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GERAN & IP Multimedia Core Network Subsystem
Radio Bearer Service Performance and Improvements

1. Introduction

The IP Multimedia Subsystem (IMS) utilizes the PS domain to transport multimedia signaling and bearer traffic. From the mobile user perspective, the UMTS network is a network to access the multimedia services of IMS. Its ability to satisfy the user is more important that its technology itself. The Quality of Service (QoS) is the collective effect of service performances, which determine the degree of satisfaction of a user of a service. The end-to-end Quality of Service (QoS) requirements must be met everywhere in the network. Every entity of the network contributes to fulfill the QoS requirements, and in particular the radio access network (RAN).

Two different RANs exist within UMTS: UTRAN and GERAN.  Both RANs provide bearer services that are sufficient to fulfill IMS requirements. In case of GERAN, current solutions could be improved:

· to provide for greater spectral efficiency and 

· prepare for seamless introduction of future, currently unknown, services  

While a companion contribution presents what are the QoS requirements that are set by IMS on GERAN [1], the purpose of this document is twofold: first to assess how GERAN can fulfill these requirements in Release 5, and second to investigate possible enhancements of GERAN for the support of IMS services in Release 6. Focus is laid on the radio bearer and the physical layer.

2. Radio bearer service requirements

In order to support IMS services, the GERAN radio bearer service should [1]:

1) not be optimized for a few given IMS services, but instead be flexible enough to efficiently deploy any IP multimedia applications

2) allow the transport of several flows in parallel (e.g. text and video)

3) satisfy the user in a spectral efficient manner

4) provide radio bearers of which the QoS attributes are presented in Table 1.

	Attributes
	Conversational
	Streaming
	Interactive
	Background

	Maximum bitrate (kbps)
	< 473.6 (1)
	< 473.6 (1)
	< 473.6 (1)
	< 473.6 (1)

	Guaranteed bit rate (kbps)
	< 473.6 (1)
	< 473.6 (1)
	
	

	Residual bit error ratio
	5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-6
	5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-6
	 (2)
	(2)

	Transfer delay
	80 - 250 ms (3)
	250 ms - seconds (3)
	
	


(1) MCS9 on 8 timeslot - (2) to be assessed - (3) shall be reduced by the delay introduced on Iu

Table 1. GERAN radio bearer service attributes
3. Radio bearer Service of GERAN in Release 5

The user plan of GERAN Release 5 offers many different radio bearers that could support IMS services. The physical layer has TCH and PDTCH, the MAC can be in dedicated or shared mode, the RLC can be in acknowledged or unacknowledged mode, and the PDCP can perform header adaptation. Table 2 lists the existing traffic channels than can be used by GERAN, knowing that the existing speech TCH cannot be used for IMS services.

Typically in order to meet the QoS requirements of the conversational traffic class, the MAC should be dedicated and the RLC unacknowledged in order to guarantee low delays. For streaming, the RLC can be either acknowledged (with or without RLC discard) or unacknowledged, and the MAC can be in either shared or dedicated depending on the need for multiplexing. The requirement of error free delivery for the interactive and background traffic class requires the RLC to be set in the acknowledged mode.

	TCH
	code rate
	data rate
	interleaving
	coding

	TCH/F9.6
	0.53
	12.0 kbit/s1
	110 ms
	EEP/EED

	TCH/F14.4
	0.64
	14.5 kbit/s1
	110 ms
	EEP/EED

	E-TCH/F28.8
	0.42
	29.0 kbit/s1
	110 ms
	EEP/EED

	E-TCH/F32.0
	0.47
	32.0 kbit/s1
	110 ms
	EEP/EED

	E-TCH/F43.2
	0.47
	43.5 kbit/s1
	110 ms
	EEP/EED

	MCS-9
	1.0
	59.2 kbit/s2
	20 ms
	EEP/EED

	MCS-8
	0.92
	54.4 kbit/s2
	20 ms
	EEP/EED

	MCS-7
	0.76
	44.8 kbit/s2
	20 ms
	EEP/EED

	MCS-6
	0.49
	29.6 kbit/s2
	20 ms
	EEP/EED

	MCS-5
	0.38
	22.4 kbit/s2
	20 ms
	EEP/EED

	MCS-4
	1.0
	17.6 kbit/s2
	20 ms
	EEP/EED

	MCS-3
	0.85
	14.8 kbit/s2
	20 ms
	EEP/EED

	MCS-2
	0.66
	11.2 kbit/s2
	20 ms
	EEP/EED

	MCS-1
	0.53
	8.8 kbit/s2
	20 ms
	EEP/EED

	CS-4
	1.0
	21.4 kbit/s2
	20 ms
	EEP/EED

	CS-3
	0.80
	15.6 kbit/s2
	20 ms
	EEP/EED

	CS-2
	0.66
	13.4 kbit/s2
	20 ms
	EEP/EED

	CS-1
	0.53
	9.05 kbit/s2
	20 ms
	EEP/EED


(1) the RLC/MAC overhead is not taken into account - (2) available at RLC 

EEP = Equal Error Protection / EED = Equal Error Detection

Table 2. GERAN traffic channels for radio bearer Service
	Service
	Traffic Class
	PDCP
	RLC
	MAC
	PHY

	Basic Multimedia 
	audio download
	background
	header adaptation
	ack
	shared
	(E)GPRS

	Basic Multimedia
	video download
	background
	header adaptation
	ack
	shared
	(E)GPRS

	Basic Multimedia 
	audio streaming
	streaming
	header adaptation
	unack
ack
	dedicated
	(E)CSD
(E)GPRS

	Basic Multimedia 
	video streaming
	streaming
	header adaptation
	unack
ack
	dedicated
	(E)CSD
(E)GPRS

	Basic Multimedia 
	general data files
	background
	header adaptation
	ack
	shared
	(E)GPRS

	Basic Multimedia 
	text messaging
	background
	transparent
	ack
	shared
	(E)GPRS

	Basic Multimedia 
	emails
	background
	header adaptation
	ack
	shared
	(E)GPRS

	Basic Multimedia 
	web browsing
	interactive
	header adaptation
	ack
	shared
	(E)GPRS

	Basic Multimedia
	multimedia messaging
	background
	transparent
	ack
	shared
	(E)GPRS

	Basic Voice
	conversational
	header adaptation
	unack
	dedicated
	(E)GPRS

	Videophone
	conversational
	header adaptation
	unack
	dedicated
	(E)CSD
(E)GPRS


Table 3. Radio Bearer examples for IMS services in GERAN Release 5
Although GERAN release 5 offers a wide range of radio bearers, which can probably cover the QoS attributes range given in Table 1, one question arises when looking at the IMS requirements that are given in section 2: can the radio bearer service of GERAN be enhanced in Release 6? In other words is it possible to provide more satisfaction for the user in a more flexible and more spectral efficient way. [2] shows that there is room for improvement concerning basic voice services at least. As a matter of fact an upper limit of the expected gains can simply be obtained by comparing the generic EGPRS coding scheme to the very optimized one of speech TCH for the transport AMR. For the 7.4 and 12.2 kbit/s AMR codec modes, the performance difference is 5.6 and 11.7dB respectively (see Table 4)
.

	Case
	AMR 7.4
	AMR 12.2

	optimized coding scheme
	5.0dB (TCH/AFS7.4)
	8.3 (TCH/AFS12.2)

	EGPRS coding scheme
	10.6dB (MCS-1)
	20.0dB (MCS-3)

	Performance difference
	+5.6 dB 
	+11.7 dB


Table 4. Performance difference between EGPRS and TCH/AFS 
(C/Ico @ 10% BLER - TU3iFH 900MHz)
GERAN Radio Bearer Service Improvement

In order to increase the flexibility, the end user’s satisfaction, and the spectral efficiency of IMS services in GERAN, several improvements of the radio bearer service are discussed in this section. Each improvement is presented and assessed at a general level only bearing in mind that further optimizations are of course possible. 

3.1 Unequal Error Protection and Detection

3.1.1 Principle

Through unequal error protection and detection (UEP/UED), the channel coding tries to maximize the perceived quality. Output bits from the media codec are divided into different classes based on their subjective importance. Bits are then unequally protected in channel coding according to their class.

3.1.2 Objective Performance

The link level performance improvement of UEP/UED is assessed through two examples: the AMR speech traffic channels TCH/AFS12.2 and TCH/AFS7.4. For each channel, the standardized channel coding using UEP/UED [6] is compared to one new coding scheme where all the bits are equally encoded (EEP/EED). Table 5 summarizes the performance results, which are also entirely available in Annex A.

	TCH
	EEP 1% FER
	UEP 1% FER
	EEP 0.1% BER
	UEP 0.1% BER
(Class I, Ia, Ib)

	TCH/AFS12.2
	12.4 dB 
	8.3 dB
	- 4.1dB
	10.4 dB
	11.6 / 8.2 / 12.2 dB

	TCH/AFS7.4
	6.1 dB
	5.2 dB
	- 0.9 dB
	5.8 dB
	5.8 / 5.4 / 6.1 dB


Table 5. Link level performance of TCH/AFS 
(cochannel interference TU3iFH - 900MHz)
When looking at the bit error rate, one can see that UEP as such does not improve the average link level performance. As a matter of fact, what is gained on the class 1a bits, is symmetrically lost on the class 1b bits. In other words, UEP behaves as if the class1a bit errors were transferred to the class 1b bits. Consequently the average BER remains the same. However since fewer errors occur on the most important bits (class 1a) the speech quality improves. Besides, since the FER is based on the class 1a bits only (UED), these additional class 1b bit errors will not discard the whole frame. And as a result the FER is also reduced.

3.1.3 Subjective Performance

Listening tests were performed to characterise the subjective difference between EEP and UEP. Tests were performed using four modes (12.2, 10.2, 7.4 and 5.15 kbit/s) of AMR-NB codec. These four modes were selected in order to cover a wide range of puncturing rates (see Table 6). 

	AMR mode
	Input Bits
	Coding
	Puncturing Rate

	12.2 kbit/s
	250
	1/2
	11.8 %

	10.2 kbit/s
	210
	1/3
	30.2 %

	7.95 kbit/s
	165
	1/3
	12.7 %

	7.4 kbit/s
	154
	1/3
	5.5 %

	6.7 kbit/s
	140
	1/4
	22.2 %

	5.9 kbit/s
	124
	1/4
	13.8 %

	5.15 kbit/s
	109
	1/5
	20.7 %

	4.75 kbit/s
	101
	1/5
	16.3 %


Table 6. Puncturing for TCH/AFS
For a representative of optimised UEP/UED scheme, the already standardised TCH/AFS channel coding was used [6]. 

For the EEP/EED scheme no assumptions for source data was made in channel coding. Only the required rate was known. The whole block of data was coded together with the CRC bits through non-recursive non-systematic
 convolutional code using the same polynomials as in [6]. Then rate was matched to the TCH/AFS channel by using the UTRAN rate matching [7]. And finally the interleaving was performed as for TCH/AFS.

The results of the listening test are summarized in Figure 1, Figure 2, Figure 3, Figure 4 and Table 7 (a complete test description is available in Annex D). The performance difference between UEP/UED and EEP/EED vary quite a lot from mode to mode. Two main reasons can explain such variation:

· the amount of puncturing: the less puncturing, the closer UEP and EEP are.

· generic rate matching: it punctures different polynomials that usually have unequal importance to the error correction capability of the code.

	AMR mode
	MOS level
	EEP/EED
	UEP/UED

	12.2 kbit/s
	3.5
	12.0 dB
	8.3 dB
	-3.7 dB

	10.2 kbit/s
	3.5
	9.0 dB
	7.5 dB
	-1.5 dB

	7.4 kbit/s
	3.5
	6.0 dB
	5.0 dB
	-1.0 dB

	5.15 kbit/s
	3.0
	4.5 dB
	3.0 dB
	-1.5 dB


Table 7. Subjective Performance Difference
The objective performance difference and the subjective performance difference are very close to each other. When there is a 4.1dB objective performance difference for AMR 12.2kbit/s (at 1%FER), the subjective performance difference is 3.7dB (at 3.5 MOS). Also when there is a 0.9dB objective performance difference for AMR 7.4kbit/s (at 1%FER), the subjective performance difference is 1.0dB (at 3.5 MOS).

It therefore appears that UEP/UED provides some gains, but of different magnitude depending on the amount of puncturing and the coding rate.
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Figure 1. UEP/UED vs. EEP/EED using mode 12.2 kbit/s of AMR-NB codec
(rate 1/2 with 11.8% puncturing)
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Figure 2. UEP/UED vs. EEP/EED using mode 10.2 kbit/s of AMR-NB codec
(rate 1/3 with 30.2% puncturing)
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Figure 3. UEP/UED vs. EEP/EED using mode 7.4 kbit/s of AMR-NB codec
(rate 1/3 with 5.5% puncturing)
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Figure 4. UEP/UED vs. EEP/EED using mode 5.15 kbit/s of AMR-NB codec
(rate 1/5 with 20.7% puncturing)


3.1.4 Complexity

There are major complexity issues that arise when considering UEP/UED for IMS services in UMTS. In order to apply UEP, one entity in UMTS must be aware of the content of the RTP packets. This entity has to look into each packet, and split its content into as many subflows as there are classes of bits. For instance one RAB could be split into several RBs in the BSC, or the GGSN could split one PDP context into several RABs. Wherever the split is performed, not only it increases the overhead and signaling but also it also violates the independence principle between the IMS application and UMTS, and consequently reduces the flexibility, limits the evolution capabilities and also impacts the dimensioning of the network. Besides, in many cases, UEP might not be possible at all whenever IP Sec or FEC [3] [4] are used for instance.

If an optimization is required, it would rather be performed at the source in order to fulfill the general IMS requirements [1]. For instance, the packetization of MPEG4 is optimized to cope with mobile networks with high error rates [5].

3.2 Interleaving

3.2.1 Principle

When the interleaving depth increases the diversity also increases and consequently the link level performance generally improves. Typically the delay requirements of some IMS services, such a speech, allow an interleaving of 40ms to be used on the physical layer, as it is already the case for GSM speech traffic channels, where the channel coding includes such an interleaving [6]. Unfortunately the available GERAN radio bearers do not offer an interleaving depth of 40ms. Instead only 20 and 110ms are available (see Table 2). This section investigates the benefit and drawbacks related to an interleaving increase for IMS services in GERAN.

3.2.2 Performance

In order to assess the link level performance improvement related to the interleaving, eight different code rates (1/6, 1/4, 1/3, 1/2, 2/3, 3/4, 1) and 3 different interleaving depths (20, 40, 60ms) are compared for GMSK and 8PSK channels. The 20ms interleaving depth means that the interleaving is performed in a rectangular manner over 4 bursts as for GPRS. The 40 ms interleaving depth is performed diagonally over 8 bursts as for speech traffic channels. And the 60ms interleaving depth is a new one, which is described in Annex B. Figure 5, Table 8, Figure 6 and Table 9 summarize the link level results that are given in Annex B.

With the exception of the uncoded case (coding rate=1)
, a longer interleaving improves the link level performance. By increasing the interleaving depth from 20ms to 40ms, the link level performance improves by 2.0dB in average at 1% of BLER and 2.5dB in average at 0.1% of BER. By increasing the interleaving depth from 20ms to 60ms, the performance improves by 3.0dB in average at 1% of BLER and 4dB at 0.1% of BER. The improvement is therefore important, and principally obtained when increasing the interleaving depth from 20 to 40ms.
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Figure 5. BLER vs. interleaving depth on GMSK Channels
	coding rate
	1/6
	1/4
	1/3
	1/2
	2/3
	3/4
	1

	data rate (kbit/s)
	3.5
	5.4
	7.3
	11.1
	14.9
	16.8
	22.8

	block size 1 (bits)
	70
	108
	146
	222
	298
	336
	456

	BLER / 20ms (4 bursts block)
	3.6
	5.6
	7.1
	10.1
	14.1
	15.8
	26.4

	BLER / 40ms (8 bursts diagonal)
	1.6
	3.5
	4.9
	8.2
	12.1
	13.5
	27.4

	BLER / 60ms (12 bursts diagonal)
	0.3
	2.7
	4.0
	7.2
	10.7
	12.6
	27.6

	improvement 4 ( 8 (BLER)
	-2.0
	-2.1
	-2.2
	-1.9
	-2.0
	-2.3
	+1.0

	improvement 4 ( 12 (BLER)
	-3.3
	-2.9
	-3.1
	-2.9
	-3.4
	-3.2
	+1.2

	BER/ 20ms (4 bursts block)
	4.4
	6.3
	7.8
	11.0
	14.9
	17.1
	22.0

	BER / 40ms (8 bursts diagonal)
	1.8
	4.1
	5.3
	8.4
	12.2
	14.2
	22.0

	BER / 60ms (12 bursts diagonal)
	0.6
	2.9
	4.1
	7.2
	10.6
	12.7
	22.0

	improvement 4 ( 8 (BER)
	-2.6
	-2.2
	-2.5
	-2.6
	-2.7
	-2.9
	0.0

	improvement 4 ( 12 (BER)
	-3.8
	-3.4
	-3.7
	-3.8
	-4.3
	-4.4
	0.0


(1) the block size does not include the 6 tailing bits

Table 8. BLER and BER vs. interleaving depth on GMSK channels
(C/Ico @ 1% BLER and 0.1% BER - TU3iFH 900MHz)
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Figure 6. BLER vs. interleaving depth on 8PSK Channels
	coding rate
	1/6
	1/4
	1/3
	1/2
	2/3
	3/4
	1

	data rate (kbit/s)
	11.1
	16.8
	22.5
	33.9
	45.3
	51.0
	68.4

	block size 1 (bits)
	222
	336
	450
	678
	906
	1020
	1368

	BLER / 20ms (4 bursts block)
	10.3
	13.2
	15.1
	18.9
	23.4
	25.4
	37.5

	BLER / 40ms (8 bursts diagonal)
	8.0
	11.0
	12.9
	16.9
	21.4
	23.0
	39.1

	BLER / 60ms (12 bursts diagonal)
	6.9
	10.2
	11.8
	16.0
	20.3
	22.4
	39.8

	improvement 4 ( 8 (BLER)
	-2.3
	-2.2
	-2.2
	-2.0
	-2.0
	-2.4
	+1.6

	improvement 4 ( 12 (BLER)
	-3.4
	-3.0
	-3.3
	-2.9
	-3.1
	-3.0
	+2.3

	BER/ 20ms (4 bursts block)
	10.2
	13.1
	14.8
	18.7
	23.1
	25.7
	31.3

	BER / 40ms (8 bursts diagonal)
	7.6
	10.5
	12.1
	16.0
	20.3
	22.6
	31.3

	BER / 60ms (12 bursts diagonal)
	6.4
	9.4
	10.9
	14.8
	19.1
	21.5
	31.3

	improvement 4 ( 8 (BER)
	-2.6
	-2.6
	-2.7
	-2.7
	-2.8
	-3.1
	0.0

	improvement 4 ( 12 (BER)
	-3.8
	-3.7
	-3.9
	-3.9
	-4.0
	-4.2
	0.0


(1) the block size does not include the 6 tailing bits
Table 9. BLER and BER vs. interleaving depth on 8PSK channels
(C/Ico @ 1% BLER and 0.1% BER - TU3iFH 900MHz)

Complexity

An additional interleaving depth requires the standardization and implementation of new coding schemes. For instance, it could mean the introduction of 9 new MCSs. One way to avoid the standardization of such new coding schemes would be to negotiate the possible coding schemes at call set-up with a flexible layer one as in UTRAN [7].

The proposed diagonal interleaving is only possible on dedicated channels (DBPSCH). As a matter of fact, the uplink of shared channels (SBPSCH) do not allow blocks from different MSs to be diagonally interleaved together, while the transmission of diagonally interleaved block to different MSs in the downlink would severely impact some features such as power control. Besides one minor drawback is that when the interleaving depth is changed from “20ms rectangular” to “40ms diagonal”, it requires 20 ms to be able to switch from GMSK to 8PSK modulation.

It is thus recommended to extend the interleaving depth to 40ms on dedicated channels, while the existing 20ms interleaving depth should be kept on shared channels.

3.3 Smaller Granularity

3.3.1 Principle

Generally the payload to be carried does not exactly fit into one RLC packet and as a result, some padding is used for RT services. This section studies the resulting performance loss and investigates possible enhancements.

3.3.2 Performance

In EGPRS, there is a performance difference between two adjacent coding schemes of the same modulation (see Table 10). The difference in unacknowledged mode is up to 5dB for GMSK modulated coding schemes and up to 6.5 dB for the 8PSK modulated ones.

	MCS
	Block size
	C/Ico (dB)
	Step (dB)

	MCS-1
	176
	9.5
	

	MCS-2
	224
	12
	+2.5

	MCS-3
	296
	16.5
	+4.5

	MCS-4
	352
	21.5
	+5

	MCS-5
	448
	14.5
	

	MCS-6
	592
	17
	+3.5

	MCS-7
	896
	23.5
	+6.5

	MCS-8
	1088
	29
	+6.5

	MCS-9
	1184
	32
	+3


Table 10. Performance impact of the fixed payload block sized 
(C/Ico @ 10% BLER - TU3iFH 900MHz from [10])
RT Services typically require one media frame to be conveyed within one radio block every 20ms. Generally one media frame does not exactly fit into one radio block and as a result some padding is used. For instance, just because a 29 bytes media frame is one byte too long to fit into MCS-2, MCS-3 has to be used. The extra capacity offered by MCS-3 is useless and must be filled by padding bits. The 4.5 dB performance difference between MCS-2 and MCS-3 thus is a loss.

In order to decrease such losses a smaller granularity is needed. With the link level results already presented in section 4.2, one can plot and then estimate from linear trend lines a relation between the block size and the link level performance (see Figure 7): 

· C/Ico = 0.0453xB + 0.4711 for GMSK 

· C/Ico = 0.0185xB + 6.5914 for 8PSK
For only 1 dB difference between the link level performance of two adjacent coding schemes, the step in size must be 22 bits in GMSK and 55 bits in 8PSK. 
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Figure 7. Performance vs. block size on GMSK channel
(C/Ico @ 1% BLER - TU3iFH 900MHz)

Moreover, when AMR is used, the RLC packets are simply too big to perform link adaptation properly. As a matter of fact the size of an AMR speech frame ranges from 244 to 95 bits. Assuming 16 bits of compressed headers, that leaves us MCS-1, MCS-2 and MCS-3 only to perform link adaptation. Coding schemes with smaller payload would be needed.

3.3.3 Complexity

In order to avoid loosing more than 1dB in link level performance, a step size of 22 bits is required in GMSK and 55 bits in 8PSK. This means for instance that to cover a bit range from 50 to 400 bits in GMSK, 16 coding schemes are needed, and 18 coding schemes are needed to cover a bit range from 200 to 1200 bits in 8PSK.

34 new coding schemes could thus be required to avoid loosing more than 1dB because of the granularity. In order to avoid the standardization of so many new coding schemes, one solution would be to use rate matching as in UTRAN [7].

3.4 Reduced Overhead for RT Services

3.4.1 Principle

When (E)GPRS coding schemes are used for IMS RT services, there are fields that are not needed in the RLC/MAC header since the RLC is typically unacknowledged, and the MAC dedicated. This section investigates what the gain would be if an optimized header was introduced for IMS RT services.

3.4.2 Performance

First the performance impact of the existing RLC/MAC overhead is assessed. Let us consider MCS-1. Each block transmits 80 bits of coded header and 196 bits of data (including CRC and tail bits) [6] [8]. Knowing that 452 bits are available for the coded block (12 bits are reserved to indicate the coding scheme), that gives two different coding rates depending on whether the coded header is transmitted or not: 

· data coding rate with header 196/(452-80) = 0.53

· data coding rate without header: 196/452 = 0.43

An estimate of the corresponding link level performance can be interpolated from Table 8 and Table 9, or even read on Figure 5 and Figure 6 directly: 10.6 and 8.8dB with and without header respectively: for MCS-1, the RLC/MAC header costs 1.8dB. By applying the same reasoning to other MCSs, Table 11 can be built.

Obviously the size of the RLC/MAC header does impact the link level performance: the raw cost ranges from 0.9 to 7.6dB, and increases with the coding rate. However it is important to remember that the functionalities allowed by the RLC/MAC header actually justify and even amply compensate these costs. In other words, these numbers shall not be considered as losses. Nonetheless when not all the functionalities and related fields are needed, parts of these values might become losses. This is the case when (E)GPRS coding schemes are used for IMS RT services for which the RLC is typically always unacknowledged, and the MAC dedicated. Some fields in the header become useless and could be removed in order to improve the link level performance. 

	MCS
	coded header
size (bits)
	with header
CoRa - C/Ico
	without header
CoRa - C/Ico
	performance impact (dB)

	MCS-1
	80
	0.53 - 10.6
	0.43 - 8.8
	+1.8

	MCS-2
	80
	0.66 - 13.9
	0.54 - 10.8
	+3.1

	MCS-3
	80
	0.85 - 20.0
	0.70 - 14.8
	+5.2

	MCS-4
	80
	1.00 - 26.4
	0.82 - 18.8
	+7.6

	MCS-5
	136
	0.38 - 16.2
	0.34 - 15.3
	+0.9

	MCS-6
	136
	0.49 - 18.7
	0.44 - 17.5
	+1.2

	MCS-7
	160
	0.76 - 25.9
	0.68 - 23.7
	+2.2

	MCS-8
	160
	0.92 - 33.6
	0.82 - 28.8
	+4.8

	MCS-9
	160
	1.00 - 37.5
	0.88 - 31.7
	+5.8


CoRa = Coding Rate of the data

Table 11. Performance impact of the RLC/MAC header
(Estimation of C/Ico @ 1% BLER - TU3iFH 900MHz)
Annex C, which discusses possible simplifications of the RLC/MAC headers, shows that only 1 byte could be needed in both UL and DL (TFI and CPS basically). If the same level of protection as the UL one were used, the removal of the unnecessary fields in the header would approximately free: 47 bits for MCS-1, MCS2, MCS-3 and MCS-4 for a new coded header size of 33 bits; 87 bits for MCS-5 and MCS-6 for a new coded header size of 49 bits and 112 bits for MCS-7, MCS-8 and MCS-9 for a new coded header size of 48 bits. For MCS-1, the coding rate of the data could then be decreased from 0.53 to 0.47, offering a 1.0dB improvement (interpolated from Table 8). Table 12 lists the gains for different MCSs when the same reasoning is applied. By optimizing the RLC/MAC header, IMS RT services could gain between 0.7 and 4.7dB in link level performance.

	MCS
	normal coding
CoRa - C/Ico
	optimized
CoRa - C/Ico
	gain (dB)

	MCS-1
	0.53 - 10.6
	0.47 - 9.6
	-1.0

	MCS-2
	0.66 - 13.9
	0.58 - 12.0
	-1.9

	MCS-3
	0.85 - 20.0
	0.75 - 15.8
	-4.2

	MCS-4
	1.00 - 26.4
	0.89 - 21.7
	-4.7

	MCS-5
	0.38 - 16.2
	0.35 - 15.5
	-0.7

	MCS-6
	0.49 - 18.7
	0.46 - 18.0
	-0.7

	MCS-7
	0.76 - 25.9
	0.70 - 24.2
	-1,7

	MCS-8
	0.92 - 33.6
	0.84 - 29.8
	-3.8

	MCS-9
	1.00 - 37.5
	0.92 - 33.6
	-3.9


CoRa = Coding Rate of the data

Table 12. Performance improvement with reduced RLC/MAC header
(Estimation of C/Ico @ 1% BLER - TU3iFH 900MHz)

3.4.3 Complexity

An additional header size requires the standardization and implementation of new coding schemes. For instance, it could mean the introduction of 9 new MCSs. One way to avoid the standardization of new coding schemes would be to negotiate the possible coding schemes at call set-up and use rate matching as in UTRAN [7].

3.5 Radio Bearer Multiplexing

3.5.1 Principle

Because only one physical channel can be used in one direction in UTRAN FDD, radio bearers need to be carried in parallel on the same physical channel (see the example of 3 radio bearers depicted on Figure 8). In GERAN such a mechanism has not been required for two mains reasons: 

1) only one TFI can be allocated in one direction in Release 4, and

2) it is always possible to use several physical channels in parallel through multislot configurations.

Besides instead of having for instance three different radio bearers within the same 20ms radio block, the radio blocks can alternate the radio bearers on a 20ms basis, reducing by a factor three the required overhead, but increasing the buffering (see Figure 8).
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Figure 8. Radio Bearer Multiplexing
However the number of simultaneous radio bearers can be more than one for IMS Services. Taking for instance the IMS Videophone service [1], the amount of radio bearers could be as high as 5:

· 2 radio bearers for the voice (RTP+RTCP)

· 2 radio bearers for the video (RTP+RTCP)

· 1 radio bearer for RTSP 

In this example, even if it seems logical to use two different physical channels for voice and video, it may still be beneficial to carry several radio bearers in parallel on the same physical channel (e.g. RTP, RTCP and RTSP).

3.5.2 Advantages

Having several radio bearers in parallel on the same physical channel could avoid in theory the media frame stealing whenever SIP or RTCP need to be transmitted in single slot configuration. Moreover, compared to the scenario where the radio blocks alternate the radio bearers on a 20ms basis, the buffering requirements are reduced.

3.5.3 Drawbacks & Complexity

When carried on the same physical channel, the different radio bearers cannot use different modulation and are transmitted with the same power. Also this new way of carrying radio bearers would obviously require brand new coding schemes. Moreover when radio bearers are carried in parallel, their coding/decoding process must be performed at the same time, increasing the processing power requirements. 

Conclusion

In order to support IMS services, the GERAN radio bearer service should [1]:

1) not be optimized for a few given IMS services, but instead be flexible enough to efficiently deploy any IP multimedia applications

2) allow the transport of several flows in parallel (e.g. text and video)

3) satisfy the user in a spectral efficient manner

4) provide radio bearers of which the QoS attributes are given in Table 1. 

Although it is already possible for the radio bearer service of GERAN Release 5 to fulfill requirement number four, it can probably not fulfill the other requirements in a spectral efficient and flexible manner. In other words, GERAN Release 5 supports IMS services but not efficiently.

In order to increase the flexibility and spectral efficiency of the radio bearer service in GERAN Release 6, several enhancements and optimizations have been identified and studied in this document (UEP, longer Interleaving, smaller granularity, multiplexing enhancements). The induced gains were shown to be very attractive especially for RT IMS services. However the amount of new coding schemes that should be introduced to benefit from these improvements is rather dissuasive as shown in the example below:

· reduced granularity ( 34 new coding schemes

· two different types of interleaving ( 68 new coding schemes

· two types of overhead ( 136 new coding schemes !

For the support of IMS Services in GERAN Release 6, three different ways forward are thus foreseen:

1) Keep the same radio bearers as in Release 5
· easy but no optimised support of IMS Services is available

2) Introduce new coding schemes for specific services only
· increases memory consumption of MS implementation

· not future proof

· probably cannot handle bandwidth fluctuation efficiently

· may not fulfill some IMS requirements (in terms of flexibility especially)

3) Flexible layer one as in UTRAN
· channel coding, interleaving etc. are specified at call setup instead of being standardized, support of new services can then be handled smoothly without having to specify new coding schemes.

· all improvements at once  (interleaving, granularity, overhead, muxing, UEP)

· better overall performance (between 5 and 15dB compared to first option)

· flexible and future proof

· but makes the functional verification of mobiles difficult

For an efficient support of IMS services in Release 6, the third option is probably the best way forward. However the overall complexity, the impact on higher layers and the signaling load need to be carefully studied.
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 Annex A - UEP vs. EEP

This annex presents the link level performance results of two speech traffic channels (TCH/AFS12.2 and TCH/AFS7.4) with two different channel coding methods (standardized UEP and generic EEP).
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Annex B - Interleaving Depths

This annex presents the link level performance results for eight different code rates (1/6, 1/4, 1/3, 1/2, 2/3, 3/4, 1) and 3 different interleaving depths (20, 40, 60ms). The 20ms interleaving depth means that the interleaving is performed in a block manner over 4 bursts (as for e.g. SACCH):

GMSK
i(B,j) = c(n,k)
for
k = 0,1,...,455





n = 0,1,...,N,N+1,...






B = B0 + 4n + (k mod 4)





j  = 2((49k) mod 57) + ((k mod 8) div 4)
8PSK
i(B,j) = c(n,k)
for
k = 0,1,...,1367





n = 0,1,...,N,N+1,...






B = B0 + 4n + (k mod 4)





j  = 2((163k) mod 171) + ((k mod 8) div 4)
The 40 ms interleaving depth is performed diagonally over 8 bursts as for speech traffic channels (e.g. TCH/FS):

GMSK
i(B,j) = c(n,k)
for
k = 0,1,...,455





n = 0,1,...,N,N+1,...






B = B0 + 4n + (k mod 8)




j  = 2((49k) mod 57) + ((k mod 8) div 4)
8PSK
i(B,j) = c(n,k)
for
k = 0,1,...,1367





n = 0,1,...,N,N+1,...






B = B0 + 4n + (k mod 8)




j  = 2((163k) mod 171) + ((k mod 8) div 4)
And finally the 60ms interleaving depth is performed diagonally over 12 bursts:

GMSK
i(B,j) = c(n,k)
for
k = 0,1,...,455





n = 0,1,...,N,N+1,...






B = B0 + 4n + (k mod 12)




j  = 2((49k) mod 57) + ((k mod 8) div 4)
8PSK
i(B,j) = c(n,k)
for
k = 0,1,...,1367





n = 0,1,...,N,N+1,...






B = B0 + 4n + (k mod 12)




j  = 2((163k) mod 171) + ((k mod 8) div 4)
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Annex C - RLC/MAC Header

Table C1, Table C2 and Table C3 below describe the content and the channel coding of the EGPRS RLC/MAC header as specified in [9]and [6] respectively. In order to optimize the provision of IMS Services within GERAN the RLC/MAC headers could be optimized for RT services (for which the RLC is always unacked and the MAC dedicated):

· BSN: not needed in RLC unack mode, assuming RLC sends its PDUs in order.

· CPS: could be reduced or even combined with the stealing bits in order to signal the coding scheme.

· CV: not needed in dedicated mode.

· ES/P: not needed in RLC unacknowledged mode.

· PI: not needed.

· PR: on dedicated channel, the power control is conveyed by SACCH and EPCCH so that it can be removed.

· R: not needed.

· RRBP: not needed in RLC unacknowledged mode.

· RSB: not needed in RLC unacknowledged mode.

· SI: not needed in RLC unacknowledged mode.

· SPB: not needed in RLC unacknowledged mode.

· TFI: still needed

· USF: not needed in dedicated mode.

As a conclusion, the RLC/MAC header could be optimized for IMS RT Services, in order to be 1 byte long and contain the TFI and CPS only.

	Coding
	BSN
	CPS
	CV
	ES/P
	PI
	PR
	R
	RRBP
	RSB
	SI
	SPB
	TFI
	USF
	Spare

	MCS-1,2,3,4 DL
	(
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	MCS-5,6 DL
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	MCS-7,8,9 DL
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	(
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	MCS-1,2,3,4 UL
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	(
	
	(
	
	(
	(
	(
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	1

	MCS-5,6 UL
	(
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	(
	
	(
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	10

	MCS-7,8,9 UL
	( (1)
	(
	(
	
	(
	
	(
	
	(
	(
	
	(
	
	7


(1) when two RLC data blocks are sent within a RLC/MAC block, BSN2 (10bits) is relative to BSN1 (11bits)
Table C1. Contents of the EGPRS RLC/MAC headers
	Coding Scheme
	Header Size
	CRC
	Coded Header Size
	Coding Rate

	MCS-1,2,3,4 DL
	28 + 3 (2)
	8
	68 + 12 (2)
	0.53 - 1/4 (2)

	MCS-5,6 DL
	25 + 3 (2)
	8
	100 + 36 (2)
	0.33 - 1/12 (2)

	MCS-7,8,9 DL
	37 + 3 (2)
	8
	124 + 36 (2)
	0.36 - 1/12 (2)

	MCS-1,2,3,4 UL
	31
	8
	80
	0.49

	MCS-5,6 UL
	37
	8
	136
	0.33

	MCS-7,8,9 UL
	46
	8
	160
	0.33


(2) USF is considered separately
Table C2. Channel coding of the EGPRS RLC/MAC headers

	Field
	Size
	Direction
	Description

	BSN
	11
	DL / UL
	The Block Sequence Number (BSN) field carries the sequence absolute Block Sequence Number (BSN’) modulo Sequence Number Space (SNS) (128 in GPRS and 2048 in EGPRS) of each RLC data block within the TBF.

	CPS
	3,4,5
	DL / UL
	In EGPRS header, the Coding and Puncturing Scheme indicator field is used to indicate the kind of channel coding and puncturing used for data blocks.

	CV
	4
	UL
	The Countdown Value (CV) tells the number of RLC data blocks remaining for the current uplink TBF.

	ES/P
	2
	DL
	The ES/P field is used to indicate whether the RRBP field is valid or not valid, and what fields the next uplink control block shall contain

	PI
	1
	UL
	The PFI Indicator (PI) indicates the presence of the optional PFI field.

	PR
	2
	DL
	The Power Reduction (PR) field indicates the power level reduction of the current RLC block.

	R
	1
	UL
	The Retry (R) bit indicates whether the mobile station transmitted the channel request message one time or more than one time during its most recent channel access.

	RRBP
	2
	DL
	The RRBP value specifies a single uplink block in which the mobile station shall transmit a PACCH block to the network.

	RSB
	1
	UL
	The Resent Block Bit (RSB) indicates whether any of the RLC data blocks contained within the EGPRS radio block have been sent previously.

	SI
	1
	UL
	The Stall indicator (SI) bit indicates whether the mobile’s RLC transmit window can advance (i.e., is not stalled) or cannot advance (i.e., is stalled).

	SPB
	2
	UL
	the Split Block indicator indicates if some user data is retransmitted using 2-block resegmentation.

	TFI
	5
	DL / UL
	The Temporary Flow Identity (TFI) field identifies the Temporary Block Flow (TBF) to which the RLC/MAC control message contained in the downlink RLC/MAC control block relates. 

	USF
	3
	DL
	The Uplink state Flag (USF) field is sent in all downlink RLC/MAC blocks and indicates the owner or use of the next uplink radio block on the same timeslot.


Table C3. Fields of the EGPRS RLC/MAC headers

Annex D - Listening Tests

Table D1 shows the summary of conditions used in this test. The speech material for this test comprises 12 Finnish speech samples for each talker (2male and 2 female). All source speech material is processed in PC through every test conditions using the latest versions of AMR-NB codec and tools from ITU-T software tools library. The experiment is conducted by using the ACR Listening Quality Scale. The test is split into 12 groups (with 2 listeners per group) such that each listener hears all talkers through each test condition. Across the test, all combinations of talker sentence pair and condition are equally covered. Each of the 12 groups of subjects can therefore hear different combinations of source material and conditions. Each group is randomised separately. Each processed file is voted on 2 times; these votes coming from one group of listeners. Each subject hears each of the 50 conditions 4 times, once with speech from each of the 4 talkers. The number of stimuli per subject is 204 (50 x 4 + 4 preliminaries). Over the whole test, each condition has 48 different speech samples passed through it, giving 96 votes per condition. 

Error patterns with the following profile are used: typical urban, mobile speed: 3km/h, ideal frequency hopping. These error patterns were generated inside Nokia and they have error distribution very close to the counterparts earlier used in speech codec standardisation.

	Main Codec Conditions
	
	

	Candidates
	4
	AMR-NB 12.2, 10.2, 7.4 and 5.15 kbit/s codec modes on standardised AMR-NB channel (TCH/AFS).

	Applications
	1
	

	Error Conditions
	6
	5 different error patterns and no errors case for each of the codec modes

	Input level
	1
	Nominal (-26dBov)

	Tandeming
	1
	Single

	Input characteristic
	1
	GSM1

	Background noise
	0
	No background noise

	Codec references
	
	

	Codec references
	4
	AMR-NB 12.2, 10.2, 7.4 and 5.15 kbit/s codec modes on GMSK FS channel using equal error protecting scheme (UTRAN rate matching)

	Tandeming
	1
	Single encoding (nominal level only)

	Other references
	
	

	Direct
	1
	Nominal input level, GSM1

	MNRU
	5
	Q=6, 12, 18, 24, 30 dB (all nominal input level)

	Radio Channels
	1
	

	Number of talkers
	4
	2 male and 2 female

	Stimulus type
	
	Sentence-pairs

	Number of speech samples
	12
	Sentence pairs per talker.

	Listening Level
	1
	79dB SPL

	Listeners
	24
	Naive Listeners

	Groups
	12
	2 subjects/group

	Randomisation
	12
	Each group randomised separately

	Rating Scale
	1
	ACR, Listening Quality Scale

	Replications
	1
	

	Languages
	1
	Finnish

	Listening System
	1
	Monaural headphones (Sennheiser HD 25 with other earpiece removed, flat response in the audio bandwidth of interest: 50Hz-4kHz).

	Listening Environment
	
	Room Noise: Hoth Spectrum at 30dBA (as defined by ITU-T, Recommendation P.800, Annex A, section A.1.1.2.2.1 Room Noise, with table A.1 and Figure A.1)


Table D1. Conditions and factors for the test

	Condition
	Condition Description
	Factor

	1
	AMR-NB 12.2 kbit/s
	UEP; C/I = 10 dB

	2
	AMR-NB 12.2 kbit/s
	UEP; C/I =   9 dB

	3
	AMR-NB 12.2 kbit/s
	UEP; C/I =   8 dB

	4
	AMR-NB 12.2 kbit/s
	UEP; C/I =   7 dB

	5
	AMR-NB 12.2 kbit/s
	UEP; C/I =   6 dB

	6
	AMR-NB 10.2 kbit/s
	UEP; C/I =   9 dB

	7
	AMR-NB 10.2 kbit/s
	UEP; C/I =   8 dB

	8
	AMR-NB 10.2 kbit/s
	UEP; C/I =   7 dB

	9
	AMR-NB 10.2 kbit/s
	UEP; C/I =   6 dB

	10
	AMR-NB 10.2 kbit/s
	UEP; C/I =   5 dB

	11
	AMR-NB 7.40 kbit/s
	UEP; C/I =   7 dB

	12
	AMR-NB 7.40 kbit/s
	UEP; C/I =   6 dB

	13
	AMR-NB 7.40 kbit/s
	UEP; C/I =   5 dB

	14
	AMR-NB 7.40 kbit/s
	UEP; C/I =   4 dB

	15
	AMR-NB 7.40 kbit/s
	UEP; C/I =   3 dB

	16
	AMR-NB 5.15 kbit/s
	UEP; C/I =   5 dB

	17
	AMR-NB 5.15 kbit/s
	UEP; C/I =   4 dB

	18
	AMR-NB 5.15 kbit/s
	UEP; C/I =   3 dB

	19
	AMR-NB 5.15 kbit/s
	UEP; C/I =   2 dB

	20
	AMR-NB 5.15 kbit/s
	UEP; C/I =   1 dB

	21
	AMR-NB 12.2 kbit/s
	EEP; C/I = 12 dB

	22
	AMR-NB 12.2 kbit/s
	EEP; C/I = 11 dB

	23
	AMR-NB 12.2 kbit/s
	EEP; C/I = 10 dB

	24
	AMR-NB 12.2 kbit/s
	EEP; C/I =   9 dB

	25
	AMR-NB 12.2 kbit/s
	EEP; C/I =   8 dB

	26
	AMR-NB 10.2 kbit/s
	EEP; C/I =   9 dB

	27
	AMR-NB 10.2 kbit/s
	EEP; C/I =   8 dB

	28
	AMR-NB 10.2 kbit/s
	EEP; C/I =   7 dB

	29
	AMR-NB 10.2 kbit/s
	EEP; C/I =   6 dB

	30
	AMR-NB 10.2 kbit/s
	EEP; C/I =   5 dB

	31
	AMR-NB 7.40 kbit/s
	EEP; C/I =   7 dB

	32
	AMR-NB 7.40 kbit/s
	EEP; C/I =   6 dB

	33
	AMR-NB 7.40 kbit/s
	EEP; C/I =   5 dB

	34
	AMR-NB 7.40 kbit/s
	EEP; C/I =   4 dB

	35
	AMR-NB 7.40 kbit/s
	EEP; C/I =   3 dB

	36
	AMR-NB 5.15 kbit/s
	EEP; C/I =   5 dB

	37
	AMR-NB 5.15 kbit/s
	EEP; C/I =   4 dB

	38
	AMR-NB 5.15 kbit/s
	EEP; C/I =   3 dB

	39
	AMR-NB 5.15 kbit/s
	EEP; C/I =   2 dB

	40
	AMR-NB 5.15 kbit/s
	EEP; C/I =   1 dB

	41
	AMR-NB 12.2 kbit/s
	Error-free

	42
	AMR-NB 10.2 kbit/s
	Error-free

	43
	AMR-NB 7.40 kbit/s
	Error-free

	44
	AMR-NB 5.15 kbit/s
	Error-free

	45
	MNRU 6dB
	Error-free

	46
	MNRU 12dB
	Error-free

	47
	MNRU 18dB
	Error-free

	48
	MNRU 24dB
	Error-free

	49
	MNRU 30dB
	Error-free

	50
	DIRECT
	Error-free


Table D2. Complete list of test conditions

	Condition
	Description
	Factors
	CIL
	X
	CIU

	1
	AMR-NB 12.2 kbit/s
	UEP; C/I = 10 dB
	3.66
	3.80
	3.94

	2
	AMR-NB 12.2 kbit/s
	UEP; C/I =   9 dB
	3.38
	3.53
	3.69

	3
	AMR-NB 12.2 kbit/s
	UEP; C/I =   8 dB
	2.87
	3.03
	3.19

	4
	AMR-NB 12.2 kbit/s
	UEP; C/I =   7 dB
	2.40
	2.55
	2.70

	5
	AMR-NB 12.2 kbit/s
	UEP; C/I =   6 dB
	1.70
	1.85
	2.01

	6
	AMR-NB 10.2 kbit/s
	UEP; C/I =   9 dB
	3.48
	3.64
	3.79

	7
	AMR-NB 10.2 kbit/s
	UEP; C/I =   8 dB
	3.40
	3.56
	3.72

	8
	AMR-NB 10.2 kbit/s
	UEP; C/I =   7 dB
	3.18
	3.32
	3.47

	9
	AMR-NB 10.2 kbit/s
	UEP; C/I =   6 dB
	2.61
	2.77
	2.94

	10
	AMR-NB 10.2 kbit/s
	UEP; C/I =   5 dB
	2.07
	2.23
	2.39

	11
	AMR-NB 7.40 kbit/s
	UEP; C/I =   7 dB
	3.45
	3.59
	3.74

	12
	AMR-NB 7.40 kbit/s
	UEP; C/I =   6 dB
	3.25
	3.41
	3.56

	13
	AMR-NB 7.40 kbit/s
	UEP; C/I =   5 dB
	3.04
	3.20
	3.36

	14
	AMR-NB 7.40 kbit/s
	UEP; C/I =   4 dB
	2.50
	2.67
	2.83

	15
	AMR-NB 7.40 kbit/s
	UEP; C/I =   3 dB
	2.07
	2.21
	2.35

	16
	AMR-NB 5.15 kbit/s
	UEP; C/I =   5 dB
	3.11
	3.26
	3.41

	17
	AMR-NB 5.15 kbit/s
	UEP; C/I =   4 dB
	3.08
	3.22
	3.36

	18
	AMR-NB 5.15 kbit/s
	UEP; C/I =   3 dB
	2.95
	3.09
	3.24

	19
	AMR-NB 5.15 kbit/s
	UEP; C/I =   2 dB
	2.72
	2.88
	3.03

	20
	AMR-NB 5.15 kbit/s
	UEP; C/I =   1 dB
	2.38
	2.52
	2.66

	21
	AMR-NB 12.2 kbit/s
	EEP; C/I = 12 dB
	3.49
	3.66
	3.82

	22
	AMR-NB 12.2 kbit/s
	EEP; C/I = 11 dB
	3.02
	3.17
	3.31

	23
	AMR-NB 12.2 kbit/s
	EEP; C/I = 10 dB
	2.44
	2.59
	2.75

	24
	AMR-NB 12.2 kbit/s
	EEP; C/I =   9 dB
	1.81
	1.96
	2.10

	25
	AMR-NB 12.2 kbit/s
	EEP; C/I =   8 dB
	1.28
	1.41
	1.53

	26
	AMR-NB 10.2 kbit/s
	EEP; C/I =   9 dB
	3.33
	3.49
	3.65

	27
	AMR-NB 10.2 kbit/s
	EEP; C/I =   8 dB
	3.05
	3.22
	3.38

	28
	AMR-NB 10.2 kbit/s
	EEP; C/I =   7 dB
	2.66
	2.80
	2.95

	29
	AMR-NB 10.2 kbit/s
	EEP; C/I =   6 dB
	1.93
	2.07
	2.22

	30
	AMR-NB 10.2 kbit/s
	EEP; C/I =   5 dB
	1.37
	1.49
	1.61

	31
	AMR-NB 7.40 kbit/s
	EEP; C/I =   7 dB
	3.24
	3.39
	3.53

	32
	AMR-NB 7.40 kbit/s
	EEP; C/I =   6 dB
	3.10
	3.25
	3.40

	33
	AMR-NB 7.40 kbit/s
	EEP; C/I =   5 dB
	2.86
	3.02
	3.18

	34
	AMR-NB 7.40 kbit/s
	EEP; C/I =   4 dB
	2.19
	2.36
	2.54

	35
	AMR-NB 7.40 kbit/s
	EEP; C/I =   3 dB
	1.61
	1.73
	1.85

	36
	AMR-NB 5.15 kbit/s
	EEP; C/I =   5 dB
	3.13
	3.29
	3.45

	37
	AMR-NB 5.15 kbit/s
	EEP; C/I =   4 dB
	2.96
	3.11
	3.27

	38
	AMR-NB 5.15 kbit/s
	EEP; C/I =   3 dB
	2.85
	2.99
	3.13

	39
	AMR-NB 5.15 kbit/s
	EEP; C/I =   2 dB
	2.52
	2.67
	2.81

	40
	AMR-NB 5.15 kbit/s
	EEP; C/I =   1 dB
	2.04
	2.20
	2.36

	41
	AMR-NB 12.2 kbit/s
	Error-free
	3.71
	3.85
	4.00

	42
	AMR-NB 10.2 kbit/s
	Error-free
	3.57
	3.71
	3.85

	43
	AMR-NB 7.40 kbit/s
	Error-free
	3.60
	3.75
	3.90

	44
	AMR-NB 5.15 kbit/s
	Error-free
	3.18
	3.31
	3.44

	45
	MNRU 6dB
	Error-free
	1.26
	1.38
	1.49

	46
	MNRU 12dB
	Error-free
	1.92
	2.07
	2.22

	47
	MNRU 18dB
	Error-free
	2.96
	3.13
	3.29

	48
	MNRU 24dB
	Error-free
	3.64
	3.82
	4.00

	49
	MNRU 30dB
	Error-free
	4.03
	4.18
	4.33

	50
	DIRECT
	Error-free
	4.22
	4.36
	4.51


Table D3. Complete Results







� Care should be taken when drawing conclusions from these results. It does not mean that the performance of EGPRS is poor, but simply that EGPRS was not optimised for unacknowledged dedicated RT services.


� systematic coding could not be used since the general rate matching do not work well with the codes having systematic polynomial (they should not be punctured).


� Even if the block size was twice smaller for the uncoded case, the performance loss introduced by an increase of the interleaving depth would remain (although the individual performance improves slightly from 0.3 to 0.7dB).
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