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A New Speech Waveform Coding Based on the Nonuniform
Sampling Method with Separated to High-Low Band
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Abstract

To reduce the redundancy within samples that resulted from uniform sampling method, nonuniform sampling or
nonredundant-sample coding methods can be considered. However, it is well known that when conventional
nonuniform sampling methods are applied directly to speech signal, the required amount of data is comparabile to or
more than that by uniform sampling method like PCM, To overcome this problem, a new nonuniform sampling
method is proposed, in which nonuniform sampling is applied to the low-pass filtered speech signal and higher band
is compensated by 8 colored Gaussian random noise with various noise levels. By this method, speech signal
waveform can be encoded by 1.8 times larger compression ratio than the conventional nonuniform sampling method,
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L. Introduction

The major objectives of speech coding are how
much the transmussion rate andfor data storage
requirement can be reduced, how high quality of the
decoded speech signal can be obtained and how fast
the coding/decoding can be processed, In general,
coding methods are classified into the following three
categories : waveform coding, source coding and
hybrid coding. Among them, from the viewpoints of

*Dept. of Telecommunication Engineering, Soongsil Univer-
sity, Seoul 156-743, Korea

sAUGE LTI FE

Hyd=: 199549 79 28Y

inteliigibility and naturalness, waveform coding is
preferable to maintain high quality by preserving the
shape of the waveform itself, This method is based
on the sampling technique which consequently removes
the inherent redundancy of waveform, PCM, ADM,
DPCM, and ADPCM have been searched as one of
the waveform coding methods.

However, since the inherent redundancy of waveform
is not completely removed by uniform sampling,
waveform coding method still has the major draw-
back to require large amount of data[5]. It means
that there is still the redundancy of waveform left in
the uniformly sampled data. These unnecessary
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redundant samples come from the relatively high cor-
relation between the neighboring samples obtained
by uniform sampling method. However, Licklider and
Pollack experimental results show that the intelligi-
bility test of differentiated and clipped waveform
scores 97%, comparable to that of the original
waveform, 99%. This means that the most signifi-
cant information in the sense of intelligibility is the
interval between maxima and minima since the
uniquely remained information of the differentiated
and clipped signal is the time index when the peaks
occur. Therefore, according to the intelligibility test
by Licklider and Pollack, those samples between the
peak and the valley points may be considered as
redundancy and ignored without loss of intelligibility.

To remove the redundant samples in the uniform
sampling method, nonuniform sampling or nonred-
undant-sample coding method has been considered
[4} and such researches as polynomial predictor [8]
and interpolator using pan-algorithm [9] were proposed
for nonuniform sampling technique. However, since
these algorithms use the differences of the magnitudes
or slopes between the neighboring samples, they stil}
need large amount of data. Therefore, it is well
known that those algorithms are improper to speech
signal since the waveform varies rapidly and has
nonstationary characteristics, Moreover, especially
in noisy eavironment, the required amounts of data
of those algorithms are comparable to or more than
that of PCM.
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Fig. | Consideration on maxima and mimma of PCM signal ;
{a) normal signal,
(b) unresolved maxima and minima by quantization
error,
{c) unresolved maxima by quantization error.

II. The Conventional Nonuniform Sampling Method
(CNSM)

In the sense of human perception, the information
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only related to the peak and the valley samples is
enough to reconstruct the original speech signal,
Therefore, the rest samples except the peak and the
valley points in the uniform sampling are considered
as redundancy in speech coding. To remove those re-
dundant samples, nonuniform sampling technique can
be considered. The peak and the valley points in
nonuniform sampling are determined by examining
the sign of the multiplication result of the consecu-
tive 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,
neither peak nor valley exists in that segment, On
the contrary, if the sign is minus, the sample in the
middle of that segment may be the peak of the val-
ley. More careful consideration is necessary when
the sign is zero. In that case, 2 kinds of unresolved
maxima and/or minima can be considered, Fig. 1-(b)
and (c) show the examples of them, respectively. In
case of fig. }-(b), it is expected that there are one
maxima and one minima in the original waveform. On
the contrary, such case as fig. 1-(¢) may happen
when the excessive waveform is clipped and one
maxima or minima is expected to be in the original
waveform, Usually, the middle sample is considered
as a peak or a valley sample, According to the above
procedure, the peak and the valley points are deter-
mined and their magnitudes and the intervals are
stored in buffer for transmission and reconstruction.

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 samples[8). The reconstructed waveform,
v«(#), obtained by the cosine interpolation method is
represented as follows ;

_ _ [ Maglk—1) — Mag (k) s
yk{*)_[ 2 cos( Inter(k) )
y Magle~D A Maglk) 4 7 i) 1)
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where, Mag(-) is the magnitude of nonuniformly
sampled data and Inter{-} is the interval of them,

An example of reconstruction waveform using cosine
interpolation is shown in Fig. 2. Fig. 2-{a) is the orig-
inal waveform and interpolation and Fig. 2-(b) is the
reconstructed waveform using cosine interpolation,

In noisy environment, however the required
amount of nonuniformly sampled data may be com-
parable to that of uniformly sampled data because of
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its higher frequency feature, To reduce the data rate
without losing the merit of nonuniform sampling, a
new nonuniforrn sampling method using separated
high-low band for speech signal is proposed. In this
method, speech signal is low-pass filtered by 2.67
kHz and then, nonuniform sampling is applied to this
filtered signal to determine the magnitudes and their
intervals of the peak and the valley points as coding
parameters, To compensate the high frequency band,
Gaussian random noise is added to the signal
reconstructed by those parameters at the decoding
part. Level and selection of eight Gaussian random
noise is obtained from the difference signal between
the original signal and the reconstructed signal at
encoding part.
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(b) cosine interpolation using peaks and vailey

Fig. 2 Signal reconstruction by cosine interpolation ;
(a) Original waveform,
{b) Reconstructed waveform by cosine interpolation.

[I. The Proposed Nonuniform Sampling Method
with Separated High-lLow Band

According to the speech production mechanism,

since higher frequercy band is related to the sound -

produced from the constriction structure rather than
from the resonance structure, the 3rd and the 4th
formants have larger bandwidths. Moreover, from
the viewpoint of speech perception, the higher fre-
quency band components are not significant while
the 1st 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. As shown in
table 1, the 1st and the 2nd formant frequencies of

most phonemes are less than 2.5 kHz, Also, the
formants higher than this cut-off frequency have
quite bread bandwidths, Therefore, nonuniform sam-
pling can be applied only to the signal component of
the original waveform less than 2. 5 kHz without sig-
nificant degradation of intelligibility. Since the
low-pass filtered signal is smoother than the original
one, a relatively smaller number of the peak and the
valley samples is obtained when nonuniform sampling
is performed on it. For this reason, it is possible to
achieve high compression ratio.

Table 1. Formant frequencies and their bandwidths of vo-
wels,

(Hz] faf fif fof fuf fef

692 332 377 359 485

1178 2231 611 836 1970

F1
F2
F3 2564 3049 2753 2492 2663
F4 3445 3562 3525 2914 3229

Bl 84 55 46 36 80
B2 79 88 84 53 126
B3 107 232 118 841 167

To compensate the naturalness of speech, random
Gaussian noise is added to the waveform reco-
nstructed roughly with those filtered parameters,
Generally, since the characteristic of the error signal
between the original and the reconstructed low-band
waveform is rather colored than white, we can
roughly approximate the error signal as one of eight
colored white Gaussian noise, By using this pro-
cedure, higher compression ratio can be obtained
without serious loss of intelligibility and naturalness.

Fig. 3 shows the block*'diagram of the proposed
method. In this diagram, s(t) is an analog signal to
be coded and s{n) is its digitized signal by A/D con-
verter and sampler, Then, s’(n) is the low-pass
filtered signal at 2.67 kHz.

. 1 4! .
§'{n) vy El s{n—17), (2)

Where M is the window size of LPF,

The conventional nonuniform sampling is applied
to this low-pass filtered signal and such parameters
as the magnitudes and the intervals of the peak and
the valley points are stored into buffer to be
transmitted, At the same time, with those parameters,
s"(n) is reconstructed by the cosine interpolation
technique to be compared with the original waveform,
Then, e(n), the error signal between the original signal
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Fig. 3 Block diagram of the proposed method

and the reconstructed low-pass filtered signal is
obtained. Noise level of this error signal, Myp is
parameterized by calculating its average for the
analysis frame., Eq. (3) and Eq. (4) represent those
e(n) and My, respectively.

e(n) =s(n) —s"(n), (3)
1- N=1
MHL:F EU le{n}, (4)

where N is the frame size,

Then, the buffered parameters and noise level,
MpuL are guantized and transmitted to the decoder,
This procedure can much reduce the data rate to
achieve higher compression ratio than the conven-
tional nonuniform sampling even in the noisy
environment.

IV. Experimental Results

To compare the performances between the conven-
tional nonuniform sampling method and the proposed
method, ten phoneme-balanced Korean sentences
were used. Each sentence was pronounced five times
by 1 female and 2 male speakers, For simulation test,
the speech signal was sampled at 8 kHz, low-pass
filtered at 4 kHz and digitized with a 16 bits A/D
converter, The simulation was performed by using
personal computer (1IBM-PC/pentium 75Mt).

Fig. 4 shows some examples of the .proposed
method. In this figure, (a).is the original waveform
and (b), {c) are the reconstructed waveforms by
using the conventional nonuniform sampling method
and the proposed method, respectively. As shown in
the examples, the proposed method reconstructs the
original waveform with much lower data rate, that is,

higher compression ratio,
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(C) Proposed Algorithm(21 samples)

Fig. 4 Examples of the proposed method :
(a) Original waveform,
(b) Reconstructed waveform by the conventional
nonuniform sampling method,
(c) Reconstructed waveform by the proposed method.

Table 2 shows the comparison results of the con-
ventional nonuniform sampling and the proposed me-
thod. From the table, the average compression ratio
compared to 64 kbps g-law PCM of the conventional
nonuniform sampling method is 2,79 and that of the
proposed method is 5.12. Therefore, the proposed
method achieved 1.8 times higher compression ratio
than the conventional nonuniform sampling method
with little degradation of segmental SNR,
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Table 2. Comparison results of SEGSNR and compression
ratio between the conventional NSM and the pro-
posed method.

conventional NSM proposed method
SEGSNR | Compression | SEGSNR | Compression
(dB) ratio {dB) ratio
sent.1 | 15.04 2.59 14.86 5.23
sent.2 | 14.79 2.83 13.35 5.18
sent.3 14.93 2.59 14.21 4,95
avg. 14,92 2.79 13.84 5.12
V. Conclusion

The main objective of speech coding includes (1)
high compression ratio for storage of transmission,
(2) high synthesized speech quality in terms of the
intelligibility and the naturalness and (3) fast proces-
sing speed. Generally, waveform coding is preferable
to obtain high speech quality, However, the major
drawback to that coding technique is that it requires
large amounts of data. This large required data rate
results from the inherent redundancy of uniform sam-
pling. Higher the correiation between the neighbor-
ing samples of signal waveform increases, larger this
redundancy does, To remoave the redundancy,
nonuniform sampling method was proposed. How-
ever, the conventional nonuniform sampling method
is improper to a speech signal since speech is
nonstationary especially when a speech signal
changes rapidly. In that case, the data rate of the
conventional nonuniform sampling method becomes
comparable to that of the uniform sampling method
such as PCM.

To overcome this problem a new nonuniform sam-
pling method using separated high-low band. In the
proposed method, the conventional nonuniform sam-
pling technique is applied to the low-pass filtered
speech signal to reduce the data rate without losing
the 1st and the 2nd formants information, and higher
band component is compensated by adding and
selecting one of eight Gaussian noise to the
reconstructed to form the final decoded speech. Ex-
perimental results with phoneme balanced Korean
senitences show that the proposed method can
achieve higher compression ratio with little degra-
dation of segmental SNR compared with the conven-
tional nonuniform sampling method. The average
compression ratio compared to 64 kbps ulaw PCM of
the proposed method is 5,12 while that of the con-
ventional nonuniform sampling method is 2.79. This

means that, with the proposed method, speech signal
can be compressed 1.8 times higher than the conven-
tional nonuniform sampling method without serious
deterioration of the intelligibitity and the natural-
ness.
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