least up to 20µs. As a result the DSR provides about 2 times higher average throughput than 8PSK at HT3 iFH conditions.
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Figure 15 Throughput at Hilly Terrain 3km/h

The throughput at cell border is 25kbit/s for DSR and 15.8 kbit/s for 8PSK yielding to 57% gain at at the border of cell.
9.4.5
Performance at interference scenarios

Throughputs versus carrier level are shown in Figure 16, Figure 17 and Figure 18. Vertical lines mark 95% and 50% signal levels.  Figure 20 summarises average throughputs at different system scenarios.
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Figure 16 Throughput at scenario 1 (4/12)
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Figure 17 Throughput at Scenario 2 (1/3)
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Figure 18 Throughput at Scenario 3 (3/9)
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Figure 19 Throughput at Scenario 4 (1/1)
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Figure 20 Average throughputs per time slot

Table 14 Summary for interference scenarios

	
	Scenario 1

(4/12)
	Scenario 2

(1/3)
	Scenario 3

(3/9)
	Scenario 4

(1/1)

	8PSK throughput per slot
	56 kbps
	49 kbps
	58 kbps
	44 kbps

	DSR throughput per slot
	99 kbps
	82 kbps
	110 kbps
	77 kbps

	Throughput gain
	1.8 x
	1.7 x
	1.9 x
	1.7 x


As conclusion DSR could provide 1.7 – 1.9 times higher average throughput in interference limited scenarios. At cell border the throughput gain was 54% at reuse 3/9. The IR performance would likely be improved, if dynamic link adaptation were applied in simulations.

9.4.6
Spectral efficiency

The spectral efficiency of DSR was estimated only for BCCH re-use 4/12 (Scenario 1) providing 522 kbit/s average throughput per cell. Thus applying Dual Symbol Rate at BCCH layer may be attractive option.   

Table 15 Spectral efficiency for Scenario 1 (BCCH 4/12)

	Modulation
	Spectral Efficiency

	8PSK
	124 kbits/s/MHz/Cell

	DSR
	219 kbits/s/MHz/Cell


By combining scenarios 1 and 3 it is possible to calculate cell level uplink throughput at 5MHz bandwidth, which is 916 kbit/s + 19.2 Erl voice.

9.4.7
Impact to voice users

The impact of DSR signal for voice users was studied by comparing TCH/FS with 8PSK and DSR interferes. 
Editor’s note: IRC performance needs to be added also for 8PSK interference case
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Figure 21 TCH/FS FER with DSR and 8PSK interferes for 1/1 reuse 

9.4 Impacts to the mobile station

Dual symbol rate has small impact to terminal e.g. HW changes could be limited to the modulator. Linearity requirements e.g. due to peak to average ratio are similar as for 8PSK. Modulation spectrum mask at 800kHz offset may need to be optimised allowing reasonable transmitter efficiency. 

Encoding complexity of DSR is 2 times higher per timeslot than for 8PSK.

9.5 Impacts to the BSS

9.6.1
Impacts to the transceiver

The BTS receiver is required to have sufficient channel bandwidth and also should have sufficient processing power for double amount of uplink data. 

9.6.1.1
Processing complexity

The channel estimate used in the simulated receiver has 11 taps and has approximately 3 times higher complexity than used for 8PSK. The complexity increase due to DSR varies depending on the type and architecture of used receiver and performance requirements for DSR. The decoding complexity is 2 times higher per timeslot than for 8PSK. 

Total processing complexity of DSR is in order of 2-3 times higher than for EDGE i.e. 0%-50% higher per bit. 
Editor’s note: elaborate futher on how estimates of processing complexity was achieved
9.6.2
Impacts to the PCU

Impacts to the PCU are minimal e.g. related to the RLC/MAC and resource management. 

9.6.3
Impacts to the BSS radio network planning

DSR can be used at least for frequency reuses up to 1/1 without impact to the voice quality. Thus it does not need changes on existing frequency planning. This assumes existing networks employ MRC or have sufficient unused gain from IRC. Possibly some considerations would be needed for edge channels of the operator band e.g. use of DSR/EGPRS is restricted at edge channels by MA list. 

The dual symbol rate benefits from synchronised BSS for tightest frequency reuses, as does AMR with SAIC. 

It could be assumed that neighbouring base stations on the same band with DSR use interference rejection combining, and so would be robust against uplink interference from other cells.

9.6 Impacts to the core network

No impacts. 

9.9 Impacts to the specification

The impacted 3GPP specifications are listed in table below.  

Table 16 Impacts to the 3GPP specifications 

	Specification
	Description

	43.064
	GPRS Stage 2

	44.018
	Radio Resource Control (RRC) protocol

	44.060
	Radio Link Control / Medium Access Control (RLC/MAC) protocol

	45.001
	Physical layer one radio path; general description

	45.002
	Multiplexing and multiple access on the radio path

	45.003
	Channel Coding 

	45.004
	Modulation

	45.005
	Radio Transmission and Reception

	45.008
	Radio subsystem link control


9.10 Compliance to the objectives

Following tables summarise compliancy to the objectives given in 4.2 and 4.3.

Table 17 Compliance with performance objectives

	Objective
	Required value
	Evaluated result for DSR
	Compliance

	Spectrum efficiency/capacity gain
	> 50%
	80%
	Compliant

	Peak data rate increase
	100%
	100%
	Compliant

	Sensitivity increase in DL
	3 dB
	N.A.
	N.A.

	Mean bit rate increase at cell edges
	> 50%
	51- 57%(coverage) 

54% (interference)
	Compliant

	Initial RTT (=Idle RTT) 
	< 500 ms
	N.A.
	N.A.

	Active RTT
	< 150 ms
	N.A.
	N.A.

	In balance with RTT-bit rate-product and TCP window 
	N.A.
	4 DSR slots need about 150 ms RTT
	Compliant

	In balanced with downlink improvements
	N.A.
	DSR is a counterpart of dual carrier
	Compliant

	Mean improvements relative to peak improvement. 
	N.A.
	“Mean to peak improvement ratio” is > 0.85
	Compliant


Table 18 Compliance with compatibility objectives

	Objective
	Evaluated result for DSR
	Compliance

	Coexist with existing legacy frequency planning
	Applies to re-uses up to 1/1 (related to normal 200 kHz carrier)


	FFS


	Multiplexing with legacy EGPRS
	Provides seamless UL multiplexing
	Compliant

	Avoid impacts on existing BTS, BSC and CN hardware (Upgradeable by SW only)
	TRX DSP complexity is 2 - 3 x higher and TRX/RX path needs sufficient bandwidth.
	FFS

	Be based on the existing network architecture
	
	Compliant

	Be applicable also for Dual Transfer Mode
	
	Compliant

	Be applicable for the A/Gb mode interface
	
	Compliant


9.11 References

[1] AHGEV-010 “Dual Symbol Rate for GERAN evolution”, Nokia 

[2] 3GPP TS 25.101 "User Equipment (UE) radio transmission and reception (FDD) (Release 6)"

10
Latency enhancements

10.1

Reduced transmission time interval

10.1.1 
Concept description

A reduced transmission time interval (TTI) will reduce the Round Trip Time. The present situation (assuming ideal radio conditions) is shown in Figure 22 where the delay related to the radio block period of 20 ms is shown. Depending on the MS capability and the radio conditions one or more radio blocks are necessary to send a Ping. By reducing the TTI the time needed to complete a Ping will be lowered.
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Figure 22. Typical delay figures related to the TTI of 20 ms in ideal radio conditions (note that the delay over Abis depends on configuration). In addition, node processing delay, core network delay and internet delay will contribute to the end-to-end delay.

Today a radio block is divided into four bursts that are mapped onto four consecutive TDMA frames using one timeslot per frame, giving a TTI of 20 ms. This together with frequency hopping provides frequency diversity since coding and interleaving is done over one radio block. There are two ways to extend this to become more generic and reduce the delay for one radio block: in time-slot domain and in frequency domain.
Editor’s note: multiplexing on the same PDTCH with legacy mobiles may not be possible
10.1.1.1
Radio block mapping in time-slot domain

Figure 2 shows two examples of radio block mapping in time-slot domain.
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Figure 2. Different mappings in time-slot domain of four bursts onto a radio block.

 The mapping of the four bursts to a radio block consists of:

i) two consecutive TDMA frames and two consecutive timeslots (left figure)

ii) one TDMA frame and four consecutive timeslots (right figure)

Alternative (i) reduces the TTI from 20 ms to 10 ms and alternative (ii) to 5 ms. 

10.1.1.2
Radio block mapping in frequency domain (inter-carrier interleaving)

By mapping the four bursts of a radio block onto two consecutive TDMA frames on two separate carriers, the TTI can be reduced to 10 ms – without sacrificing frequency diversity. Similarly, quadruple-carrier EGPRS can be used to reduce the TTI to 5 ms. This is illustrated in figure 3. In order to avoid losing frequency diversity, the carriers should not be adjacent in frequency (in figure 3, they are depicted as adjacent only for simplicity). 
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Figure 3. Different mappings in frequency domain of four bursts onto a radio block.

The mapping of the four bursts to a radio block consists of:

iii) two consecutive TDMA frames and two non-adjacent frequencies (left figure)

iv) one TDMA frame and four non-adjacent frequencies (right figure)

Alternative (iii) reduces the TTI from 20 ms to 10 ms and alternative (iv) to 5 ms. 

Frequency hopping can be applied as in the single-carrier case by assigning the same hopping sequence but different offsets (MAIO:s) to the different carriers.

10.1.2
Modelling Assumptions and Requirements

The following EGPRS services have been simulated for the timeslot mapping option; MCS-1, MCS-4, MCS-5 and MCS-9. Each simulation point has been run with 10 000 radio blocks (40 000 bursts).

Simulated radio scenarios
· Sensitivity: TU50iFH

· Co-channel interference: TU3iFH and TU3noFH
Other simulator settings

· Blind detection of modulation was used
· RX impairments typical to a base transceiver station were used

· Uplink direction

· No antenna diversity 

· When multiple time-slots are used in a TDMA frame, they are adjacent in time

· When multiple frequencies are used, they are separated in frequency to give independent multi-path fading

10.1.3
Performance Characterization
Editor’s note: latency for different types of services (different IP packet sizes) should be investigated
The link level performance for case i, ii, iii and iv (as described in subclause 10.3.2) is summarised in Table 19 and Table 2 below. Reference performance with the regular radio block mapping is also shown. Detailed results can be found in Annex A. BLER means the total BLER, i.e. both header BLER and data BLER are considered. A ‘-‘ means the case has not been simulated.

Table 19.  Sensitivity performance, Es/No [dB] @ BLER=10-1

	
	TU50iFH

	
	Ref.
	i
	ii 
	iii
	iv

	MCS1
	5.4
	6.8
	8.5
	5.4
	5.4

	MCS4
	16.9
	16.1
	15.2
	16.9
	16.9

	MCS5
	13.2
	14.4
	16.7
	13.2
	13.2

	MCS9
	27.2
	25.8
	25.8
	27.2
	27.2


Table 20. Co-channel performance, C/Ic [dB] @ BLER=10-1
	
	TU3iFH
	TU3noFH

	
	Ref.
	i
	ii 
	iii
	iv
	Ref.
	i
	ii 
	iii
	iv

	MCS1
	6.6
	7.4
	8.7
	6.6
	6.6
	9.9
	-
	-
	-
	6.6

	MCS4
	17.7
	17.4
	16.7
	17.7
	17.7
	15.2
	-
	-
	-
	17.7

	MCS5
	11.6
	12.6
	14.4
	11.6
	11.6
	16.0
	-
	-
	-
	11.6

	MCS9
	26.3
	25.8
	25.7
	26.3
	26.3
	24.7
	-
	-
	-
	26.3


The following observations of the performance relative to the regular radio block mapping can be made:

· Radio block mapping in time-slot domain:

· With ideal frequency hopping, performance is degraded by up to 3.5 dB for MCS-1 and MCS-5 since they have strong channel coding and frequency diversity is reduced, whereas performance is improved by up to 1.7 dB for MCS-4 and MCS-9 since they have no channel coding.

· Radio block mapping in frequency domain:

· With ideal frequency hopping, performance is unchanged for all MCS:s since frequency diversity is maintained.

· Without frequency hopping, case iv has the same performance as with ideal frequency hopping since interleaving is done over four frequencies.

10.1.4

Impacts to the mobile station

10.1.5

Impacts to the BSS

10.1.6

Impacts to the Core Network

10.1.7
Impacts to the specifications

Annex 1: Detailed simulation results for reduced transmission time interval (clause 10.3)

This annex contains detailed simulation results for reduced transmission time interval. The following notation has been used in the legends:

Radio block format 1:

One timeslot in each of four consecutive TDMA frames (the regular radio block mapping)

Radio block format 2:

Two consecutive time-slots in each of two consecutive
TDMA frames (case i in clause 10.3)

Radio block format 3:

Four consecutive time-slots in one TDMA frame (case ii in clause 10.3)

Results for inter-carrier interleaving (case iii and iv in clause 10.3) with ideal frequency hopping are not included here since they are identical to results with radio block format 1. Results for inter-carrier interleaving without frequency hopping for case iv are not included since they are identical to results with radio block format 1 with ideal frequency hopping.
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	Figure A.1: Sensitivity performance for MCS-1 on TU50iFH.
	Figure A.2: Sensitivity performance for MCS-4 on TU50iFH.
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	Figure A.3: Sensitivity performance for MCS-5 on TU50iFH.
	Figure A.4: Sensitivity performance for MCS-9 on TU50iFH.
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	Figure A.5: Co-channel performance for MCS-1 on TU3iFH.
	Figure A.6: Co-channel performance for MCS-4 on TU3iFH.
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	Figure A.7: Co-channel performance for MCS-5 on TU3iFH.
	Figure A.8: Co-channel performance for MCS-9 on TU3iFH.


11
New burst structures and new slot formats

11.1

Introduction

This section describes a candidate enhancement based on the definition of a new set of transmission bursts deriving from the aggregation of timeslots at Layer 1. The aggregation relies on the removal of guard times and training sequences from a subset of bursts within a multislot allocation. 

The new formats are therefore particularly suited for transmission on PS dedicated channels (uplink and downlink)
, or in the uplink, and are also applicable on downlink shared channels.
11.2     Concept description

The idea articulates in two fundamental components: removal of training sequences and removal of guard times. The combination of these two aspects generates the new burst format.

Within a multislot allocation of n slots, the first component consists in the removal of training sequences from all slots except one. For example, in a 3-slot allocation, the TSC could be retained in the second slot, and disappear in the first and in the third. Similarly, the idea includes the removal of the stealing flags whenever the training sequence is removed, by operating under the assumption that the one remaining stealing flag will apply also to the other slots. 

Further, extra room can be gained within a multislot allocation of n slots by allowing for data transmission also in the guard period, when the guard period falls within two timeslots allocated to the same user. In principle this would mean that the receiver would only ramp up before slot 1 and ramp down at the end of slot n. No further ramps would be present. 

This would also allow for the removal of the tail bits wherever ramp up’s and down’s are removed. It is also interesting to note that, in the existing specification, there are no ramping requirements for base stations

When the two aforementioned principles (removal of TSC and removal guard times) are combined, a new slot format for Evolved GERAN can be defined. The new slot format 

1) Comes from the aggregation of the slots of a multislot allocation (i.e. from the removal of intermediate ramp up’s and down’s). 

2) Further, it contains only one training sequence, while the rest of the slot is an uninterrupted stream of data. 

Obviously, one would define as many new slot formats as possible aggregations. Thus, assuming aggregations of 2, 3, and 4 timeslots are possible, three new slot formats would be defined. The following picture illustrates the principle for a 2-slot allocation.
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Figure xxx. Proposed new slot format for evolved EDGE

The introduction of a new, larger, slot format, allows for some additional gain at Layer 2. In fact, it would now be possible to define larger RLC/MAC data blocks following a principle conceptually very similar to the Layer 1 timeslot aggregation. The new RLC/MAC data blocks would still span four TDMA frames, but would now consist of four “aggregated” slots, instead of four ordinary slots.  This would allow them to carry a larger proportion of data with respect to the header, since there would be no need for a RLC/MAC header in every single slot.  Ideally, one would define as many new RLC/MAC block formats as possible aggregations. In other words, if it is possible to aggregate 2, 3 and 4 timeslots, one would define three new RLC/MAC block formats so to exploit each case of aggregation to the fullest extent.

Figure xxx illustrates the principle showing both the legacy format, and the proposed new format for a 2-slot allocation.
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Figure xxx. Aggregation at RLC/MAC level

In the downlink, the removal of the RLC/MAC header from certain timeslots includes the removal of the USF, and therefore a reduction of scheduling opportunities in the uplink, since no USF scheduling of legacy mobiles can take place in correspondence of the aggregated timeslots.  This can be an issue in those cases where the same bandwidth requirement for uplink and downlink bandwidth exists, and can be partially tackled by switching adaptively between the new format and the old format in a dynamic fashion. It is not a problem for the cases where the downlink traffic requirement is higher than the uplink traffic requirement, for the uplink, or for packet switched dedicated channels. In the downlink a similar observation as for the USF does apply for the RRBP scheduling. The packetization of retransmitted packets will have to be investigated for the case where the aggregation format changes from the first transmission to the retransmission.
11.3     Performance Characterization

For a two timeslot allocation the gain of the new slot format (consisting of removal of guard times and TSC) measured at L1 would be 18.53 %. Within a n-timeslot allocation the gain would therefore be proportional to n, as illustrated by the following table

	Allocated Timeslots
	Symbols in new slot format
	Gain

	2
	270.25
	18.53 %

	3
	426.5
	24.7 %

	4
	582.75
	27.8 %



Table xxx. Bandwidth gain of the new slot format

It is worth noting that the above-mentioned gain merely include the additional L1 bandwidth. It does not include the fact that the additional bandwidth could be exploited e.g. for better coding. In fact, while tail-biting convolutional coding with Viterbi decoding is optimal for small block sizes (up to 150 bits), other coding schemes, such as turbo codes or hyper-codes, outperform TB-convolutional for blocks larger than 150 bits. Further, we note that the power employed in correspondence of each timeslot is obviously increased, since more bits are transmitted (e.g. in correspondence of guard times). However, the transmitted energy per bit remains unchanged.

If we instead consider both the aggregation at L1 and L2 (and therefore also the RLC/MAC header removal), the overall gains in terms of the additional bandwidth that is made available at Layer 1 over 4 TDMA frames is obviously larger, and illustrated by the following table. The following shall be noted:

· The “Data symbols tx with legacy technique” column takes into account the overhead of the multiple training sequences, guard times and RLC/MAC header. It does not take into account the overhead of the BCS, which is included as an integral part of the RLC/MAC data portion.

· The “Data symbols tx with new techniques” column takes into account the removal of all of the above. Note that it is assumed that the BCS size is kept unchanged. However, it may be beneficial to trade-off some gain with a longer BCS to compensate for the extended block size and corresponding higher probability that at least one bit is in error within the block.

	Allocated Timeslots
	Data symbols tx with legacy technique
	Data symbols tx with new technique
	Gain 

	
	MCS 1-4
	MCS 5-6
	MCS 7-9
	MCS 1-4
	MCS 5-6
	MCS 7-9
	MCS 1-4
	MCS 5-6
	MCS 7-9

	2
	752
	821
	805
	1001
	1035
	1027
	33.1%
	26%
	27.6%

	3
	1128
	1232
	1208
	1626
	1660
	1652
	44.1%
	34.7%
	36.8%

	4
	1504
	1643
	1611
	2251
	2285
	2277
	49.7%
	39.1%
	41.3%


Table xxx. Overall gain with aggregated formats at L1 and L2

11.4 Impacts to the Mobile Station 

From the point of view of the transmitter, implementation aspects may be simplified by the usage of the 157/156/156/156 transmission option, as referenced in Section 5.7 of 3GPP TS 45.010
, as this would remove the complication introduced by the 0.25 bit.

From the point of view of the receiver, the removal of the TSC will require enhanced receiver and equalization capabilities (for example channel tracking equalization). Resilience to higher Doppler and phase rotation will have to be investigated in particular for the high-speed case.

In an interference-limited scenario, the interference profile is likely to change within an aggregated timeslot (which would be subject to the interference from multiple independent bursts). This is not different from what interference cancellation algorithms (e.g. SAIC) already have to cope with today at the timeslot level in an asynchronous network. In general, we note that receiver capabilities in the mobile station have improved largely with DARP Phase 1.

From the point of view of the protocol stack on the transmission side, the proposal introduces some dependencies between the MAC layer and the RLC layer, as the RLC has to be aware of the ongoing timeslot aggregation.

11.5 Impacts to the BSS

From the point of view of transmission and reception, the impact is the same as in Section 11.4

Further, the BSS has to be able to handle timeslots in a joint manner, in order to assess where and when to employ the aggregated format.

11.6 Impacts to the Core Network

The core network impact is minimal, e.g. indication of feature support.

11.7 Impacts to the Specification

A preliminary assessment of impacted specification follows. A more complete assessment can be done depending on whether the full set, or a subset, of components is pursued

Table xxx: Impacted 3GPP specifications

	Specification
	Description

	43.064
	Overall description of the GPRS radio interface

	45.001
	Physical Layer on the radio path: general description

	45.002
	Multiplexing and multiple access on the radio path

	45.003
	Channel Coding

	45.005
	Radio transmission and reception

	44.018
	Radio Resource Control (RRC) protocol

	44.060
	Radio Link Control/Medium Access Control (RLC/MAC) protocol

	24.008
	Mobile radio interface Layer 3 specification; Core network protocols; Stage 3 (Release 7)

	51.010
	Mobile Station (MS) conformance specification


12
Adaptation between mobile station receiver diversity and dual-carrier 

12.1      Introduction

Within the context of the GERAN Physical Layer evolution, where one of the prime targets is a smooth evolutionary path, two proposed candidates are receive diversity (see Section 6), and dual/multi-carrier (see Section 7).

This Section deals with a proposed technique, referred to as Capabilities Switching, which is applicable if the two aforementioned candidates are introduced in the GERAN specification.

12.2      Concept description

The underlying assumption of the proposal outlined in this section is that, if and when Receive Diversity (RxDiv) and Multi-carrier GERAN (MC) are introduced in the specification, it makes sense to allow the existence of a class of mobiles operating with the following two constraints

a) RxDiv performances are required only when the terminal acts in single-carrier mode

b) Not more than two carriers are supported by the terminal when in Multi-carrier mode

The existence of such a class of mobiles should be seen as the enabler for a faster and gradual implementation and introduction of the corresponding features. It shall not be seen as a limiting factor for further evolution steps. 

The two constraints mentioned above can and should be exploited by the network to better control the performance of the terminals. This is possible by allowing the network to command the terminal whether to act in receive diversity (RxDiv) mode or in Dual/Multi-carrier mode (MC). In this context, the RxDiv mode implies that both antennas are tuned to the same carrier, and the MC mode implies that each antenna is tuned to a separate carrier
. 
The components of the idea are as follows

· The MS signals its capabilities are per point a) and b) above, associated with its switching capability. 

· By default, the terminal exploits the RxDiv capability. 

· Therefore, both antennas will be tuned to the same carrier and the MS performance will be increased as a consequence. 

· When appropriate, the network may signal to the MS to switch to the multi-carrier mode.

· The signalling could be done in the assignment phase (e.g. in the EGPRS Packet Downlink Assignment), i.e. per MS.
· Consequently, the MS leaves the first antenna tuned to the first carrier, and tunes the second antenna to the second carrier.
· The network can switch between the two modes to trade-off capacity vs peak data rate.
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Figure Figure xxx.  RxDiv – Multi-carrier switching

12.3     Performance Characterization

The performance of Capability Switching is the combination of the respective performances of Receive Diversity (see Section 6) and Dual/Multi-carrier (see Section 7). The combination depends on how the adaptation between the two modes is performed.

12.4       Impacts to the Mobile Station 

The MS will have to support switching commands between the two modes, and will have to indicate the switching capability.

12.5 Impacts to the BSS

The BSS may have to add the switching option to its RRM algorithms

12.6 Impacts to the Core Network

The CN will have support the signalling of the switching capability support

12.7 Impacts to the Specification

The impact to specification is considered to be minimal, and depending on the specification impact of Receive Diversity and Dual/Multi-carrier.

13
Conclusions and recommendations

Annexes are only to be used where appropriate:

Annex <A>:
<Annex title>

Annex <X>:
Change history

It is usual to include an annex (usually the final annex of the document) for reports under TSG change control which details the change history of the report using a table as follows:

	Change history

	Date
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	Rev
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� This may occur in case of colliding USF allocations (i.e. USFs detected in the same block on more than one carrier at the same time), RRBP allocation on one carrier colliding with a USF allocation on another carrier, or colliding RRBP allocations hence granting the same uplink block on more than one carrier at the same time.


� The C/N requirement for GERAN is 28 dB, while the C/N requirement for WCDMA is 16 dB


� Other relevant scenarios may need to be considered


� PS dedicated channels are not defined in the Release 6 version of the specification, but a Work Item for their definition is currently open


� 3GPP TS 05.02 Section 5.2.8: “The guard period is provided because it is required for the MSs that transmission be attenuated for the period between bursts with the necessary ramp up and down occurring during the guard periods as defined in 3GPP TS 05.05. A base transceiver station is not required to have a capability to ramp down and up between adjacent bursts”





� Performance figures will have to be verified with respect to the identified issues (e.g. high speed case)


� Performance figures will have to be verified with respect to the identified issues (e.g. high speed case)


� “Optionally, the BTS may use a timeslot length of 157 symbol periods on timeslots with TN = 0 and 4, and 156 symbol periods on timeslots with TN = 1, 2, 3, 5, 6, 7, rather than 156,25 symbol periods on all timeslots”


� The idea is in fact extensible to n antennas and n carriers.
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