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Requirements for support of Streaming in GERAN 
1. Introduction

This document discusses requirements for UMTS packet-switched streaming services (3G PSS) in GERAN A/Gb mode. PSS enables mobile streaming applications, using the UMTS Streaming Class defined in 3GPP23.107.

The purpose of this paper is to elaborate on different streaming use cases (part of PSS) and their associated UMTS Bearer QoS requirement profile in order to investigate if (and what) possible enhancements in GERAN A/Gb mode are needed in order to support these use cases (e.g. applications). The ambition is to support the same UMTS bearer service in GSM/GPRS as in UMTS. The streaming applications will be globally supported independent of type of RAN.

This paper refers to 3GPP 26.937 as an initial effort for setting the use case parameters. Currently 26.937 is in the status of being updated by SA4 therefore this paper should only be considered as for general discussion and the next version of this paper will be updated with the latest status from SA4.

2. End user Aspects on application level

The following is the proposed basis for setting the requirements for the Streaming service in GERAN A/Gb mode. These QoS aspects need to be quantified and characterized. 

· QoS perceived by the end user is the main determining factor when attempting to characterise what performance is needed for the different streaming use cases.  

· Characterisation activity consists mainly of showing the end user expected performance for the different use cases and is expected to reveal any weaknesses and/or optimisation possibilities. 

· The PSS characterisation results should serve as problem definition and allow for identification of QoS parameter requirements.

3. Use cases for QoS Streaming class

The following four example use cases are considered, see [2], :

· Voice only streaming (AMR at 12.2 kbps)

· High-quality voice/low quality music only streaming (AMR-WB at 23.85 kbps)

· Music only streaming (AAC at 52 kbps) 

· Voice and video streaming (AMR at 7.95 kbps + video at 44 kbps)

These use cases will be a basis for further studies aimed at setting parameter requirements for Streaming service in GERAN.  In the following table extracted from proposed 3GPP TR 26.937 V0.5.0 [2], the QoS parameter settings for the four use cases (above) are listed.

The parameter settings in the Table1 summarise the requirements that these use cases have on the UMTS bearer service.

Table 1.

UMTS bearer QoS parameters
Selected Parameter values
Comment


Voice only
High-quality voice / low quality music
Music only
Voice and video


Delivery of erroneous SDUs
No
No
No
No


Delivery order
No
No
No
No


Traffic class
Streaming
Streaming
Streaming
Streaming


Maximum SDU size
<1500 bytes
<1500 bytes
<1500 bytes
<1500 bytes
Note # 2 

Guaranteed bit-rate for downlink
30.0 kbps (1 frame/packet) 

14.9 kbps (10 frames/packet)
41.6 kbps (1 frame/packet) 

26.5 kbps (10 frames/packet)
59.9 kbps

Note # 3
59.9 kbps

Note # 3
Further studies are needed in order to translate UMTS QoS to PFC QoS due to unknown ROHC efficiency. 

Maximum bit-rate for downlink
Equal or higher than guaranteed bit rate
Equal or higher than guaranteed bit rate
Equal or higher than guaranteed bit rate
Equal or higher than guaranteed bit rate


Guaranteed bit-rate for uplink
<=1.5 kbps (1 frame/packet) 

<=0.8 kbps (10 frames/packet)
<=2.1 kbps (1 frame/packet) 

<=1.3 kbps (10 frames/packet)


<=3.0 kbps (1 frame/packet) 
<=3.0 kbps (1 frame/packet) 


Used for RTCP feedback. 

Maximum bit rate for uplink
Equal or higher than guaranteed bit rate
Equal or higher than guaranteed bit rate
Equal or higher than guaranteed bit rate
Equal or higher than guaranteed bit rate
Used for RTCP feedback. 

Residual BER
10-5
10-5
10-5
10-5
Note # 4

SDU error ratio
10-4
10-4
10-4 
10-4 
Note # 4

Transfer delay
2 s
2 s
2 s
2 s
Note # 5

Note #1:

For comparison with parameter value ranges currently defined for UMTS bearers see the Appendix A.

Note #2: 

Maximum SDU size cannot be used to determine the normal SDU size the application sends. SDU size information is mostly used for Traffic Policing. SDU format description is not expected to be available for Streaming Services in the near future. Therefore we can't expect GERAN be aware of the possible packet formats.

Note #3: 

It is assumed this would require 4TS to be supported. 

Note # 4:

The Resdidual BER and SDU error ratio requirements could be considered quite strict in this case and these requirements should be discussed further in GERAN since it may have impacts on the realization of the service ( e.g. the use of acknowledge / unacknowledged protocls).

Note #5:

The Transfer Delay value of 2 s will be difficult for GERAN to comply with if no further enhancement is introduced in the system. It should be discussed both in GERAN and SA4 how strong this requirement are and if it could be relaxed. Initial end-user experience studies indicate that the transfer delay is not so crucial as other parameters like SDU error rate and bit rate.

4. Conclusion

This paper proposes to initiate a discussion on typical characteristics and corresponding parameter setting values of streaming service, taking the requirements from 3GPP TR 26.937 V0.5.0 into consideration. Further work is required on:

· Translation of these req. to GSM/GPRS PFC service QoS

· Investigating the performance of existing GPRS release 5 standards in order to see if the listed use cases can be supported today.

· Investigate the performance of the proposed Streaming enhancements in order to see if it is possible to better support (e.g. with lower transfer delay, higher bit rate etc.) the  use cases.
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Appendix A:

Traffic class
Conversational class
Streaming class
Interactive class
Background class

Maximum bitrate (kbps)
< 2 048 (1) (2)
< 2 048 (1) (2)
< 2 048 - overhead (2) (3)
< 2 048 - overhead (2) (3)

Delivery order
Yes/No
Yes/No
Yes/No
Yes/No

Maximum SDU size (octets)
<=1 500 or 1 502 (4)
<=1 500 or 1 502 (4)
<=1 500 or 1 502 (4)
<=1 500 or 1 502 (4)

SDU format information
(5)
(5)



Delivery of erroneous SDUs
Yes/No/-
Yes/No/-
Yes/No/-
Yes/No/-

Residual BER
5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-5, 10-6 
5*10-2, 10-2, 5*10-3, 10-3, 10-4, 10-5, 10-6 
4*10-3, 10-5, 6*10-8 (6)
4*10-3, 10-5, 6*10-8 (6)

SDU error ratio
10-2, 7*10-3, 10-3, 10-4, 10-5 
10-1, 10-2, 7*10-3, 10-3, 10-4, 10-5 
10-3, 10-4, 10-6 
10-3, 10-4, 10-6 

Transfer delay (ms)
80 – maximum value 
250 – maximum value 



Guaranteed bit rate (kbps)
< 2 048 (1) (2)
< 2 048 (1) (2)



Traffic handling priority


1,2,3


Allocation/Retention priority
1,2,3
1,2,3
1,2,3
1,2,3

Source statistic descriptor
Speech/unknown
Speech/unknown



