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Abstract

High-qudlity low-hit-rate gpeech coding, with its enhancing technologies and scaable coding, isexamined in
thisstudy. A high-quaity 4-kbit/s peech coding agorithm was developed for redizing speech
communication among different networksa different transmission speeds usng asingle unified speech
codec. The dgorithm was enhanced to awideband scalable speech coding agorithm whose bit-dream is
decodable a hit ratesof 6.8-32 khit/s

The 4-kbit/s speech coding dgorithm wasingpired by I TU-T Recommendation G.729, thelowes bit rate
high-qudlity speech coding standard based on an dgeraic code-excited linear-prediction. To achieve an
equivalent qudlity to that of ITU-T Recommendation G.726 (32 kbit/s) or G.729 (8 khit/s), the dgorithm has
thefollowing features: 1) afixed codebook (FCB) comprising acondrained dgebraic codebook and a
random codebook, 2) backward adgptive mode switching for controlling the proportion of the random
codebook to the congrained agebraic codebook, 3) digoersed pulse based FCB, and 4) noise pos-processng
(NPP) a the decoder sde. The NPP generates pseudo-gationary-noise and superimposes it on adecoded
gpeech Sgndl. Through extengive subjective ligening teds, the effectiveness of NPP has been demondrated
on exiging dandardssuch as G.720 and G.723.1.

For accommodeating Vol P gpplications, improved agorithms for frame-erasure concedment (FEC) of
exigting gpeech coding sandards are dudied. Oneis an extrgpolation dgorithm, in which excitation sgnal
energy of alog frame is congtructed based on pagt evolution of excitation Sgnal energy. Another is
interpolative concedment of parameterstha are quantized using moving-average prediction. It wasredized
by introducing the congraint of minimizing thetota distance between parameters decoded onthree
consecutive frames including pre-and-pog frames of an erased frame. Performance improvement was
verified in acondition of a 10% frame erasurerate.

For bandwidth extenson of a gpeech 9gndl, predictive quantization of wideband line spectrd frequency
(LSF) wasgudied. It worksin combination with anarrowband LS quantizer; consequently, it isgpplicable
to technologies intended for enhancing the qudity of agpeech sgnal by extending its bandwidth. One festure
of predictive quantization is exploitetion of the corrdation between wideband and narrowband LSFs
quantized in the previous frame for etimeating wideband LSF in the current frame. Test results show that
introduction of the predictive scheme improved the performance in spectrd digtortion by 0.3dB. (1.6 dB >
1.3dB)

Finaly, audio-agna bandwidth-extensgon and band-sdlective modified discrete cosne transform coding
agorithms areimplemented on top of a 6.8 khit/s speech coding dgorithm, which isbased onthe 4 kbit/s
gpeech coding algorithm described above; they areformulated as ahigh-qudity speech and audio scdable
coding dgorithm. The sudied NPP, FEC, and L SF quantization are dso integrated in the scaable coding
algorithm. Subjective ligening tes results demondratethat the scalable coder outperforms a sate-of-the-art
scalable coder G.729.1, which was dandardized by ITU-T in 2006.




