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1 Reason for Contribution

At the OMA March 2004 Interim meeting,  QoS traffic classes for PoC Service were discussed.  This contribution presents PoC latency requirements from the PoC RD , and proposes QoS traffic classes for SIP signaling, floor control, and voice media based on those requirements.

2 Summary of Contribution

The contribution is discussion paper to solicit feedback and comments on applying Interactive Traffic class for SIP signaling and floor control and Streaming Traffic class for voice media.  

3 Detailed Proposal

3.0 - Discussions

3.1 – PoC RD performance Requirements

The PoC RD has the following performance requirements:

6.2.7.1 Right-to-speak response times during PoC session establishment, QoE1
· The duration between the times the inviting PoC subscriber initiates the PoC session and when he receives a ”right-to-speak” indication SHOULD typically be less than [2.0] seconds, in case PoC service entity provides early (i.e., "unconfirmed" in the AD) “right-to-speak” indication and the invited PoC subscriber is on automatic answer mode.

· If the invited PoC subscriber answers manually, then the inviting PoC subscriber SHOULD typically receive the ( (i.e., "confirmed" in the AD) ‘right-to-speak’ indication in less than [1.6] seconds after the invited PoC subscriber manually accepts the PoC session invitation.  

These requirements apply to SIP signaling and floor control. 

6.2.7.3 End-to-end channel delay, QoE3
· The voice delay time (duration between when voice is spoken by a sending PoC participant until it is heard by the invited PoC participant) SHOULD typically be no more than 1.6 seconds during the PoC session.  This channel delay is a general requirement for the talk-bursts, however for the first talk-burst in a PoC session set-up the voice delay SHOULD typically be no more than 4 seconds, in case an early (i.e., "unconfirmed" in the AD) indication is given.
6.2.7.4 Voice quality requirements, QoE4

· The PoC session voice quality SHOULD typically meet the following limit:     MOS >= 3 at BER <= 2%.
These requirements apply to voice media. 
In summary, based on the foregoing requirements from the RD, SIP signalling, floor control, and voice media all have latency requirements.  SIP signalling and floor control are sensitive to error rates because lost signalling may imply a need to retransmit and thereby increase latency, as well as cause users to not receive talk bursts.  Voice media can tolerate some loss due to errors, but is sensitive to delay variation (due to buffer synchronization loss) and overall latency.  
3.2 – 3GPP TS 23.107 QoS Concept and Architecture

3GPP does not have dedicated Signalling QoS Traffic Class.  In 3GPP TS 23.107, 4 different types of traffic classes were defined. 

Below is the direct extract of the TS 23.107

There are four different QoS classes:

-
conversational class;

-
streaming class;

-
interactive class; and

-
background class.

The main distinguishing factor between these QoS classes is how delay sensitive the traffic is: Conversational class is meant for traffic which is very delay sensitive while Background class is the most delay insensitive traffic class.

Conversational and Streaming classes are mainly intended to be used to carry real-time traffic flows. The main divider between them is how delay sensitive the traffic is. Conversational real-time services, like video telephony, are the most delay sensitive applications and those data streams should be carried in Conversational class.

Interactive class and Background are mainly meant to be used by traditional Internet applications like WWW, Email, Telnet, FTP and News. Due to looser delay requirements, compare to conversational and streaming classes, both provide better error rate by means of channel coding and retransmission. The main difference between Interactive and Background class is that Interactive class is mainly used by interactive applications, e.g. interactive Email or interactive Web browsing, while Background class is meant for background traffic, e.g. background download of Emails or background file downloading.
Table 1: UMTS QoS classes

	Traffic class
	Conversational class

conversational RT

	Streaming class

streaming RT

	Interactive class

Interactive best effort

	Background

Background best effort

	Fundamental characteristics
	-
Preserve time relation 
(variation) between 
information entities of 
the stream


Conversational 
pattern (stringent and low delay )
	- Preserve time relation     (variation) between information entities of the stream
	-
Request response 
pattern 

-
Preserve payload 
content
	-
Destination is 
not expecting 
the data within a 
certain time

-
Preserve 
payload content

	Example of the application
	-
voice
	-
streaming video
	-
Web browsing
	-
background 
download of 
emails


5.2.1.1 6.4.3.3
UMTS bearer attributes: summary

In table 2, the defined UMTS bearer attributes and their relevancy for each bearer traffic class are summarised. Observe that traffic class is an attribute itself. 

Table 2: UMTS bearer attributes defined for each bearer traffic class

	Traffic class
	Conversational class
	Streaming class
	Interactive class
	Background class

	Maximum bitrate
	X
	X
	X
	X

	Delivery order
	X
	X
	X
	X

	Maximum SDU size
	X
	X
	X
	X

	SDU format information
	X
	X
	
	

	SDU error ratio
	X
	X
	X
	X

	Residual bit error ratio
	X
	X
	X
	X

	Delivery of erroneous SDUs
	X
	X
	X
	X

	Transfer delay
	X
	X
	
	

	Guaranteed bit rate
	X
	X
	
	

	Traffic handling priority
	
	
	X
	

	Allocation/Retention priority
	X
	X
	X
	X

	Source statistics descriptor
	X
	X
	
	

	Signalling indication
	
	
	X
	


Source statistics descriptor (‘speech’/’unknown’)
Definition: specifies characteristics of the source of submitted SDUs. 

[Note:
The number of different source statistics descriptors that should be allowed is FFS.]

[Purpose: Conversational speech has a well-known statistical behaviour (or the discontinuous transmission (DTX) factor). By being informed that the SDUs for a UMTS bearer are generated by a speech source, RAN, the SGSN and the GGSN and also the UE may, based on experience, calculate a statistical multiplex gain for use in admission control on the relevant interfaces.]
Signalling Indication (Yes/No)
Definition: Indicates the signalling nature of the submitted SDUs. This attribute is additional to the other QoS attributes and does not over-ride them. This attribute is only defined for the interactive traffic class. If signalling indication is set to ‘Yes’, the UE should set the traffic handling priority to ‘1’.
[Purpose: Signalling traffic can have different characteristics to other interactive traffic, eg higher priority, lower delay and increased peakiness. This attribute permits enhancing the RAN operation accordingly. An example use of the Signalling Indication is for IMS signalling traffic.]

Note: this indication is sent by the UE in the QoS IE. 


In summary, per TS 23.107 Interactive Traffic Class has the characteristics to support signaling and Streaming has the characteristics to support media for voice call.

3.3 – 3GPP2 C00-20040209-119B_S.P0079 QoS Stage 1 v0.5.7

3GPP2 standardizes traffic classes that are identical to those standardized in 3GPP.
Below is the direct extract of the S.P0079

QoS traffic classes shall be defined with respect to the other QoS Attributes. The following table lists examples of traffic classes:

	Class
	Attributes of Traffic

	Conversational
	Two-way, low delay, low data loss rate, sensitive to delay variations.

	Streaming
	Same as conversational, one-way, less sensitive to delay. May require high bandwidth. 

	Interactive
	Two-way, bursty, variable bandwidth requirements moderate delay, moderate data loss rate correctable in part.

	Background
	Highly tolerant to delay and data loss rate has variable bandwidth.


3.2 Proposed Changes

******************

2.1 Normative References

[X] 3GPP TS 23.107, Quality of Service (QoS) concept and architecture

[Y] 3GPP2 C00-20040209-119B_S.P0079 QoS Stage 1 v0.5.7

8.X Quality of Service Traffic Classes

OMA PoC Clients SHALL utilize the Interactive Traffic Class [X, Y] for SIP signaling and floor control, and the Streaming Traffic Class [X, Y] for voice media.   SIP signaling and floor control directly impact latency and are sensitive to error rates.  For example, loss of SIP signaling or floor control implies added latency to retransmit, as well as the possibility of lost talk bursts.  Voice media is less sensitive to error rates, but is sensitive to delay.  For example, if a single voice packet is lost then the overall voice quality is only slightly degraded, whereas significant delay variations in voice media could cause buffer under or over run followed by more voice loss while buffer resynchronization occurs. Significant latency in voice media is also unacceptable.       If the requested level of QoS traffic classes are not available, the mobile and access network should attempt to  negotiate  an alternative radio bearer QoS that reflects the sensitivity of PoC signaling and floor control to error rates and latency, and the sensitivity of voice media to delay variation and latency.      Relevant QoS details  are described in [2.1]. 

For the case when one single PDP context (3GPP) or Service Instance (3GPP2) is used for both PoC signaling and media, the PoC Client shall utilize the non-realtime bearer (i.e., Interactive Traffic Class). 
4 Intellectual Property Rights Considerations

None known.

5 Recommendation

It is proposed to discuss the provided material in the meeting to resolve the assignment of floor control to the Interactive or Streaming traffic class based on performance requirements from the PoC RD. 
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