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Abstract

We have examined the Adaptive Differential Pulse Code Modula-
tion (ADPCM) method which has been used for a digital speech syn-
thesis on compressing seismic wave data. Response of the ADPCM
for the seismic wave data was examined not only by hardlogic which
used the speech analyzer but also by software which used the
FORTRAN programs. The results indicate that the ADPCM is prac-
tically useful for seismic wave data, with the compression ratio
ranging from one-third without filtering to one-forth with filtering.

1. Introduction

Recently, a digital processing of seismic wave signals has been
utilized to transmit the signal from a local network to a research
center, and to record it onto digital magnetic tapes near the sensors.
Digital transmission and recording systems present higher signal
quality than that obtained by the analog systems, e.g. wide dynamic
range and higher signal-to-noise ratio. However, the data length in
terms of bit rate is limited by storage constraints, bandwidth in
communication links and number of tele-communication channels. For
the above reasons, the seismic wave data need to be compressed be-
fore being recorded onto tapes and transmitted through communica-
tion channels.

In general, the logarithmic signal compression technique has been
used for compression of the seismic wave data and expansion of dy-
namic range. However, this method has the nature that the data loose
resolution on mantissa through the logarithmic compression-expansion
process. Other data compression techniques have been proposed for
data resampling and interpolation in the time domain. In notable
works, the Walsh inverse transform in the Walsh domain was used
for the Vibroseis (Woop, 1974), and explicit reversible data compres-
sion was also used for the Vibroseis (LEE and YARLAGADDA, 1982).
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Data compression techniques have made remarkable progress in
digital speech interpolation. A number of methods have been achieved
to compress speech and voice-band data. For example, the PARCOR
method uses the partial autocorrelation coefficient and the transform
coding method uses Walsh, Hadamal and FFT conversions. The data
compression ratio is contrary to the identity of original and synthetic
waveforms. In general, speech analysis attaches more importance to
the compression ratio than to the identity of waveforms, because
speech analysis necessitates the extraction of the attributes for the
voice, syllable, word and paragraph from synthetic data. In the
analysis of seismic waves, the identifying the original and synthetic
waveforms takes priority over the compression ratio.

This paper describes that the ADPCM (Adaptive Differential Pulse
Code Modulation) bit reduction technique has a high compression ratio
and a high waveform agreement after the synthesis. The ADPCM
can be applied to practical uses when the seismic wave signal is trans-
ferred through communication. channels and is stored in some record-
ing medium.

2. ADPCM encoding and other methods

Various methods for speech synthesis and data compression are
described in many books (e.g., AGUI and NAKAJIMA, 1980). Therefore,
several methods are briefly mentioned in this paper.

In Delta Modulation(DM), one bit (+4 or —4) is used for the ex-
pression of residual between real and forcasted signal. This method
must use high sampling rates to reproduce high-quality signals. The
method contains two prinecipal noises: granular noise and overload
noise. The former occurs when the change of signal amplitude is less
than delta amplitude. The latter occurs when the forcasted signal
cannot follow the abrupt change of signal amplitude. The delta am-
plitude must be small to reduce the granular noise and a large sam-
pling rate is required to overcome the overlaod noise.

The Adaptive Delta Modulation (ADM) method uses a variable delta
amplitude according to the change of signal amplitude. A small delta
amplitude prevents the growth of granular noise when the signal am-
plitude does not change very much. Conversely, the growth of over-
load noise is prevented by an increase of the delta amplitude when
signal amplitude changes greatly.

The Differential Pulse Code Modulation (DPCM) method dlgltlzes
the residual value between the real signal and the forcasted signal by
plural bits. In principle, it is required that neighboring data values
be highly correlated as in the case of the delta modulation.
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The Adaptive Differential Pulse Code Modulation (ADPCM) method
uses variable amplitudes for each sampling. It defines the quantita-
tive amplitudes (4;) of differential signal amplitude between the real
signal and the previous signal. Then, the relation of quantitative
amplitudes 4, and 4,_, are expressed by

Ai=K’Ai——1

where coefficient K is defined by function of the previous data value.

3. Data analysis

Hardlogic examination

Recently, the CMOS-IC Chip MSM-5218RS (manufactured by OKI
Electric Industry Co., Ltd.) for ADPCM has been put on the market.
It has been applied to the voice replying system with a digital speech
interpolation. This LSI contains an analyzing circuit and a synthe-
sizing circuit. The analyzing circuit encodes a 12-bit signal to 4 or 3
bits ADPCM data. The synthesizing circuit reproduces analog data
through the internal 10 bit D-A converter after the synthesizing 12-
bit PCM data using 4 or 3 bits ADPCM data. The LSI has following
features:

1. switchable modes (analyze or synthesize),

2. low power consumption, ;

8. high-speed real time analyzing (at 8, 6, 4 KHz or external),

4. internal 10 bit A-D converter, and

5. low cost.

The speech analyzer, OKI speech analyser which uses the device
of MSM-5218RS, was used for analysis of the seismic wave signal.
The analog seismic data was put in the microphone terminal, and the
out-put signals were monitored by the inkjet recorder connected to
the speaker of the equipment. Fig. 1 is the result of the analysis

INPUT ;

Fig. 1. The result of the analysis. The upper figure: input seismic data from mag-

netic tape recorder reproduced at ten times of the recording speed. The bottom figure:

" ahalog output of decompressed seismic signal from the ADPCM 3 bits encoding
data sampled by 8 KHz with 2.27 KHz low pass filter (18 dB/oct.)
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showing a noticeable agreement between the input and the decoded
seismic waveforms. The equipment can memorize the encoding signals
on Random Access Memories (RAM). In practical use, the compressed
signal may be transferred to communication channels or recording
- mediums.

Software examination

The ADPCM encoding technique has been proved even by com-
puter simulation in a digital speech interpolation. The FORTRAN
programs of ADPCM four bits encoding and decoding (AGur and
NAKAJIMA, 1980) are shown in Appendixes 1 and 2 respectively. The
FORTRAN programs are expressed by very short steps. Fig. 2 shows
the seismic wave signal of numerical calculation by computer simula-
tion using 3 bits encoding. A local event in Kanto district, Japan,

INPUT
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Fig. 2. The seismic wave signals of numerical calculation by computer simulation
about 3 bits encoding. Top: input seismic wave data sampled by 12 bits. Middle:
decoded signal. Bottom: 40 Hz high-cut filtered signal.
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Fig. 3. Seismic wave signals of numerical calculation by computer simulation about 4
bits encoding. Top: input seismic wave signal sampled by 12 bits. Bottom: De-
coded wave signal.
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was used as the input sesmic wave signal that was observed at the
Dodaira Micro-earthquake Observatory, University of Tokyo. The input-
signal was sampled on 12 bits at 200 Hz. The decoded seismic wave
signal contains the granular noise of 50 Hz near the low fluctuation
of data values. The granular noise is removed by the digital Cheby-
shev high-cut filter (cut off frequency 40 Hz).

Fig. 8 shows a sample of 4 bit ADPCM encoding. The input
wave signal is drawn on the top of the figure and the decoded wave
signal without filtering is drawn on the bottom of the figure. The
figure indicates fine agreement between the input and the decoded
wave from. The result suggests the high possibility of practical use
of ‘““ADPCM encoding”” by computer simulation for compression of
seismic signals.

4, Conclusion

We confirmed the applicability of the ADPCM encoding technique
to the seismic-wave data compression in the viewpoint of hardlogic
and software. The seismic wave is identically reproduced through the
ADPCM compression and decompression process. Even three bits com-
pression gave the same quality data as one for the four bits when
the high-cut filter was used to eliminate the granular noise. Accord-
ing to the present results, we designed and made digital seismic wave
recording systems for temporary observation on land and ocean bottom
(Fig. 4) (KASAHARA et al., 1984). The system consists of analog amplifier
and low-pass filter, 12-bits A/D, 4 bit ADPCM, CMOS 8 bits CPU (Hita-
chi 6303), D/A and 20 MB cartrige magnetic tape devices operated by
a portable power supply. The system is able to record more than 800

ANALOG INPUT A /D CONVERTER ADPCH /CPU DA CONVERTER
i
Amp—LPF F—+S /H—MPX—A/D—P /S | Timing Circuit F{ D /A—LPF
4ch |— 4 ch 12 bit - FH 12bit 4ch
I ADPCH
‘ CPU t 20 ¥B
- Cartrige t
POWER SUPPLY INTERFACE Lt (DEIl)ge e
—— 1 T I L
| N 5V | | HEX LCD Parallel Serial
| ;25 V | | KEY DISPLAY Port Port
[ T12v | | |
b L +—T—-+—+J

! i | |

Personal Minicomputer
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Fig. 4. Block diagram of the digital seismic wave recording system for temporary ob-
servation on land and ocean bottom.
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events with 4 channels data of 90 seconds duration per one seismic
event. The recorded data can be analyzed by any computer system
through an interface device.

In addition to in situ data compression, the ADPCM encoding
technique which uses the computer simulation makes it possible to
treat seismic wave signals under low bit rate without losing the
quality of the original wave signals.
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Appendix 1. FORTRAN program of ADPCM four bits encoding.

10
22
30

47

34
35
3%

672
70

70
13N
119

129
239

SUBROUTINZ CADCMCIVOCE,N,DVIN,DMAX,ICONE)
DIMENSION IVOCZ(N),ICODE(N)
DIMENSION DD(3)

00 (12210

pD(2)=3.0

D (3)=7.9

DD (4)=2,9

DD(5)=1.2

DD(BY=1.%

DD(7)=2.7

D(3)=2.4

DLT=DHIN
ICO=7LOATCIVOCT(1))/OLY
ICA3S=TAPSCICO)+1
IF(ICARS=3) 23,27,13
1CA55=R

TFCIC0)Y37,40,47
ICODE(1)=-1CA3S
IPRID=DLT*FLAATCICODE (1))
GO TO SJ

1C0DZ(I)=ICA3S
IPRIN=DLT*FLOAT(ICADF (1))
DLN=OLT*DD(ICARS)

IF (OLM=-DYIN)32,73,34
IF(DLN=DYAX) 26,35,73
DLT=DLN

DO 290 K=2,N
ICO=FLAAT((IVOCE(K) ~TPRIN) ) /NLT
ICA2S=TARS(ICO)+1
IFCICA3S=3) 70,707,543

1C835=7

IF (1¢2) 31,93,9"

ICOD%(K)==12838

IPRIN=FLOAT(IPRIN) +DLT*FLOAT(ICONZ(nso
56 TH 190

1ICIDE(K)=I0ARS

IPRID=FLOAT(IP IN) ¢DLT*FLOAT(ICIONDE(K))
DLN=DLT*DD(IZARS)

IF(OLN=-DMIN) 270,203,11J

TF(OLN=DVAX) 120,123,270

DLT=NLN

CONTINYE

PITURN

END
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Appendix 2. FORTRAN program of ADFCM four bits decoding

SU3RIUTING D8DCUCIVICE, v, "IN, N¥ax,I7508)
DIMENSTON IVAZE(N),I%3NE(N)

NIMENSION 1D(3)

D(1)=7.9

Dp(7Y=2."
DO(3)=2.¢
DLT=DMIN
IVOCE(T1)=FLOATCIZONE(CT))*DLT
I09=142S(I%092(1))
DLN=RLT=DD(INDD)
IF (DLN=DMINYI3ZR,%3, 54
34 IF (DLN=DMAX)34,25,37?
54 DLT=DLN
28 DO 130 K=2,N
IVOCE(K) =FLOAT(IVOCE(K=T1))+DLT«FLOATC(IZODE(K))
IDD=TARS(ICONE(K))
DLN=DLT*#DD(IND)
IF (DLN=2MIN)1DJ,100,70
79 IF (DLN=D4AX)75,75,17C
75 DLT=OLN
137 CONTINUE
QETURN
END
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