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1 Introduction

 One of the major issues in VoIP over IMS is the jitter management.  Network jitter has two components: high frequency component and low frequency component. The conventional jitter buffer holds up initial playback of the incoming voice packet stream to accommodate the high frequency component of jitter. The slowly varying component of the jitter is often resolved by adaptive jitter buffer, which dynamically changes the target jitter buffer depth according the network condition. However, both methods introduce initial buffering delay, which is often more than 60 msec in typical wireless network environment. Delay of this size may presents a burden for network planning due to already tight delay budget for other network components. To avoid excessive delay budget, we introduce a new method for handling network jitter in a wireless communications network: The concept is the talk spurt management. It is based on the observation that in two-way conversation the beginning and ending point of each conversational turn is most critical in the perception of delay from each talker’s perspective. We exploit this to achieve a latency-free jitter buffer management scheme. For more detail description is in the appendix.

2 Discussion

2.1 Computational load   

The time scale modification algorithm required for the new jitter buffer management scheme is very simple in terms of computation. It requires only overlap add operation if the algorithm is implemented inside the decoder where various acoustic parameters are readily available. Although the exact number of clock cycles depends on the time scale modification factor, it requires roughly less than 500 clock cycles per adding/deleting a pitch period. If time scale modification is performed outside of the decoder, additional pitch detection operation is needed. The additional operation is still less that 1 MIPS.

However, the proposed jitter buffer management algorithm may require calling the decoder multiple times within a packet length due to the time scale contraction operation. For example, for the jitter protection is 40 msec and a packet length is 20 msec, if a new packet indicating the end of talk spurt arrives, it is necessary to decode three packets (two in the virtual jitter buffer plus the latest packet) within a period of 20 msec.  Typically, encoder consumes about 7 times more computation than decoder does (roughly 3 MIPS for the decoder and 21 MIPS for the encoder). If it is necessary to decode 3 packets in 20 msec, the overall computational load increases about 25%. However, there is a traded off between the computational load and conversational delay. In computationally limited environments one can decrease the number of packets played per 20 msec, at an increase in the end-to-end delay.

2.2 Voice quality   

Informal listening tests reveals that modest amounts of time scale modification (e.g., 10msec additional lag for the first 4 packets) do not cause any noticeable voice quality (or prosody) change, while still offering all the benefits described above. Formal listening tests are under way and the results will be distributed.

3 Conclusions 

The proposed approach to the talk spurt management has the advantage of reducing the excessive delay budget designed to capture the adverse effect due to the jitter. For the VoIMS,  it would be therefore  beneficial to study the potential of technique and find out  the optimal scenario of its deployment, e.g. whether information exchange between the network and the mobile device is required to fully exploit the potential of the talk spurt management and what kind of protocol would be necessary. 

4 Appendix
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Overview

		Virtual jitter buffer

		achieves zero initial jitter buffering delay. 

		provides jitter protection (80 msec or more).

		applies pre-emptive time scale modification for each talk spurt.

		works well for highly jittery environments such as mobile-mobile VoIP.









Perceived Conversational Delay

		  Critical observations:  

		  User only perceives delay while waiting or interrupting.

		  “Middle” of conversational turn can be delayed without     

    impacting quality.

		  Current ITU-T/G.114 delay standards are for static delay only.

		  Can manage Talk Spurts within Conversational Turns to  

    eliminate jitter buffer contribution to conversational delay.











Time Scale Modification



20 msec packet

27.25 msec extended packet

pitch period

stretch

contract

By adding or deleting pitch periods, the time scale can be 

modified without perceptual pitch change. 











Examples of time scale modification
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Talk Spurt Management

jitter protection

(ms)

		  The beginning of a talk spurt can be played immediately upon arrival at receiver.

		  The beginning of a talk spurt can be stretched to increase the jitter protection.

		  The end of each talk spurt is contracted to “catch up” (keeps delay at 0).

		  Talk spurt is operationally defined for EVRC as:

		  Start:  Transition from silence to speech (EVRC full- or half-rate frame).

		  End:  EVRC Half-rate frame (or eighth-rate for loss/errors).



Note:  Adaptable

to other codecs.
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Conversational Turn

		  A conversational turn (CT) is a collection of talk spurts (TS).

		  Talk spurts within a CT are handled differently.

		  Various thresholds are used to separate talk spurts, inter-word silence, and

    conversational turns.  Overhangs are used for minimal talk spurt length.
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Audio demonstration

		  The first packet of each conversation turn is played immediately.

		  The first packet of each talk spurt is pushed back by the maximum VJB size.

		  The end of each talk spurt is contracted.

		  Examples for various VJB size.





original

20 msec

40 msec

60 msec

80 msec

100 msec

Increased jitter protection

Voice quality degradation 

Still no jitter buffering delay !!!

240 msec







Packet Loss & Resynchronization

		  Lost packets are concealed by codec.

		  Codec state before loss is saved.

		  If the lost packet later arrives before other good packets are played, it will be “resynchronized”, decreasing voice quality impact of loss.

		  Resynced speech can be played out, increasing jitter protection.

		  Or resynced speech can be used simply to update codec state.

		 Effectively increases jitter coverage with a second-layer of protection.
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Summary and Other Issues

		Perceived Conversational Delay

		Old G.114 standards are for static delay, aren’t sufficient for VoIP.

		Conversational turn-taking defines critical delay points.

		New measurement techniques needed to reflect perceived delay.



		Virtual Jitter Buffer 

		Actively manage talk spurts to achieve zero conversational delay through buffer.

		Time scale modification will break many quality measures (i.e., PESQ).

		Naturally lends itself to clock skew management and other timing issues.



		Standards issues

		Receiver-side only, no interoperability issues.

		Doesn’t require modification to decoders, but can be integrated into codec.

		Delay measurement techniques should be modified to reflect conversational delay, not current per-packet delay.
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