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1 Introduction

PSS involves equipment from different vendors and is operated by different providers. Therefore we propose to give more guidelines on how to implement PSS for REL-4 and REL-5. 

This document gives an overview of possible user scenarios that may be used in Packet-Based Streaming Service. In addition a draft list of UMTS bearer attributes, optimized for single media streams, is proposed for discussion. For implementation issues it is quite important, whether the media data is transmitted via one PDP-context or several PDP-contexts. 

The result of the discussion should be integrated to TS 26.234 and TS26.235 and should be reflected in TS 34.108.

2 Discussion

2.1 Use Cases
Most of the use cases are taken from [1]. In [1] it is assumed that the following codecs may be used to implement the several use cases:

· Voice: AMR-NB or AMR-WB for speech

· Video: MPEG4 or H.263

In addition also high quality music codecs have to be addressed: 

· Audio: MPEG4 AAC

The following table gives an overview of the possible use cases.
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Table 1:Overview of Use Cases 

Discussion of UMTS Bearer Attributes

The following section describes the proposed UMTS Bearer Attributes for AMR-NB, AMR-WB, MPEG4 AAC, H.263 and MPEG4 VSP@L0.

2.1.1 Voice (AMR, AMR-WB) and Audio (MPEG4-AAC)

Table 2:Overview of UMTS Bearer Service Attributes for AMR-NB, AMR-WB 
and MPEG 4 AAC for Down-Link Streaming Service

	Attribute
	AMR-NB
	AMR-WB
	MPEG 4 AAC

	Traffic class
	Streaming
	Streaming
	Streaming

	Maximum bit rate (kbps)
	1,025 * Guaranteed bit rate
	1,025 * Guaranteed bit rate
	1,025 * Guaranteed bit rate

	Guaranteed bit rates (kbps)

	Raw audio: 4.75 – 12,2 Add. Header: 4,0

	Raw audio: 6,6 – 23.85 Add. Header: 4,0
	Raw audio: 64kbit/s

Add. Header: ?

	Delivery Order (y/n) 

	Yes/No
	Yes/No
	Yes/No

	Maximum Service Data Unit (SDU) size (octets) 
	1500
	1500
	1500

	SDU format information (bits) 1
	- 
	- 
	-

 

	SDU error ratio
, 7
	< 10-3  (5*10-4)
	< 10-3 (tbc.) (5*10-4)
	< 10-3 (tbc.) 
(5*10-4)

	Residual bit error ratio
, 
, 

	10-3-10-7 (5*10-4)
	10-3-10-7 (5*10-4)
	10-3-10-7 (5*10-4)

	Delivery of erroneous SDU (y/n/-)
	If the application/de-coder can cope with errors then YES, otherwise NO
	If the application/de-coder can cope with errors then YES, otherwise NO
	If the application/de-coder can cope with errors then YES, otherwise NO

	Transfer Delay (ms)1
	< 2s
	< 2s
	< 2s

	Traffic handling priority 

	-
	-
	-

	Allocation/Retention Priority
	-
	-
	-

	Source statistics descriptor (‘speech’/’unknown’)

	Speech
	Speech
	‘unknown’


According to Table I.1 of TS26.234 the “Guaranteed Bit Rate” shall be 1,025 * SDP session bandwidth that is signaled by the server. This value is valid for the entire session, however does not distinguish between individual media streams. In Table 1

2.1.2 Video (H.263 and MPEG4 VSP@ L0)

Table 3:Overview of UMTS Bearer Service Attributes for MPEG4 VSP @ L0
 and H.263 for Down-Link Streaming Service

	Attribute
	H.263
	MPEG4 VSP @ L0

	Traffic class
	Streaming
	Streaming

	Maximum bit rate (kbps)

	1,025 * Guaranteed bit rate
	1,025 * Guaranteed bit rate

	Guaranteed bit rates (kbps)
	Video data: 50

Overhead: 5-10
	Video data: 50

Overhead: 5-10

	Delivery Order (y/n)
	Yes/No
	Yes/No

	Maximum Service Data Unit (SDU) size (octets) 
	1500
	1500

	SDU format information (bits)
	- 
	- 

	SDU error ratio 7
	< 10-3 (tbc) (5*10-4)
	< 10-3 (tbc.) (5*10-4)

	Residual bit error ratio 7
	10-3-10-7 (5*10-4)
	10-3-10-7 (5*10-4)

	Delivery of erroneous SDU (y/n/-)
	If the application/decoder can cope with errors then YES, otherwise NO
	If the application/decoder can cope with errors then YES, otherwise NO

	Transfer Delay (ms)
	< 2s
	< 2s

	Traffic handling priority
	-
	-

	Allocation/Retention Priority
	-
	-

	Source statistics descriptor (‘speech’/’unknown’) 
	-
	-


2.1.3 RTCP-Information

The RTCP feedback information for all codecs could use the same QoS value. The RTP/RTCP specification stated that about 5% of the bandwidth should be used for RTCP information. The RTCP information is generated by each media codec from the client to the server (uplink). It may be appropriate to send all RTCP flows in one uplink bearer. The “SDU Error Ratio” and “Residual Bit Error Ratio” should be low to achieve high reliability of RTCP messages.

2.2 Discussion on Usage of the UMTS Bearer Settings

The settings of the UMTS Bearer Settings depends whether

a) All media data have to be transmitted in one PDP-context

b) Each media flow is assigned to one particular PDP-context.

In the case (b) each media stream is directly mapped into one PDP-context for uplink and downlink, as described in the previous chapter. But it may happen that the number of required PDP contexts is available, e.g. in case (a). In such a case all media streams have to be transported via one PDP context. This is the current way as described in TS26.234. 

It may also happen that the requested QoS values can’t be negotiated. In such a case the terminal has to find a solution on itself, e.g.

· Drop less important media data (e.g. drop video but get audio) and try again to establish connection with the new settings

· Drop entire streaming session.

However the decision of the terminal may not be inline with the user’s or content creator’s expectation. It would be beneficial if SA4 can give some advice on how to handle this situation.

3 Conclusion

This document gives an overview of use cases for 3GPP PSS. It also tries to identify the required UMTS Bearer Attributes. However there are several open questions that are:

· What are the “typical” QoS values for AMR-NB, AMR-WB, H.263, MPEG4 video and in particular RTCP?

· What are the “typical” QoS values for the different use cases, if several media streams have to be aggregated via one PDP-context?

· Are there any preferred modes the terminal should use if the requested QoS values can’t be negotiated? For example should the video be dropped but the audio be started? What would be the user’s expectation?

We propose to include the results of this discussion into the TS26.234 specifications for REL-4 and REL-5 and to send a liaison with results to the appropriate body, e.g. T1 for TS34.108 and SA1 and SA2.
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� This attribute only applies for traffic class “Streaming and Conversational”


� If 4 AMR packets per RTP packet the IP/UDP/RTP overhead is assumed to be: ¼ * 40bytes/IP-packet * 8bits/byte * 50 AMR packets / sec = 4kbit/s. This may be higher of lower depending on the number or IP packets per second.


� The RTP covers the timestamp of each RTP packet. Therefore it may be beneficial to allow mis-ordered delivery.


� The SDU Error Ratio was taken from [2] and [3].


� Residual Bit Error Ratio was taken from [4] and [5]. They state that the FER has to be less than 3% and that the BER should be between 10-3 and 10-7.


� Indicates the undetected bit error ratio in the delivered SDUs. If no error detection is requested, Residual bit error ratio indicates the bit error ratio in the delivered SDUs.


� Proposed default values of “SDU Error Ratio” and “Residual Bit Error Rate” can be found in brackets of the appropriate table entry.


� This attribute can only be used in traffic class “Conversational”


� This attribute can only be signaled from the TE with REL-5 upwards.


� If variable bit-rate coding is used then the maximum bit rate reflects the peak bit-rate.
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