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1. Overall Description:

TSG GERAN would like to thank TSG SA WG4 for their LS on transmission aspects for speech enabled services (SES).

TSG GERAN would first like to correct that GERAN (GSM/EDGE Radio Access Network) offers both GMSK and 8-PSK modulations. While GMSK is available in GSM and GPRS, 8-PSK was introduced in Rel99 within the scope of EDGE (data services) for both EGPRS and ECSD. Rel-5 added 8-PSK for CS speech.

TSG GERAN would like some more detailed information about SES and the requirement it has on GERAN. In the LS GP-030115 it is stated that SES belongs to the PS Conversational service. 3GPP definition of Conversational QoS is a bi-directional service with transfer delay requirement below 150 ms. To fulfill the low latency requirement, an unacknowledged bearer is required. In addition packet-switched handover is needed in order to reduce outage time at cell change. 

If SES can be realized on bearers with less requirements on latency, streaming and interactive bearers, using acknowledged mode, could be considered.

Thus, the requested information is provided below for conversational, streaming and interactive QoS.

Conversational QoS:

TSG GERAN would like to inform TSG SA WG4 that PS conversational services are so far only available through the Iu interface in GERAN (a.k.a GERAN Iu mode) from Rel-5 onwards. Work has started on providing PS conversational services through the Gb interface in GERAN A/Gb mode. GERAN Iu mode uses the same PDCP protocol as UTRAN as a convergence protocol between the RAN and the CN, which has 1 octet overhead. PDCP allows for using RoHC.

TSG SA WG4 asked TSG GERAN to provide available source bitrate, BLER and transmission latency within the perspective of "typical channel conditions at the edge of coverage". To this last point, TSG GERAN understand that the strongest channel coding schemes are the target of the study, hence that minimum bitrates are beeing seeked. The following is therefore considered:

· GPRS CS-1

· EGPRS MCS-1

· Flexible Layer One (FLO) (being standardized)

Assuming one 20ms speech packet fits within one RLC/MAC block, the following table shows the available bandwidth to accommodate both the compressed RTP/UDP/IP header and the associated payload as a function of the coding scheme.

	
	Available data rate for
Compressed RTP/UDP/IP header and payload
	Explanation 



	CS-1
	18 octets per 20ms i.e. 7.2 kbits/s

(see note 1)
	3 octets RLC/MAC header; 1 octet {Length Indicator + ME bits}; 1 octet PDCP overhead

	MCS-1
	20 octets per 20ms i.e. 8 kbits/s
(see note 2)
	4 ⅛ octets RLC/MAC header; 1 octet {Length Indicator + E bit}; 1 octet PDCP overhead

	FLO
	8-10 kbits/s can be achieved

(see note 3)
	

	NOTE 1:
5.6 kbits/s left for speech assuming an average 4 octet compressed RTP/UDP/IP header

NOTE 2:
6.4 kbits/s left for speech assuming an average 4 octet compressed RTP/UDP/IP header

NOTE 3:
6.4 – 8.4 kbits/s left for speech assuming an average 4 octet compressed RTP/UDP/IP header




A typical BLER of 10% is achievable in typical conditions at the edge of coverage. If a single IP packet is put into multiple RLC/MAC blocks the overall IP loss rate will be significantly increased.

The transmission latency when RLC UM is used is below 100 ms.
Streaming/Interactive QoS:

Streaming/Interactive QoS services can be realized using acknowledged mode RLC. This reduces significantly the IP packet loss rate at the cost of increased delay. It also allows for reducing protocol overhead by putting more than one speech frame into each IP packet. PS Streaming/Interactive QoS services are supported in GERAN Iu mode from Rel-5 onwards. Interactive QoS services are supported in GERAN A/Gb mode. Necessary enhancements for provision of Streaming QoS services in GERAN A/Gb mode are being standardized .

Under typical channel conditions at the edge of coverage it is assumed that the source rate will be roughly 7-10 kbits/s. 

It is the understanding of TSG GERAN that TSG SA4 is interested in the source bitrate of the speech codec. In order to get a rough estimation of the available source bit rate the following assumptions on protocol overhead has been made:

· RTP/UDP/IP: 4 Octets assuming RoHC. 

NOTE: Contrarily to GERAN Iu mode, RoHC is not available in GERAN A/Gb mode: RoHC support in SNDCP is under investigation. The figures in the table below should therefore be regarded as achievable in GERAN Iu mode only


· RTP payload header: 1 octet

· PDCP: 1 octet 

· SNDCP/LLC: 10 octets

· Number of speech frames per second: 50

Note that the numbers above should only be seen as rough estimations, true values may differ due to differences in e.g. RoHC and RTP configuration. It is also assumed that RoHC is operating in full compressed mode.

	Speech frames per IP packet
	Available bit rate for speech codec in GERAN Iu mode
	Available bit rate for speech codec in GERAN A/Gb mode

	1 
	5.5 kbits/s
	2 kbits/s

	5
	7.5 kbits/s
	7 kbits/s

	10
	8 kbits/s
	7.5 kbits/s


The transmission latency is assumed to be roughly 500-700 ms. This varies heavily depending on network configuration and radio conditions.

The IP packet loss rate is assumed to be close to 0%.

2. Actions:

To TSG SA WG4 group.

ACTION: 
TSG GERAN asks TSG SA WG4 to account for the above-mentioned data for the selection of the minimum codec for use in SES, and to clarify the requirements SES put on GERAN.
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