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Support of VoIP in GERAN A/Gb mode
1. Introduction

GERAN A/Gb mode PS Handover was specified in Release 6 and is a core enabler of conversational PS services in GERAN A/Gb mode. Other aspects should however be addressed that were described previously in [5] to enable full support of conversational PS services in A/Gb mode:

· Radio channel support for conversational QoS – to offer a radio efficient solution using shared and/or dedicated channels and to reduce latency
· Network transport aspects for support of conversational QoS – to handle a mixture of non-real time and real time traffic at the same time over the Gb interface
· Modification of SNDCP/LLC – to reduce the protocol overhead (this issue was initially identified at GERAN#10, and addressed recently in [1], [2], [6]). This should be dealt with outside GERAN(2), with a potential GERAN(2) involvement
· IP Header adaptation – to introduce RoHC support in SNDCP (this is already done and corresponding RoHC context transfer has been specified in the context of PS Handover)
This paper addresses a number of issues about the radio channel support for conversational QoS. In particular, a focus is put on the implications of a reduced TTI and other improvements on the air interface. A respectable quantity of latency improvements has in fact been proposed to enable VoIP support over shared channels in GERAN. It is essential to bear in mind however that the main incentive for introducing VoIP support on shared channels with a decent coverage (the baseline should be GSM CS Voice) should be a (better) spectrum efficiency vs. dedicated channels while considering the traditional trade-off between performance and complexity.
2. Generic Model

A generic VoIP model is shown on Figure 1. At the source, left part of the figure, voice is encoded with a speech codec which generates a fixed number of speech frames per seconds (fps). The speech frames are then passed to the lower layer protocol which adds a corresponding protocol overhead hence generating PDUs themselves passed to the layer below and so on down the protocol stack. At each layer, processing delay is introduced which contributes to the end-to-end delay of the system. In the receiving end, additional delay is introduced while going up the protocol stack. As the transmission time may vary from PDU to PDU, jitter is created. A jitter buffer is then needed to tackle this problem in order to deliver speech frames to the speech decoder at the same rate as speech frames were generated at the source.
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Figure 1: Generic VoIP Model
3. Requirements
The user’s satisfaction and call quality mainly depends on 
· End-to-End (or mouth-to-ear) delay, which should not exceed 300ms in order to make the users very satisfied (see Appendix A).
· (Speech) Frame Error Ratio (FER) which should not exceed 1%.
The other essential criteria for the evaluation of a VoIP implementation is spectrum efficiency. In case of VoIP over shared channels (i.e. EGPRS), the comparison with solutions using dedicated channel (without and with FLO) must be done. Basically, it means that at equal link performance, the implementation which allows the highest number of users to be multiplexed on one channel would be the most spectrum efficient. Table 1 lists the AMR codec modes and the total number of bits at the RLC layer when robust header compression (ROHC) and the optimization of SNDCP [1] and LLC [2] for VoIP are assumed. In order to avoid increasing the FER, a speech frame should not be segmented over different PDUs (see §4.2). The ROHC performance has been studied in [13] that shows the ROHC header of 3 bytes is expected to apply to 86.7% of frames. However, there are cases when the header is significantly larger. For example, packets with the header size of 63 bytes are sent in the initial phase and packets with header size of 15 bytes needs to be sent if the context is corrupted.
Table 1: AMR codec modes
	
	4.75
	5.90
	7.95
	12.20

	Class A bits
	42
	55
	75
	81

	Class B bits
	53
	63
	84
	103

	Class C bits
	0
	0
	0
	60

	CMR
	4
	4
	4
	4

	ToC
	6
	6
	6
	6

	Padding bits
	7
	8
	7
	2

	ROHC header
	32
	32
	32
	32

	SNDCP
	8
	8
	8
	8

	LLC
	16
	16
	16
	16

	Total (bits)
	168
	192
	232
	312

	Total (octets)
	21
	24
	29
	39


As an indication, the theoretical maximum number of users that could be multiplexed on one time slot using a given MCS and codec mode can be calculated by dividing the maximal available throughput of a given MCS by the codec rate. Table 2 summarizes this calculation for the above mentioned AMR modes and current MCSs. Note that no retransmissions are considered. 
Table 2: Maximum number of users per one timeslot
	MCS
	AMR

	
	4.75
	5.9
	7.95
	12.2

	1 (22 octets)
	1.05
	0.92
	0.76
	0.56

	2 (28 octets)
	1.33
	1.17
	0.97
	0.72

	3 (37 octets)
	1.76
	1.54
	1.28
	0.95

	4 (44 octets)
	2.10
	1.83
	1.52
	1.13

	5 (56 octets)
	2.67
	2.33
	1.93
	1.44

	6 (74 octets)
	3.52
	3.08
	2.55
	1.90

	7 (2x56 octets)
	5.33
	4.67
	3.86
	2.87

	8 (2x68 octets)
	6.48
	5.67
	4.69
	3.49

	9 (2x74 octets)
	7.05
	6.17
	5.10
	3.79


4. GERAN Limitations
Current limitations of GERAN concerning VoIP implementation are discussed in this clause.
4.1 End-to-End delays

Main part of end-to-end delay in GERAN comes from transmission over the Um and Abis interfaces. The network latency is usually expressed by the round trip time (RTT). The theoretical delay calculations of RTT in GERAN using transmission time interval (TTI) of 20 ms give values ranging from 130 to 150 ms in both uplink and downlink directions as shown in [10] and other reports/documents. However, the assumption of BSS buffer delay 20 ms seems to be rather optimistic and also voice sampling introduces latency of 20ms. Similar calculations with a reduced TTI (10ms) show that the RTT could be decreased by 20-40 ms. Simulation results showing RTT of 100-160 ms were also presented besides the theoretical calculations [7]. From this point of view, the end-to-end delays could be expected within the limit of the user’s satisfaction for VoIP by including also transcontinental internet latencies e.g. 100..150ms, provided unacknowledged mode is used at layer 2 (RLC).
4.2 TBF assignment/release
The support of VoIP on shared channels must assume the following are used:

· Delayed downlink TBF release

· Extended uplink TBF mode (CV=0)

Upon release of a TBF used to convey VoIP frames, a mechanism must however be in place to quickly (request and) assign a TBF should additional VoIP frames need to be transferred. Alternatively if such a mechanism does not exist, a TBF used for VoIP should be kept until the call is released. The delay induced by the request/assignment of new resources would otherwise trigger delaying and/or deleting voice frames in a non-acceptable manner (i.e. unacceptable delay and/or FER). This issue is obviously more severe in uplink than it is in downlink, and far more severe in case the MS returns to packet idle mode. Conversely, resources may be wasted if assigned but not used.

	
	Packet idle mode
	Packet transfer mode

	Downlink
	Downlink assignment on (P)CCCH
	Packet Downlink Assignment on PACCH

	Uplink
	One-phase access on (P)CCCH
	Packet Resource Request on PACCH

Packet Uplink Assignment on PACCH


4.3 Frame Error Ratio

FER is directly linked to BLER which depends on channel quality and modulation and coding scheme (MCS). Because different codec modes with different speech frame sizes are considered and also radio blocks of different MCS have different payload size the BLER is not same as FER but the following relation holds. If the speech frame is shorter or equal to the payload of the radio block used for transmission and the speech frames are not segmented then the FER is equal to BLER. The segmentation of speech frames implies to higher FER depending on the percentage of segmented speech frames. The FER is limited by 
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, which would mean that all the frames are segmented. This is a situation in all cases listed in Table 2 highlighted by green color. In case the speech frame is larger than the payload, the FER can be expressed as 
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, where N is the number of radio blocks needed for transmission of one speech frame. Segmentation should be avoided in case of VoIP as previously told in §3 If the segmentation can not be avoided or it is intended to be used because better spectral efficiency (no padding bits) then the above mentioned relation between FER and BLER must be taken in to account. For example, BLER about 0.5% is needed in order to achieve FER 1% if the frame is smaller than the payload of MCS and significant portion of the frames is segmented.
The target BLER of 1% for sufficient speech quality cannot be achieved by high MCSs as shown on Figure 2. However what can be also seen on the figure is that a significant gain is achieved if one retransmission is made and incremental redundancy is used. The retransmission of erroneous RLC data blocks seems to be necessary in order to reach the required BLER for VoIP. However, the retransmission must be performed as quickly as possible which is not necessarily possible with today’s acknowledged mode (especially for uplink).
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Figure 2: Residual BLER after 1 retransmission
There is a number of issues related to the retransmission mechanism as defined in the specification today

· The retransmission is done between BSC/PCU and MS. This is the slowest part of the communication link.

· Reduce TTI would speed up the link.

· MS can notify BSC/PCU about missing RLC PDUs by Packet DL Ack/Nack message sent on PACCH upon polling. The current shortest reaction time is 13 TDMA frames, which seems to be quite long in context of conversational services.
· Different proposals of Ack/Nack reporting have been seen already. Generally, there are two approaches, piggy-backing and event-based reporting. The latest proposal of Fast Ack/Nack reporting [9] combines these two techniques. The proposal which changes the RRBP period (only two possible values 10 and 20 ms) could be limiting the flexibility of radio blocks scheduling. In fact it requires practically constant acknowledgements in the opposite direction of the speech which means that even during a silent period in one direction, acknowledgement of the speech in the other direction (provided there is no silent period in that direction) must be provided. 
Regardless of the pace at which acknowledgements can be received, RLC acknowledged mode is obviously not suited for VoIP. The number of retransmissions needs to be limited and discard of old blocks must be allowed so the RLC window does not stall. If the number of retransmissions is not limited then several retransmissions of one radio block can cause cumulative delay, which effects all the successive blocks. Non-persistent RLC mode aims to solve this problem. The question is how to limit the number of retransmissions or in other words how to advance the receiving RLC window. A proposal was made to utilize a timer to discard missing/erroneous radio blocks [11] or the receiving RLC window size is set to a very small value (e.g. 1-2 radio blocks) and the same procedure as for RLC non-persistent mode for MBMS is used [12]. A disadvantage of the later proposal could occur when discontinuous transmission is considered. At the beginning of the silent period the radio blocks in the window will be retransmitted as long as they are not successfully received or the silent period finished. This could be seen as wasting radio resources.
4.4 Multiplexing

4.4.1 Multiplexing through Packetization and Associated Delay

The aim of VoIP over shared channels is to multiplex as many VoIP sessions as possible and ideally to allocate the unused bandwidth to other services. Ideally this would mean to use lower rate codes with high MCS as shown in Table 2 in order to maximize the amount of users per timeslot, but it is not that straightforward. 
The VoIP application generates data traffic with constant bit rate. In ideal case, the scheduling of radio blocks would take into account this fact. The radio resources allocation should be based on guaranteed bit rate required by VoIP application. The bit rate at the link level needs to be a bit higher (about 20%) as the possibility for retransmissions must be considered. 
The resource allocation and utilization also depends on the link adaptation algorithm. It is assumed that this algorithm is designed to provide the maximal throughput over the air interface. The input parameters are at least link quality measurement reports and the algorithm tries to gain maximally from the incremental redundancy. The goal of the link adaptation algorithm for VoIP should be to keep the BLER or residual BLER below a given limit. The difference between these two approaches of the link adaptation is also the meaning of the services provided. The link adaptation algorithm providing maximal throughput can be seen as a best effort service. On the other hand, the requirement on residual BLER performance is a kind of guaranteed service. 
Assuming that the radio resources are allocated with regard to requested bit rate then the buffering (packetization) of speech frames is performed at RLC layer. The packetization at RLC layer represents the most inefficient solution from the resource usage point of view because there is a considerable protocol overhead given each speech frame is wrapped to a LLC/SNDCP/IP/UDP/RTP protocol data unit. These units are concatenated at the RLC layer. However, the advantage of this solution would be the complete transparency of the packetization for the application (RTP) layer compared to the other extreme case when the packetization is done at the RTP layer, which represents the solution with minimal protocol overhead. However, the RTP layer would need to have some knowledge about the link performance in order to do packetization effectively and to avoid to packetization with the longest delay all the time.
The packetization delay increases as the codec rate decreases and higher MCS is used for the transmission. For example, VoIP session operating with AMR 4.75 and using MCS-7 for the transmission requires 5.33 speech frames to be buffered before the payload of MCS-7 can be filled fully. The packetization delay is more than 100 ms in this case. Such long packetization delay is not feasible when a possible retransmission at the air interface is taken in to account. Obviously, the solution is either to use a lower MCS or to decrease the payload of high MCS. The latter consists in using a short version of high MCS with 2-burst structure [GP-060256, G2-060067] at the expense of frequency diversity loss and consequently link level performance degradation.
4.4.2 Discontinuous Transmission

The discontinuous transmission (DTX) is essential for an efficient handling of radio resources but has not been discussed in the context of VoIP over shared channels yet. In case of circuit switched speech, the discontinuous transmission roughly means that the transmission is omitted when a silent period is detected. Consequently, the interference in the network is decreased hence increasing the network performances. 
The discontinuous transmission could be handled in a similar manner in case of VoIP and shared channels. The MS would keep allocated resources (i.e. UL/DL TBF) for the entire session. Delayed release of downlink TBF and extended uplink TBF modes can serve this purpose (see §4.2). However, the MS is required to send radio blocks (upon network’s order) during the silent period in order to avoid the release of the TBF. Furthermore acknowledgements need to be sent in uplink when speech is sent in the downlink (i.e. when a silent period is likely in uplink). This is expected to reduce considerably, albeit prevent, multiplexing of other data/users during silent periods. In addition, limitations arise with BSS scheduling In fact, as opposed to best effort data where the amount of remaining blocks to send is indicated in due time by the MS to the BSS so the BSS can schedule resources appropriately, a silent period among speech frames is unexpected by the BSS (real-time), and therefore scheduling other users during silent periods is a real issue, while the expected gains would be marginal. Discontinuous transmission in the uplink direction is naturally more complex than in the downlink direction but similar scheduling limitations apply in downlink.. 
4.4.3 Other issues

If multiplexing with other (non-VoIP) users is needed, multiplexing with legacy TBFs (GPRS TBF mode, EGPRS TBF mode) must be ensured which brings about the following limitation.
Stealing flags: Given RLC/MAC control messages must be sent using CS-1 and USF must be decodable by legacy MSs, it means legacy stealing flags have to be maintained when RTTI is used. It also means that if the RTTI-capable mobile station has detected the GMSK modulation it must first check whether CS-1 is indicated and if not proceed with decoding the two RTTI
 blocks contained in the 20ms. This means that if no change is made 20ms are needed in order to identify the coding used as indicated by the stealing flags. Then only can decoding proceed. Said otherwise, it means that none of the two RTTI blocks contained in the 20ms period can be delivered before 20ms when GMSK is used, and if legacy stealing flags must first be checked. Note that when 8PSK is used, there is as such no need to decode legacy 8PSK stealing flags, except if the mobile station has legacy EGPRS TBFs on the same resources in which case the same as described above occurs.

There is no benefit of RTTI if legacy stealing flags must first be decoded. A solution is therefore needed that maintains legacy stealing flags but sets the RTTI-capable MS free of first decoding legacy stealing flags. A proposal was made in [8] to achieve this, relying on a partial (half) identification of stealing flags (e.g. only the first four of the eight stealing flags for decoding the first of the two RTTI blocks contained in 20ms). The reliability of this mechanism should however be evaluated given the Hamming distance is reduced vs. full stealing flags.
Other limitations (USF for legacy MSs) requires yet some additional complexity to multiplex on the same PDCHs, resources with different RTTI.
4.5 Neighbouring cell measurements

As studied previously [5], a SACCH-like channel would be needed if VoIP were supported on shared channels, in order to provide frequent neighbouring cell measurements without impacting speech quality.
4.6 MS capabilities

The current RTTI proposals on the table assume the following:

· RTTI=10ms: The MS must be able to receive on 2 timeslots, and transmit on 2 timeslots

· RTTI=5ms: The MS must be able to receive on 4 timeslots, and transmit on 4 timeslots

For VoIP on dedicated channels (with FLO), a mobile station need to be able to receive on only one timeslot and transmit on only one timeslot, which is a considerable benefit over VoIP using shared channels. Other benefits are also clear: no multiplexing limitations, no latency issue, radio resources are available, SACCH is available.
5. Conclusions
In this contribution the support of VoIP on shared channels in GERAN A/Gb mode has been discussed with regards to a number of proposals in TSG GERAN. The following points can be made: 

· On shared channels, a very low BLER (to reach a 1% FER) cannot be achieved without retransmissions. The Ack/Nack reporting must be improved for that purpose. A number of techniques have been proposed already including reduced TTI, event-based Ack/Nack reporting and piggy-backing. The individual contribution of each single technique (e.g. a comparison of performance of event-based Ack/Nack with TTI 10 and 20 ms) should be examined in more details. It could be assumed that significant gains come from the improved Ack/Nack reporting.
· The need for RLC retransmissions requires the introduction of non-persistent RLC mode for conversational services. However, it is still not entirely clear what this non-persistent RLC mode would look like.
· In case of discontinuous transmission, efficient resource allocation and radio resource utilization is impossible with current specification and it seems that a solution would be rather complex. The ability of the BSS to schedule other data during silent period of VoIP is questioned due to the real-time nature of the silent periods themselves.Furthermore, multiplexing during silent periods would anyway be considerably impacted by the need to report periodically channel quality measurements, and also by the need to send acknowledgements for the data sent in the opposite direction. Generally, in uplink direction, the MS would be in a much better position to schedule its data during silent periods.
· An Ack/Nack reporting scheme based on piggy-backing within RLC data blocks is not viable during silent periods. 
· There is a lack of sufficient radio resource allocation and scheduling providing guaranteed services in GERAN.
· The introduction of shorter radio block (e.g. 2-burst radio block) would help to decrease packetization (buffering) delay at source at cost of worst link lever performance.

· The theoretical benefit of VoIP on shared channel would be a higher multiplexing capability (yet to be demonstrated though), however that would require additional packetization delay at the source. The proper evaluation of such case is still needed. Larger end-to-end delays would result from scheduling different users on the same resources. Complications with GMSK and 8-PSK radio blocks scheduling could appear when using reduced TTI while preserving compatibility with legacy MS.
· Neighbouring cell measurement reports must be sent periodically which when multiplexed on the same resources as the conversational data would artificially increase the FER.

As shown, a lot of additional complexity is expected in order to accommodate VoIP on shared channels (change of TTI, new ack/nack reporting, shorter radio blocks, non-persistent RLC mode, change of RRBP, SACCH-like channel, preserving multiplexing with legacy MSs on the same resources, 2+2 and/or 4+4 MSs, …). It is essential that each of the proposals made be evaluated individually, and in combination in order to see what package would provide a radio efficient support of conversational services in GERAN that would live up to the expectations in terms of coverage, spectrum efficiency and most importantly complexity. Then only could a conclusion be made as to whether to specify these mechanisms or not.
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Appendix B: Mouth To Ear Delay
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