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1 Introduction
When VoIP is carried over packet-switched networks such as HSDPA/EUL, packets may not arrive in a synchronous manner. In general, the delay of packets will usually contain jitter, meaning that the inter-arrival time may not always be equal to the inter-departure time and may also be variable. This may also cause packets to be delivered out-of-order or multiple packets to arrive bundled together. This variance in packet arrival delays or packet jitter, can lead to situations wherein the playback utility needs to playout speech but the speech decoder is unable to provide speech to the playback utility, because no encoded packets are present in the buffer. This condition is called an underflow and leads to degradation of perceived voice quality. It is eventually up to the VoIP terminal to absorb this jitter since the speech decoder expects a synchronous stream of voice packets.
2 Jitter handling

2.1 Fixed de-jitter schemes
The straight-forward method to “absorb” this jitter is to use a buffer at the VoIP receiver. This buffer, typically called a de-jitter buffer, is placed before the speech decoder and used to smooth out the inter-arrival jitter in order to provide a synchronous stream of packets to the speech decoder.

One of the simplest de-jitter buffer implementation is a “fixed” de-jitter buffer implementation. Here, when a packet is delayed by more than ‘T’ secs,  it is discarded and erasure is indicated to the speech decoder. 
Fixed de-jitter buffer are simple to implement. Additionally, the only speech impediments introduced by them are packet losses. Therefore, there is only one degree of freedom in  designing fixed de-jitter buffers, i.e., choose an appropriate T for desired performance. Because of their simplicity fixed de-jitter schemes can be potentially used to evaluate the performance of other more complex de-jitter schemes.

2.2 Adaptive de-jitter schemes

Speech consists of alternating talk-spurts and silence periods. Typically, the packet jitters statistics vary from one talk-spurt to another, for long talk-spurts there can also be considerable variation even within the talk-spurt. Hence, the size of the de-jitter buffer required for a target underflow may need to change for each talk-spurt. The goal of an adaptive de-jitter algorithm is to minimize the buffering delay (and hence the end-to-end delay) while maintaining a certain target underflow to ensure good speech quality.

2.3 Speech time warping

The de-jitter buffer depth is typically calculated at the beginning of a talk-spurt. This de-jitter depth in general represents the amount of speech data that should be present in the de-jitter buffer at any point of time during the talk-spurt. However, due to variation of packet delays during a talk-spurt the data in the de-jitter buffer may be less or greater than the calculated value. I.e., if packets arrive slower than the generation rate at the encoder, the de-jitter buffer will begin to get depleted and if packets arrive faster than then the generation rate at the encoder, the de-jitter buffer will start increasing in size. The former condition can lead to underflows, whereas the latter condition can cause high end-to-end delays due to larger buffering times in the de-jitter buffer. 

To alleviate this problem speech time warping can be used. Speech time warping is a technique of either compressing or expanding the speech frame without noticeably degrading the speech quality. Speech packets are expanded when the de-jitter buffer starts to deplete so as to reduce the possibility of an underflow. Speech packets are compressed when the de-jitter buffer size grows to minimize end-to-end delay.
3 Performance considerations for adaptive de-jitter and time warping schemes

The two design constraints while designing adaptive (or fixed) de-jitter buffers are (i) packet loss at the jitter buffer due to underflows, and (ii) end-to-end delay due to size of jitter buffer. These are obviously competing constraints, i.e., if we are willing to increase the end-to-end delay introduced, then we can reduce the packet loss and vice-versa. Let us consider each of these constraints separately and consider how the performance obtained by a fixed de-jitter buffer can be used to evaluate the performance of adaptive de-jitter buffers with time-warping.

3.1 Evaluation for delay constraint

Initially, let us consider the delay constraint and ignore the underflow constraint. Assume that the “average” delay introduced by two schemes (i) fixed de-jitter buffer, and (ii) adaptive de-jitter buffer with time-warping, are the same. Since the adaptive scheme adapts to the channel conditions, it should be able to achieve lesser underflow than the fixed scheme. Hence, the improvements in speech quality achieved by the adaptive scheme should be statistically significant to that achieved by the fixed scheme. This is illustrated in Figure 3. Again as before in this figure the MOS score for different fixed de-jitter buffer depths is calculated and plotted based on the buffer depth of the fixed de-jitter scheme. Also, the MOS score for the adaptive de-jitter is plotted for the average delay achieved by it. 

To evaluate the time warping algorithm, it can be compared to the MOS score achieved by the fixed de-jitter scheme. It can be concluded that if the speech quality of the adaptive scheme is not statistically significant when compared to the fixed scheme then the adaptive de-jitter scheme algorithm with time warping being used is not acceptable.
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Figure 2: Trade-off between MOS and delay for fixed de-jitter schemes. The performance of a given adaptive de-jitter scheme should be significantly superior to that achieved by the fixed de-jitter scheme at the same average delay. 

3.2 Evaluation of time warping in adaptive de-jitter schemes

Next, let us only consider underflow due to jitter buffer and ignore the delay constraint. Assume that the percentage underflow introduced at the de-jitter buffer by two schemes (i) fixed de-jitter buffer, and (ii) adaptive de-jitter buffer, are the same. Then for the fixed de-jitter the only speech impediments introduced are packet losses. For the adaptive de-jitter, in addition to packet losses, additional speech impediments in the form of time-warping are also introduced. However, the adaptive de-jitter scheme may be able to spread the errors more efficiently across time than the fixed de-jitter scheme. Hence, it can be expected that the speech quality with the adaptive de-jitter will typically be atleast as good as that produced by the fixed scheme
. This is illustrated in Figure 2. In this figure the MOS score for different fixed de-jitter buffer depths is calculated and plotted based on the percentage underflow achieved for each buffer depth. Also, the MOS score for a given adaptive de-jitter is plotted for the percentage underflow achieved by it. 

To evaluate the time warping algorithm, it can be compared to the MOS score achieved by the fixed de-jitter scheme. It can be concluded that if the speech quality of the adaptive scheme is not at least as good as the fixed scheme then the time warping algorithm being used is not acceptable.
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Figure 3: Trade-off between MOS and percentage undeflow for fixed de-jitter schemes. The performance of a given adaptive de-jitter scheme should be as close to that achieved by the fixed de-jitter scheme at the same percentage underflow.

3.3 MOS results generation
The MOS results must be generated assuming realistic 3GPP channel conditions. The delay profiles obtained from RAN represent typical channel impediments encountered in 3GPP networks. These should be used to delay and/or drop the encoded speech packets [1]. This “corrupted” speech packet stream can be fed to a speech decoder containing the de-jitter buffer and the decoded speech can be used to calculate the MOS score [2]. This procedure should be repeated for several values of the fixed de-jitter buffer size to generate the MOS curves and also for the adaptive de-jitter buffer to generate the MOS data points. 
4 Conclusion

In this contribution we presented techniques to evaluate a given adaptive de-jitter algorithm based on performance achieved by fixed de-jitter schemes. In particular, we separated the competing delay and underflow constraints and showed how each of these requirements can be evaluated independently for the adaptive schemes.
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� Note that the fixed jitter buffer point considered for evaluating delay constraint will most likely be different from the one considered for evaluating underflow constraint.
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