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On a Multiband Nonuniform Sampling Technique with a
Gaussian Noise Codebook for Speech Coding
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ABSTRACT

When applying the nonuniform sampling (o noisy speech signal, the required data rate increases to be comparable to or
motc than that by uniform sampling such as PCM. To solve this problem, we have proposed the waveform coding method,
multiband nonuniform waveform coding{MNWC), applying the nonunifosm sampling to band-separated speech signal(7l.
However, the speech quality is deteriorated when it is compared to the uniform sampling method, since the high band is
simply modeled as a Gaussian noise with average level. In this paper, as a good method to overcome this drawback, the
high band is modeled as one of 16 codewords having different center frequencies. By doing this, with maintaining high
speech quality as MOS score of average 3.16, the proposed method achieves 1.5 times higher compression ratio than that of
the conventional nonuniform sampling method (CNSM),
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I. introduction shape of the waveform itself. This method is based on the
sampling technique which consequently removes the
The major objectives of speech coding include high inherent redundancy of waveform. PCM, ADM, DPCM,
compression ratio for limited bandwidth of transmission, and ADPCM have been searched as one of the waveform
high synthesized specch quality in terms of the intelli- coding methods[2].
gibility and thc naturalness and fast processing speed. In However, since the inherent redundancy of waveform is
general, coding methods are classified into the following not completely removed by uniform sampling, the
three categories:the waveform coding, the source coding waveform coding methed still has the major drawback to
and the hybrid coding. Among them, from the viewpoints require farge amount of data[1][6]. It means that there is
of intelligibility and naturalness, the waveform coding is still the redundancy of waveform in the uniformly
preferable to maintain high qualily by preserving the sampled data. These redundant samples come (rom the

relatively high correlation between the neighboring
*ag e d7) 7 samples obtained by uniform sampling method.
Hargar: 199749 59 9 To remove the redundant samples in the uniform sampling
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method, nonuniform sampling or nonredundant-sample
coding method has heen considered{i]. Such researches as
polynomial predictor(4] and interpolator using pan-algor-
ithm(5) were proposed for nonuniform sampling technique
However, since these algorithms use the dilTerences of the
magniludes or slopes between the neighboring samples,
they still need large amouni of data. Theretore, it is well
known that those algorithms arc improper to speech sig-
nal since the waveform varies rapidly and has nonsta-
tionary characteristics. Moreover, cspecially in  noisy
environment, the required amounts of data of those
algorithms are comparable to or more than that of PCM|5].

To reduce the data rate without losing the merit of
nonuniform sampling, we have proposed the nonuniform
sampling method, multi-band nonuniform waveform
coding (MNWC), using the separated high-low band and
the nonuniform sampling method for speech signall?]. In
the method, speech signal is separated into two bands,
the low and the high band. At the first, speech signal is
low-pass filtered by 2.67 kHz, and then nonuniform sam-
pling is applied to this filtered signal to determine the
magnitudes and the intervals of the peak and the valley
points as coding parameters. Then, the high frequency
band is modeled as a Guussian random noise with an
average noise level.

The noise level is obtained from the difference signal
between the original and the temporary signal recons-
tructed with only the low band parameters ai the
encoding part. Therefore, the parameters of the MNWC
are the nonuniform sampling parameters of the Jow-pass
filtered speech signal and the noise level of Gaussian
noise which will be added to the reconstructed signal. For
several Korean sentences, this conventional MNWC
achieved higher compression ratio, 5.12, when compared
with the conventionat uniform sampling method. However,
in spite of the higher compression ratio, the synthesized
speech quality of MNWC is worse than that of the uni-
form sampling method.

To compensate for quality degradation of MNWC, we
proposed the modified MNWC, which the high band is
modeled by one of 16 Gaussian random noise with different

center frequencies as well as different noise levels.

. The Conventional Multiband Nonuniform
Waveform Coding

In the sense of perception, the information only related
to the peak and the valley samples is enough to recon-

struct the original speech signal. Therefore, the rest
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samples excepl the peak and the valley points in the uni-
form sampling arc considered as redunduncy in speech
coding. To remove these redundant samples, a nonuniform
sampling tcchnique can be considered. The peak and the
vallev points in nonuniform sampling are determined by
examining the sign of the multiplication result of the con-
secttive 2 slopes obtained from the adjacent 3 samples. If
the sign is plus, those samples are considered on the
increasing or decreasing segment and therefore, both peak
and valley dont cxist in that segment. On the contrary, if
the sign is minus, the sample in the middle of that seg-
ment may be the peak or the valley. More careful con-
sideration is necessary when the sign is zero[1}[7).
Waveform reconstruction is performed by using cosine
interpolation method based on such parameters as the
magnitudes and the intervals of the peak and the valley
points. The reconstructed waveform, y,(#), obtained by

cosine interpolation method is represented as follows:

Magk—1)—~Maglh) . "R
() =| 5 cos( Inter (&) .
+ Magk—1) + Maglk) |, 1 < n< Inter(k) (m
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where, Mag(-) is the magnitude of nonuniformly sampled
data and Inter(-) is the intcrval between them. However,
in noisy environment, the required amount of iafor-
mation in nonuniformly sampled dala may be compar-
able to that of uniformly sampled data because of its
higher frequency feature. Therefore, a modified nonuniform
sampling method is necessary (0 cope with that kind of
problem.

According to the speech production mechanism, sincc
higher frequency band is related lo the sound produced
from the constriction structure than from the resonance
structure, the 3rd and the 4th formants in that band have
broad bandwidths. Moreover, from the viewpoint of
speech perception, higher frequency band components are
not significant while the Ist and the 2nd formants are
indispensible to reconstruct the high intelligible speech.
Therefore, the samples related to the frequency band
higher than the 2nd formant are considered as redundant
information in the speech perception and can be ignored
in the sampling procedure.

Since the st and the 2nd formant frequencies of most
phonemes are less than 2.5 kHz and the formants higher
than this cut-off frequency have quite broad bandwidths,
nonuniform sampling can be apptied only to the signal
component of the original waveform less than 2.5 kHz

without terrible loss of intelligibility. Since the low-pass
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higher compression radio with good speech quainty can he
obtamed. However, the charactenstic of the errur signal
between the original and the reconstrucled low-hand
wavetorm is rather colored than white. the rough appro-
simation of high hand occars @ quality degradation
comparcd 1o the convenlional nonuniform  sampling
method{CNSM). Therefore, the conventional MNWC s

modificd as following section.

1. The Mulitiband Nonuniform Waveform
Coding with Noise Codebook

Fig. } shows the block diagram of a methed proposed
in thix paper. multiband nonuniform waveform coding
wilh 2 noise codebook. As shown n this figure, the basic
structure of (he proposed methad is almost same as that
of the conventional MNWC, but major dilference is in
the noise codebook. This codebook consists of 16
Gaussian random noises having different cenler frequencies.

In this block diagram, s{n) is speech signal digitized by
A/D conversion and is performed by 2 'nd order low-pass
filter with stopband st 2.67 kHz. The filtered signal s¢(n)
is given by

] v .I
s =—— Y alsin—1i), (2)
N T
where N ois sct to 5 as the windowing size of LPF and
al. ) as filler coctficients with al0) = al4) — 0.1, all) = u(3)
={.2, and al2) 0.4,

Then. the conventional nonuniform sampling 15 apphied
1o lhis low-pass fillered simal, $ {n). the magnitudes of
the peak and the valley © oints and their intervals arc
patamcterized as Magt-) and Inter(-). and then quantized
as Gy and L. respectively. The signal wavelorm. s '(n),
of the low frequency s reconstrucled by using these
Mag () and Intert>) and by using the cosine interpolation
wehnigue, and then sabtracted from the origiral waveform.
Theretora, the residual signal, s, fn), is oblained. A level
of the residual signal is estimated by caleulating the aver-
age of s, in) for every analysis frame and is paramelenzed
as Gy

The noise codebook proposed in this method consists
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16 cotored Gaussian nowses with different center {requencies.
Their center frequencies are umormly arranged with {re-
quency interval of 73 Hz and bandwidth of 40 He. in
range between 275 k#Hz and 395 kHz. Ualike the
codebook  searching in CELP vocoder, the optimum
index, H. of the codebook i1s found by the spectral
malching lechnique between the magnitude spectrum of
sptnd and one of these 16 codewords.

In the decoding part, speech signal, s(n) is synthesized

by using these parameters as follows,

st =y’ (n) +s7(n)
=Y [ Mag(L), intel 4Gy F Sy (Hy) (3}

where Y[.| and F ‘{.! arc function of the cosine interp-
olation and the inverse Fourer transform. respectively.
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Fig 1. Block diagram of the proposed multiband nonuniform
waveform coding with noise codebook.

IV. Experimental Resuits

To compare the performances between the conven-
tional nonuniform sampling method and the proposed
method, it was used three phoneme-balanced Korean
sentences. Each sentence was pronounced five times by |
female and 2 male speakers. For a simulation lest, speech
signal was sampled at 16 kKHz, low-pass filtered at 3.4
kHz and digitized with a 16 bits A/D coaverter. Th
simulation was performed by using personal comput
{IBM-PC/586-166MHz).
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Fig. 2 shows some examples of the proposed method.
ln this figure, {a) is the original waveform and (b). ¢} are
the reconstrucled waveform by using the cosine nte-
rpolation and the proposed method respectively  As
shown tn the example. the proposed method reconstruct-
the original wavelorm with much reduced data raie, that
15, higher compression ratio.

Table | shows the comparison results of the conven-
tional nonuniform sampling, the conventionul MNWC
and the proposed method. From the lable i, the average
compression ratios compared to 64 kbps -Law PCM of
the conveniional nonuniform sampling method and the
convenlional MNWC arc 2.79 and 5.12 respectively.
Their MOS scores are 3.9 and 3.5 respectively. On the
other hand, in case of the proposed method, the average
compression ratio 5 5.06 and the MOS score is 3.16.
Consequently, it can be said that the proposed method
improves the MOS score much while maintaining high

compression ratio, compared to the conventional MNWC,

(A)

(B)

)

Fig 2. A waveform example of the proposed method :
(a) speech waveform for fuh/,
(b} LPFed waveform synthesized by the nonuniform sam-
pling method,
{c) waveform synthesized by lhe proposed method.

Table 1. Comparison results of MOS score and compression
ratto belween the conventional NSM and the proposed
method

conventional conventioanl proposed
NSM MNWC method

sentence (Compre- | MOS | Compre- | MOS |Compre- | MOS
ssion | score | ssion | score | ssion sCofe

ratio ratio ratio
sen.t,.t" ) 259 37 5.23- __'%4 518 3.5“ 1
sent2 | 283 [ 39| s1 | 35 | sn | s
Csentd | 295 | a1 | aos | 36 | 4% | 40 |

ave, 1 279 39 i 5.2 35 5.06 38
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V. Conelusion

To improve the speech quality while maintaining high
vompression ratio in the waveform cnding. the conven-
Bonal MNWC v impreved by miroducing ¢ Gaussian
nowse codebook. On the contrary 1o that, in the conven-
tonal MNWC, 1the high band of the coded speech signal
ts modeled as a white Gaussian noise with average level,
the proposed method models it as one of colored
Gaussian notses with 16-different cenler frequencics of
average cnergy level. To this, the proposed method
inlroduces the noisc codebook into the encoding part,
which consists of 16 colored Gaussian noises with differ-
cnt center frequencies.

After choosing the optimum codeword by spectral
malching, the parameters of the conventional MNWC
and this code index are transmitted to the decoding part.
Experimental results show that, compared to the conven-
tional MNWC, the compression ratio is deteriorated very
little from 5.12 to 5.06, but average MOS score is much
improved from 3.5 to 3.16. Consequently. by the proposcd
methed, the speech quality is much improved while
maintaining the high compression ratio, compared to the
conventional MNWC.
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