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Abstract Sound quality deterioration occurs when analyzing and synthesizing high–quality speech by using a
vocoder. We conduct a subjective evaluation on the influence of the frame shift used for estimating each speech
parameter on the sound quality. As a result, deterioration of the sound quality was not detected in cases where the
frame shift of 20 ms is used in F0. On the other hand, deterioration of the sound quality was detected when using
the frame shift of 5 ms in the spectral envelope.
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Fig. 1 Overview of speech analysis/synthesis system.
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Fig. 2 Overview of interpolation of speech parameters.
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3 MUSHRA GUI
Fig. 3 GUI used for the MUSHRA evaluation.
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Table 1 The experimental conditions
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4.
1

MUSHRA (Method for the subjective assessment of
intermediate quality levels of coding systems)

2 p p 0.05
n.s. (non significant) p < 0.001 < 0.001

.
Table 2 List of adjusted p values.

p
1 ms F0–10 ms n.s.
1 ms F0–20 ms n.s.
1 ms F0–30 ms <0.001
F0–10 ms F0–20 ms n.s.
F0–10 ms F0–30 ms <0.001
F0–20 ms F0–30 ms <0.001
1 ms SP–3 ms n.s.
1 ms SP–5 ms 0.011
1 ms SP–7 ms <0.001
SP–3 ms SP–5 ms n.s.
SP–3 ms SP–7 ms <0.001
SP–5 ms SP–7 ms 0.014
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Fig. 4 Sound quality evaluation results for each frame shift of

each parameter by the MUSHRA method.
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