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3GPP Work Area

	X
	Radio Access

	X
	Core Network

	X
	Services


2

Linked work items
Improved Support of IMS Realtime Services using HDSPA/HSUPA (unique ID 20032)

Multimedia Telephony Capabilities for IMS (unique ID 31078)
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Justification

Current work in SA1 [1] and SA2 [2] looks to define and optimize end-to-end VoIMS for HSDPA/EUL.  In these two items voice is required to meet or exceed the performance of CS in terms of voice distortion, delay and capacity.  A major factor limiting HSDPA/EUL performance is the amount of packet jitter passed to the decoder or transcoder.  As users are added to the system, jitter increases until the delay or packet loss exceeds acceptable target levels.  Currently it is assumed, if adaptive jitter management is not used, that jitter will be converted directly to delay; therefore, jitter, and capacity, can only increased so far.  However, Lucent presented an example of a class of Jitter Management algorithms that use well-known signal processing techniques to mitigate jitter without increasing the end-to-end delay [3].  Such algorithms will be limited by their affect on voice quality, but can remove the subjective effect of the delay .  These algorithms provide a tool for adaptive jitter management for both SA1 and SA2 when evaluating end-to-end VoIMS performance.  Therefore, it is appropriate for SA4 to quantify the amount of jitter the decoder can accommodate while maintaining voice quality at target levels.

By analogy, this is similar to the ability of decoders to perform packet loss concealment (PLC).  While PLC produces speech that is less than a perfect channel would produce, the effects on the user are such that a modest level of loss will have minimal impact on quality, and allows for relatively large increases in capacity.  If network capacity were planned with the assumption that there can be no packet loss, then capacity would be quite low.  Similarly, the current assumption that jitter is converted to an equivalent amount of delay is also unnecessarily limiting capacity.

This work items allows us to quantify the effects of jitter on voice quality at the terminal and core network.  In addition, it will be possible for different manufacturers to create their own version of the jitter buffer algorithm, as is currently done for PLC.  However, PLC tests are well-known and a reference implementation is given for every codec.  We propose to do the same for adaptive jitter management, providing an example methodology for assessing the subjective quality of any given algorithm, as well as an example adaptive jitter management algorithm.  The example algorithm will provide information on acceptable jitter range in the network. Again by analogy, packet loss targets are taken from subjective tests of the reference PLC algorithm.

It should be noted that PLC algorithms can directly reduce packet loss effects by using packets that arrive beyond their jitter protection.  In other words, packets that have already been replaced by concealment algorithms can be resynchronized into the decoder if they arrive late.  This can greatly mitigate the effects of packet loss, further increasing capacity, and serves to increase quality beyond CS performance.
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Objective

We propose a method for characterizing the subjective quality of adaptive jitter management algorithms for varying amounts of jitter.  We further propose to apply this method to a reference algorithm to understand the trade-off between jitter, delay and voice distortion. The example jitter buffer algorithm does not require explicit signalling. The algorithm is implemented on the receiver side in network elements in which the VoIP terminates, i.e. media gateways and terminals. 

The following tasks are proposed:

1. Create subjective test methodology that combines per packet delays with speech appropriate for a subjective test (e.g., MOS [3] or MUSHRA [4]).  This requires channel simulation parameters from RAN. Real-time testing is also needed since MOS or MUSHRA listening tests do not address delay aspect.

2. Address the algorithm complexity, required changes and footprint in terminals and the core network.

3. Choose an appropriate reference algorithm.

4. Apply the subjective test to the reference algorithm to form a baseline performance metric.

5. Determine performance limits of the algorithm, thus providing SA1 and SA2 the delay and voice quality parameters associated with various levels of packet loss, delay and jitter.
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Service Aspects

Characterize the benefit and performance of an adaptive jitter management algorithms for network planning, and provide a reference implementation that can be used within 3GPP to quantify end-to-end VoIMS performance.    
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MMI-Aspects



None/Text
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Charging Aspects



no impact
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Security Aspects



no impact
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Impacts 

	Affects:
	UICC apps
	ME
	AN
	CN
	Others

	Yes
	
	X
	X
	X
	

	No
	X
	
	
	
	

	Don't know
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Work item rapporteur(s)

David Huo, Lucent Technologies (dhuo@lucent.com)
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Work item leadership



SA4
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Supporting Companies

Lucent Technologies, Siemens, Qualcomm, S.A. R. L., Cingular Wireless

14

Classification of the WI (if known)

	
	Feature (go to 14a)

	X
	Building Block (go to 14b)

	
	Work Task (go to 14c)


14a
The WI is a Feature: List of building blocks under this feature

n.a

14b
The WI is a Building Block: parent Feature “Optimizations for Multimedia Telephony over IMS” (for approval at SA#29)

14c
The WI is a Work Task: parent Building Block

n.a
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