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This paper discusses the mapping of SDP parameters to UMTS QoS parameters given for information in Table J.1 of Annex J of [1]. The goal of this document is to fix the different [TBC] let opened in the table and to update some other ones.

In this document, we only focus on streaming services on packet switched services. The first section describes the parameters we want to set and propose some possibilities. The second section introduces some example solutions with some suggested PDP context settings.

1. Explanation of the different parameters in UMTS networks

The coding of the different parameters in binary values, can be found in 10.5.6.5 in the document 24.008.

For GPRS networks, we expect similar settings but operating in interactive class. Then the traffic handling priority would be set to 1 and the guaranteed bit rates for uplink and downlink would not be granted.

1.1. Delivery of erroneous SDU

This was previously set to “no”[TBC].

For streaming in PS domain, RLC AM is going to be used and in the core network bit errors should be very rare. “No” should be suitable as erroneous SDUs are going to be very rare.

1.2. Traffic class

Streaming class should be used in UMTS networks.

If streaming class is not available in the network or if the user is a “low priority” user, interactive could possibly be used depending on the application, the phone capability and the operator configuration.

When operating in GPRS networks, interactive class should be used as streaming class is not available.

1.3. Maximum SDU size

This was set to 1520 bytes, it should actually be set to 1500 bytes.

It would also be interesting to have a minimum maximum SDU size. This would avoid the network to fragment to many PDU if an application (a variable bit rate application for example) sets a maximum SDU size to 50 bytes. It would let small packets (like 40 bytes) go, but if fragmentation is used it would prevent the fragmentation of packet of size 60 bytes for example in two PDUs.

1.4. Delivery order

This parameter was previously set to Yes.

This parameter indicates whether the UMTS bearer shall provide in-sequence SDU delivery or not.

If delivery order is set to yes, the SGSN and the GGSN may perform buffering and re-transmissions of packets on the Gn interface during normal operation and not only in case of handover. 

We would propose “no”.

1.5. Guaranteed bit rate for downlink 

This was previously set to 1.025 * SDP session bandwidth [TBC]

We would recommend keeping this value.

It can be noticed, that due to channel protection and RLC retransmission in Acknowledged mode, a dedicated physical channel with higher bitrate than the one requested by the RAB will be allocated. For example for a 64 kbps PS DL RAB request, a DPCH with 384 kbps will be requested.

1.6. Maximum bit rate for downlink

Equal or higher to guaranteed bitrate in downlink

1.7. Guaranteed bit rate for uplink

This was set to 0.025 * SDP session bandwidth [TBC]

We would recommend keeping this value.

1.8. Maximum bit rate for uplink

Equal or higher to guaranteed bit rate in uplink

1.9. Residual BER

10-5 with a 16 bit CRC is highly sufficient for streaming of media application.

It should be noted that when a packet of maximum size of 1500 bytes are transmitted using RLC packet of 80 bytes, then the block error rate would be of coarsely 3.10-4.

1.10. SDU error ratio

RLC AM mode should easily enable 10-4 which is a suitable value.

According to the delay that is allowed by the application and then the number of retransmission at the RLC layer, the SDU error ratio could be lowered.

1.11. Traffic handling priority

Subscribed traffic handling priority is not relevant in streaming class.

1.12. Transfer delay

We propose to set it to 2s as it seems a reasonable delay.

1.13. Proposed new table

	QoS parameter
	Parameter value
	comment

	Delivery of erroneous SDUs
	No
	

	Delivery order
	No
	

	Traffic class
	Streaming
	Interactive could be used for low “priority” user

	Maximum SDU size
	dependant on the application
	includes UDP/IP (v4 or v6) headers on top of the RTP payload

	Guaranteed bitrate for downlink
	1.025 * SDP session bandwidth
	used also for RTCP feedback from server

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

	Guaranteed bitrate for uplink
	0.025*(Guaranteed bitrate for downlink)
	used for RTCP feedback

	Maximum bit rate for uplink
	Equal or higher than guaranteed bit rate
	

	Residual BER
	10-5
	16 bit CRC

	SDU error ratio
	10-4
	

	Traffic handling priority
	Subscribed traffic handling priority
	not relevant

	Transfer delay
	2-6 s
	


Table 1: Overview of QoS Attributes

Table 1 presents the different settings we would like to propose for the streaming.

2. Use cases

Here are presented some examples of required QoS setting for streaming applications with the following characteristics:

voice only (AMR 12.2 kbit/s)

voice high quality, music low quality (AMR 23.85 kbit/s)

music only (AAC at 64 kbit/s)

video only (48 kbit/s) + voice only (AMR 7.95 kbit/s)

During streaming, packets are encapsulated using IP/UDP/RTP protocols. Here we only consider IPv4 protocol which leads to the following packet sizes:

IP header: 20 bytes for IPv4 (IPv6 would add a 20 bytes overhead)

UDP header: 8 bytes

RTP header: 12 bytes

2.1. Streaming of AMR NB speech frames

Here we are interested on streaming of AMR at 12.2 kbit/s. We will consider the cases of transmission of 1 and 10 frames per packet. An AMR frame has a length of 20 ms, that is to say around 31 bytes.

Explanation of the packet length:

Payload (PL) header: 0.5/2 bytes (bw-eff/octet align mode)

Table of Content (ToC) per speech frame 0.75/1 byte per speech frame

Examples:

1 frame per packet: 20(IPv4)+8(UDP)+12(RTP)+2(max PL header)+(max ToC)+31 = 74 bytes

10 frames per packet: 20(IPv4)+8(UDP)+12(RTP)+2(max PL header)+10*[1(max ToC)+31] = 362

	QoS parameter
	Parameter value
	comment

	Delivery of erroneous SDUs
	no
	

	Delivery order
	No
	

	Traffic class
	Streaming
	

	Maximum SDU size
	74 bytes (1 frame per packet)

362 bytes (10 frames per packet)
	362 bytes should be used in that case to avoid too many fragmentations in the network

	Guaranteed bitrate for downlink
	30.34 kbit/s (1 fr./packet) 

14.89 kbit/s (10 fr./packet)
	BS: 32 kbit/s DL

BS: 16 kbit/s DL

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

	Guaranteed bitrate for uplink
	0.8 kbit/s (1 fr./packet) or 0,4 kbit/s (10 fr./packet)

BS: 8 kbit/s UL
	used for RTCP feedback

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

	Residual BER
	10-5
	16 bit CRC

	SDU error ratio
	less than 10-4
	

	Traffic handling priority
	Subscribed traffic handling priority
	not relevant

	Transfer delay
	4 s
	


Table 2 Mapping for AMR streaming application

2.2. Streaming of AMR WB speech frames

Here we are interested on streaming of AMR WB at 23.85 kbit/s. We will consider the transmission cases of 1 and 10 frames per packet.

Explanation of the packet length:

PL header: 0.5/2 bytes (bw-eff/octet align mode)

ToC per speech frame 0.75/1 byte per speech frame

Examples:

1 frame per packet: 20(IPv4)+8(UDP)+12(RTP)+2(max PL header)+1(max ToC)+61 = 104 bytes

10 frames per packet: 20(IPv4)+8(UDP)+12(RTP)+2(max PL header)+10*[1(max ToC)+61] = 662 bytes

	QoS parameter
	Parameter value
	comment

	Delivery of erroneous SDUs
	no
	

	Delivery order
	no
	

	Traffic class
	Streaming
	

	Maximum SDU size
	104 bytes (1 fr./packet)

662 bytes (10 frames per packet)
	

	Guaranteed bitrate for downlink
	42.7 kbit/s (1 fr./packet)

27.2 kbit/s (10 fr./packet);
	BS min : 64 kbit/s

BS min: 32 kbit/s

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

	Guaranteed bitrate for uplink
	1.07 kbit/s (1 fr./packet) 

0,68 kbit/s (10 fr./packet)
	BS 8 kbit/s UL

	Maximum bit rate for uplink
	Equal or higher than guaranteed bit rate
	

	Residual BER
	10-5
	16 bit CRC

	SDU error ratio
	10-4
	

	Traffic handling priority
	Subscribed traffic handling priority
	not relevant

	Transfer delay
	4 s
	


Table 3 Mapping for AMR streaming application

2.3. Streaming of Audio (AAC at 96 kbit/s)

Here we focus on streaming of AAC packets at the bitrate of 96 kbit/s and a sampling frequency of 48 kHz. A frame is composed of 1024 samples and packets are made of one frame. The RTP packetization follows RFC 3016

Explanation of the packet length:

PL overhead: 2 bytes

Data payload: 256 bytes

	QoS parameter
	Parameter value
	comment

	Delivery of erroneous SDUs
	no
	

	Delivery order
	no
	

	Traffic class
	Streaming
	

	Maximum SDU size
	217 bytes
	

	Guaranteed bitrate for downlink
	114,6 kbit/s (1 fr./packet)
	BS min: 128 kbit/s DL

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

	Guaranteed bitrate for uplink
	2.9 kbit/s (1 fr./packet)
	BS: 8 kbit/s UL

	Maximum bit rate for uplink
	Equal or higher than guaranteed bit rate
	

	Maximum bit rate for downlink
	Equal or higher to guaranteed bit rate for downlink
	

	Residual BER
	10-5
	16 bit CRC

	SDU error ratio
	10-4
	

	Traffic handling priority
	Subscribed traffic handling priority
	not relevant

	Transfer delay
	4 s
	


Table 4 Mapping for streaming application

2.4. Streaming of Video (48 kbps) and Voice (7.95 kbps)

The codec in this case has a bitrate of 48 kbit/s and a frame rate of 10 frames/s together in the same channel with an AMR at 7.95 kbit/s with 10 frames per packet.

Explanation of the packet length:

PL overhead for video: 0 byte

Data payload: 600 bytes

PL header for AMR: 0.5/2 bytes (bw-eff/octet align mode)

ToC per speech frame for AMR 0.75/1 byte per speech frame

	QoS parameter
	Parameter value
	comment

	Delivery of erroneous SDUs
	No
	

	Delivery order
	No
	

	Traffic class
	Streaming
	

	Maximum SDU size
	640 bytes (video)

252 bytes (speech)
	

	Guaranteed bitrate for downlink
	52.5 kbit/s (1 fr./packet)

10.4 kbit/s (10 fr./packet)
	BS min: 64 kbit/s DL

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

	Guaranteed bitrate for uplink
	1.3 kbit/s (video)

0,26 kbit/s (speech)
	BS: 8 kbit/s UL

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

	Maximum bit rate for downlink
	Equal or higher to the guaranteed bit rate for downlink
	

	Residual BER
	10-5
	16 bit CRC

	SDU error ratio
	10-4
	

	Traffic handling priority
	Subscribed traffic handling priority
	not relevant

	Transfer delay
	4 s
	


Table 5 Mapping for streaming application
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