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Influence of frame shift in speech parameters on sound quality by high—quality

speech analysis/synthesis system
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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 FO. 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.

EREL, AMERZETSD.
3.2 NRIA=FRDTL—LIT MNRE
HONHERTIE, 7V —LEIZER T A =R EHET
5%%#%5 U5 L, WORLD ®7a 25 ADHEEE, Hiz
57V =LV 7 MEEFESTWAERNTA—RTIIZFDEE
BT B EeNHERN. TDRD, BrbTIL—LAYT ME
EHLOERNTIA—RDERZTICHZD, T A— R
MBREL 5. AT, NI XA—XBEofEmEz2TY> Z &
THEHEL-.



B MUSHRAM - Evaluation phase - X

Experiment 1/20

Play reference Play Play Play Play Play Play Play

3 MUSHRA #IZHW2 GUL
Fig.3 GUI used for the MUSHRA evaluation.

*1 FEEW &M
Table 1 The experimental conditions
R4
H 5k MUSHRA %
HelRE 20 B 7 4
SEERBRES B ¥

(A—weighted SPL: 18 dB)
Roland QUAD-CAPTURE

F—=FAA AV R—=Tz—A

~y K74V SENNHEISER HD650
ARG BB L W B GE 7 AR AR 3
F—X%v k 2007(FW0T7) [9]
S &
FeREH 4N (BLE&24)
A/D Zifk 48 kHz/16 bit
HIRE 420 B (BFEEE 5 HH)
A 4 ®— T HiZE
Mg
Mol ANERE 7
V77 L VAEE FO: 1 ms, SP: 1 ms
FO 7L —AY7 Mg 10, 20, 30 ms
SP 7L —LY7 MiE 3, 5, 7ms

2 ITHFINT A — R OMRI OWZEH %R 3. WORLD TH
Mia AT 572882, FORTA—K% 1 ms THHL, SP /8T A—
RELEDT7 V=LY 7 METANT 5. RIT, FONT A—
ROFFD T U — LBUTEDE T SP /8T A — X O %247
W, BT V=L RERT S, INSDNTA—RET V=LA
WIZERT D Z & TRERNZGHEHREE LTHIT 5. [Fkk
IZSPARNIA—=Z% 1ms THHL, FONTRA—ZDT L —L4
VI MEETET S ENTES.

AFETIE, FO &SP DT A—RDEL SN E Y EESNE
BOBEBIZB WKW THL20%2ME1T 5. £72, AP X FO
ICHKIFL T V=LY 7 MENED D720, JES N FO H»
OAMEITD. DD, SEIIMERNIZZ LV —L2 7 MEDOH
BT THR.

4. ERFH

FBTOERSGMEE2ER 1 IZRT. BROFEAM A1EE L
T MUSHRA # (Method for the subjective assessment of
intermediate quality levels of coding systems) % F\»7z.

* 2 WEET sMlAGDLE L TORMIE p . #HIE p A 0.05 2HX
%3413 n.s. (non significant) &% 9. p < 0.001 IF < 0.001

LT
Table 2 List of adjusted p values.
HMAabE #liE p A
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.
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1 ms, SP-3 ms n.s.

1 ms, SP-5 ms 0.011
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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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