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Introduction

Contribution [1] presents pseudo-code for a jitter management algorithm that actively warps speech based on the location of speech with talk spurts.  Subjective test results on that pseudo-code are shown below.

The pseudo-code outputs a “stretch change” for every packet.  For a stretch change of zero an unmodified 20 ms AMR frame is generated from the decoder.  For any other stretch change the decoder outputs 20 + the stretch change.  For instance, a stretch change of 10 results in the decoder being told to output 20+10=30 ms of speech for the given frame; a -10 results in the decoder being told to output 20+(-10)=10 ms of speech.  A specially modified AMR decoder would output speech with this target duration, plus some residual duration to complete an even number of pitch periods.  For instance, if a target of 30 ms is requested, but the pitch period is 6 ms, then 20 + 6 * 2 = 32 ms of speech is output.  The decoder tracks this rounding error, and will reduce the next stretch request by the residual 2 ms.

There are several tunable parameters in the pseudo-code.  For the results presented here, the term VJM_MAX_INCREASE was set to 10, meaning that the maximum target playback duration is 20 + 10 = 30ms.  The VJM_TARGET_STRETCH was set to various values as shown in the graphs.  The value of VJM_MIN_STRETCH was set such that the frames were played back at either 5, 7 or 10 msec, as shown in the graphs.  A reference condition without stretching (VJM_TARGET_STRETCH = 0).  

A standard listening-only MOS test was performed by a third-party (Dynastat) according to the standard MOS procedure given in ITU-T P.800 [2] and prevailing practices.  Files were generated by encoding modified IRS send filtered Harvard Phonetically Balanced Sentences mixed with either ambient noise (“clean”), babble or background noise with AMR running in the 12.2 kbps mode.  Encoded speech was passed through the algorithm shown in the pseudo-code, and then to the modified AMR decoder.  A modified IRS receive filter was then applied.  MNRU samples were also presented with the IRS filters applied, but no encoding or other modifications.

No actual jitter was applied to the packets, since the pseudo-code algorithm preemptively warps speech regardless of the actual jitter observed.

Test Results
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Figure 1:  Clean speech input.

For clarity, error bars have been removed.  The 95% confidence interval for the standard error of the mean was roughly +/-.1 in all cases.

Figure 1 demonstrates the performance of the algorithm for clean speech.  Figure 2 demonstrates performance for noisy speech with both babble speech in the background and car noise.

The clean speech results largely agree with the results presented in [3], although the two algorithms differ, and different languages were used in the test.  The results here demonstrate that the algorithm does not reduce quality ratings at all for up to 40 msec worth of stretch, regardless of the duration of shortened frames.  For 60 msec the more aggressive shortenings show a small decline in quality.  For 80 msec all samples show a modest decrease in quality of .1 to .2 MOS.  Quality appears to degrade gracefully as the stretching goes to 120 ms, which we believe to be outside the normal operational range of the HSDPA system.

Figure 2 demonstrates a modest decline in quality for a 40 msec stretch for the noise conditions, but no effect of the aggressiveness of the shorten frames.  It is likely that with some modifications to flush out the pseudo-code that better performance can be achieved.
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Figure 2:  Noisy speech input.

Discussion

The results demonstrate that the pseudo-code can be used within a reasonable operating range with no impact on quality.  Even in this simple form, a modest quality impact is observed for the 60 msec case.  Previously discussed enhancements to the algorithm, such as “packet resynchronization” will likely increase quality, and can be included in more thorough tests which consider actual jitter patterns.
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