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Seismic Recording Systems

Gunter Asch

6.1 Introduction

During the last ten years, recording devices basedligital technology have completely
replaced their old analog predecessors. The lateecostly, require specialized maintenance
and consumables, and are incompatible with complatar processing and analysis. They are
no longer produced although being still in operati many older seismological stations and
network centers. They are not dealt with in thisptkr. Extensive reference to analog
photographic and directly visual drum recording @nacessing of the records is given in the
chapters Instruments and Station Operation in Viten(1979) Manual of Seismological
Observatory Practice.

The technological progress in digital signal preoeg, data storage techniques and highly
integrated digital circuits has lead to severalrimaents being available on the market that all
fulfill the basic requirements of a seismic recagdiinstrument and offer several more
advanced features as well.

In terms of this chapter, a recording device isaamonomous, self-contained equipment,
designed to measure the output signal of a semgitjize the signal and record it. In
seismological experiments, all three componentgafind movement are of interest, whereas
in reflection experiments, only the vertical compohup to now has been taken into account.
Specialized multi-channel recorders with more tltachannels, preferred in exploration
seismics, are not covered here.

Seismic experiments vary from reflection profileghashort recording windows and high

sampling rates to the continuous recording of bbaad sensors with high resolution at
observatories. An instrument well suited for anestatory, may be a bad choice for a wide-
angle experiment and vice versa.

This chapter is a short introduction to the priatiponcept of seismic recording systems and
should help the non-technical users to decide whistrument is suitable for their specific
requirements. Fig. 6.1 gives an overview of the@pal units of a seismic recording system.
Each unit will be discussed in detail in the follog sections.
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Fig. 6.1 Principal units of a seismic recording device.sbed boxes relate to optional
functions.

6.2 Analog signal preparation
6.2.1 The Analog Signal Preparation section

The seismic sensor is connected to the Analog SRreparation (ASP) section. This is not
only a problem of correct wiring and polarity, lmepends strongly on the type of transducer
used. If a passive electrodynamic sensor is uded,impedance of the recording system
influences the sensitivity and the frequency ofgbasor itself. The sensor's response function
(see 5.2.4 to 5.2.9 and Scherbaum, 1996) have torfected for the input impedance of the
recording device. For this type of sensor, one toathink also about the resistivity and
capacity of the cable, used to connect the semstret recording device, in case it exceeds
several tens of meters. For active sensors, ileby@dband sensors, the effect of the input
impedance can be neglected because it does na¢mek the sensor's characteristic, however
long cables can introduce noise into the systengelmeral, short shielded cables, a single
common analog ground and high quality connectorp e reduce this type of noise
problems. The ASP section is also responsible fotepting the sensitive electronics of the
recording system against high input electrostatitages.

The next step in ASP is the preamplifier which etibgr with the Analog to Digital Converter
(ADC"), determines the resolution [counts/Volt] of thearling device. The preamplifier has
to fulfill several demands, such as linearity wiéspect to amplitude and phase, low noise,
quick recovery from overloading, i.e., no clampiagd in addition, low power consumption.
In reality, there is a tradeoff between low noiad &ow power consumption, and the designer
of the preamplifier stage has to find a compromiseany case, the noise generated by the
ASP should be distinctly lower than the least digant bit of the ADC stage. Other
requirements are not as critical, but one has ke tare in a system with more than one
channel, that all the parts in the ASP are idehtszaeach channel has the same response and
sampling is done simultaneously on all channelse Téchnical approach is explained in
section 6.3.4.

* Terms typed inArial letters are explained in more detail in 6.7: Gloggd technical terms
and links.
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6.2.2 Analog filters

Some recorders offer a high-pass filter to remo¥&difset and long-term drifts from the
measured signal. These filters are intended to reasgerature and ageing problems, related
to electronic components and to the system's spatakign. Users should be able to decide
whether they wish to activate these filters or r&d. an example, the group delay of the
optional high-pass filter from BDAS recorder is given in Fig. 6.2. The high-pass ffiite
formed by a simple RC-element (15 [[1AVIQ) with a time constant of about 15 seconds.
Signals with periods of about 3 seconds are deldyedpproximately 1 sample, assuming a
sampling rate of 100 Hz. For longer periods, theasion becomes worse and it is not
acceptable to activate this high-pass filter tordcsignals from broadband sensors. From the
scientific point of view, this filter makes no senst simply beautifies the signal and
substitutes one problem for another.
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Fig. 6.2 Group delay of the optionBDAS high-pass filter.

Before converting the analog signal into count$iais to pass a low-pass filter serving as an
anti-alias filter. This limits the frequency contari the signal toward higher frequencies. The
reason for this fundamental step is described $116.In some cases, i.e., continuously
integrating converters, this stage can be an iatgurt of theADC itself.

6.3 Analog to digital conversion

Conversion of a continuous analog signal into ataigime series is based on quantization
with respect to time andmplitude. Therefore it is necessary to understahadnfluences and
limitations introduced by these two different opemas. After filtering, the analog signal is
sampled and converted into digital values. Sinee digital domain consists only of finite
length digital words, which have to represent atioomous signal, the conversion step
introduces quantization errors.
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6.3.1 Sampling theorem

The sampling theorem describes the effect of quantization at discretees on an analog
signal. It was first published by Shannon (1949kiple model is given by a switch, closed
periodically for a certain time. At first, this swis quite simple but in fact, this simple device
IS a modulator, performing the multiplication ofdwgignals. Fig. 6.3 shows that the output
signal is the control signal of the switch, muiigol by the input signal. The control signal is a
train of impulses, therefore it is periodic and banexpressed by a Fourier series:
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Fig. 6.3 Relation between input-, output- and control algf a sample device.

The variables hz, AT, andfs are explained in Fig. 6.3, and &mfs7)//nfs7 is the Fourier
transform of the"™ boxcar's impulse response. If we look at the samas an ideal device,
approaches 0 and therefore {irp sin(7nfs7)/ mfsr = 1, i.e., a so-called Dirac impulse. The
energy of a single impulse is given Ay h/z, so the output signal is described by

X = X(0) 5 30 T 6.2)
I

Due to the periodic character of the control sigP@), we get an infinite number of impulse

responses, separated from each othedby 1/fs with fs as the sampling frequency. This

changes the frequency content of the measured|sagwhthe spectra of the input- and output
signal are no longer identical. The Fourier tranmsfof X*(t)
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o0

X()= 4 / (X(t)- 3 o) et (6.3)
results in
* A -
X' =57 > X(f-nfy) (6.4)

n—=—co

In other words, the spectrum of the input signarassformed into a sequence of an infinite
number of spectra. All these spectra, except tleeadrthe order 0, are called the alias spectra

of X* ().

To illustrate this behavior, a concrete examplgiv@n in Fig. 6.4 which demonstrates the
situation with thePDAS recording system. Sampling is done with a prinsgampling rate of

1 kHz. The anti-alias filters are designed as Bwtbeth low-pass filter of an order of 6 (36
dB/octave). The corner frequency of this filterset at 200 Hz. Its transfer function is given
by

H(jew) = —— (6.5)
L+ (55)

wo

with «p = 27200 Hz andh = 6 is the order of the Butterworth filter.
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Fig. 6.4 Alias spectra in DAS recording system after sampling.

The consequence of aliasing in this example isdahatignals with frequencies above the so-
called Nyquist frequenciy = fs /2 are mirrored into the spectrum X{t) (Eq. 6.2). A signal
with a frequency of 600 Hz can not be distinguistrech a 400 Hz signal, and a signal with 1
kHz is seen as DC with an amplitude, dependingt®mamplitude and the phase difference
between the signal and control sigRéll). That is why we have to assure, by applying anr an
alias low-pass filter to the analog input time agrithat its high-frequency amplitudes are
drastically reduced and thus do not mirror muchrgyénto the alias spectra. Actually, the
output of the samplex*(t) is the summing curve of all spectra, as showkim 6.4. The
spectra in Fig. 6.4 were calculated on the asswmpliat thePDAS recording system was fed
with a white noise signal.
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In field seismology, very little data is collectedth a sampling rate of 1 kHz. In local and

regional experiments, 100 Hz sampling rate is cugffit, and for teleseismic studies even 20
Hz data are commonly used. Why does BBAS sample at such a high frequency? One
answer is that the first alias spectrum is shifeecaway from the frequencies in which we are
interested. A second answer is given in the necticse

6.3.2 Oversampling

There are several ways to describe how oversampiergases resolution. The following is
adopted from a technical report published by Tdraguments (1998). The maximum error
of an ideal quantizer is £0.5 LSB (least significhit). Since the input range ofebit ADC is
divided into 2 discrete levels, each represented by-tit binary word, theADC input range
and the word widtm are a direct measure of the maximum absolute .eimoaddition, the
quantization step can be analyzed in the frequelocyain. The number of bits representing
the digital value determines the signal-to-noiseoréSNR). Therefore, by increasing the
signal-to-noise ratio, the effective resolutiontioé conversion will be increased. Assuming
the input signal is an ever-changing signal (alwiays in seismology), the error caused by
quantization from an ide@DC can be viewed as a white noise signal that sprisedsnergy
uniformly across the whole bandwidth from DC to dvadf of the sampling rate. The RMS
amplitude of the quantization errdre is given by Tietze and Schenk (1990)

y - Use (6.6)
Meff \/ﬁ

For a full-scale sinewave signal, the RMS amplittateann-bit ADC is given by:

1 1 .. 6.7
eff:ﬁ'§'2‘ULSB (6.7)

Us
where the factor 1/2 is caused by the signal havmgximum amplitude while the converter
is from O - 2. The 1/V2 comes from conversion to RMS. On the basis of E6) and (6.7)
the signal-to-noise ratio can be calculated

_ Usess
SNR[dB] = 2010g10U

Vv
2.2 (6.8)
1.

8 [dB]

= 20log, 2" -
~ n-6[dB]+

With an idealADC, the quantization noise powRr= U’ is uniformly distributed across the

spectrum between DC and half the sampling rates Tduantization noise power is
independent of the sampling rate. If we use higla@npling rates, the noise power is spread
over a wider range of frequencies. Therefore tifiece¥e noise power density at the band of
interest is lower at higher sampling rates. Fig Blustrates the effective noise power
reduction in the frequency band of interest atta td oversampling of k and the resulting
sampling rate ok fs. One has to use digital low-pass filters to remaNdrequencies abovie

/2. The effective resolution is determined by thealdy of the digital filter. The remaining
noise power beyonfi /2 is a measure for the quantization noise ancetber responsible for

a decrease in the signal-to-noise ratio.
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In an oversampled system, the sampling rate ismdseid - after or during filtering - by a
factor ofk. In such a case, an ideal low-pass filter andrdatr will reduce the quantization
noise also by the factor &f Since the signal at the band is not affectedhyfitter, this leads
to an enhancement of the signal-to-noise ratio. fohaula for the improved signal-to-noise
ratio is:

Us
SNR[dB] = 20log,, < it \/E>

Un.sy (6.9)
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Fig. 6.5 Noise power reduction in an oversampled system.

The increase of the signal-to-noise ratio and tireesponding increase in the number of bits
Is shown in Fig. 6.6.
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Fig. 6.6 Improvement of the signal-to-noise ratio with aamnpling.
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6.3.3 Digital filters

The concept of oversampling is strongly relatedlitptal filters. In principal, there are two
concepts available, filtering a digital data streanthe time domain. We distinguish between
IIR andFIR filters. Both have their specific advantages araumbacks and are discussed in
detail by Buttkus (1991) and Scherbaum (1996). Tke€oncept is adopted from analog filter
design techniques and utilizes polynomial approsiomato the desired transfer function. The
name of this type of filter is given by the recuesdesign of the underlying algorithm. The
FIR design is a non-causally approach, applying tihe tlomain representation of the desired
transfer function (Laplace transformation of thikefls impulse response; see 5.2.2) to the
digital data stream. Both types have their spedBoefits and disadvantages. On the one
handIIR filters are fast to compute, on the other hang Hre not guaranteed to be stable with
increasing order and, as their analog counterpati®duce a phase shift depending on the
frequency of the input signdIR filter are easy to implement, always stable aratipce no
phase shift (if expressed symmetrically). This ltssim a constant group delay and gives rise
to small amplitude precursory artefacts at the autp compromise getting the best from
both approaches is the minimum-phase filter. Afldiscussion about this problem and how
to deal with is given by Scherbaum ($e#p://Ibutler.geo.uni-potsdam.de/FIR/fir_daaf.htm

All of the digital recorders available us¢R filters to decimate the digital data streams, and
most of them are zero-phase filters. At the momemity Earth Data andKinemetrics (for the
Quanterra records) offer minimum-phase decimation filterstfeeir products.

6.3.4 Analog to Digital Converter ADC)

The first generation of seismic recorders mainilyzeid Successive Approximation Register
ADCs (SAR). The concept is based omAC combined with a comparator and a shift register
in a feedback loop.

It takesn steps to convert one sample with a binary resmiutif n-bit. The right-hand part of
Fig. 6.7 shows a block diagram of 8AR-ADC. In operation, the system enables the bits of
theDAC one at a time, starting with the most significamt{MSB). As each bit is enabled, the
comparator gives an output signifying that the tngignal is greater or less in amplitude than
the output of thedAC. If the DAC output is greater than the input signal, the Diteiset, i.e.,
turned off. The system does this with the MSB fiteen with the next most significant bit,
etc. After n-steps, all the bits of tH2AC have been tried, and the conversion cycle is
completed. Fig. 6.7 shows the typical componentstha signal flow for this type &DC, as
used for example, in tHeDAS recorder. The anti-alias filter is followed by angple & Hold
device. Using one common control sigrit) for all Sample & Hold devices results in
sampling at the same time of all input channelsisTonly oneADC device is necessary for
multiple analog input channels, reducing power comgion and cost.
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Fig. 6.7 ADC concept used in the first generation of digitabreling systems with a 16 bit
converter.

This concept, however, has some severe disadvantageng the conversion cycle, the input
voltage must be kept stable below the resolutiorthefADC. For this, and the parallel
sampling of all input channels, the Sample & Hohituand the analog multiplexer are
introduced. But there is no ideal sampler with ligysin(7/nfs7)/ 7nfst = 1 as required in Eq.
(6.1). Also, the capacitor that holds the inputtagé is not an ideal analog storage medium.
All this together adds noise to the processed &idha the most significant problem of this
concept is the gap introduced between two Samptéold cycles, owing to the input signal
being disconnected from tiAdC.

Therefore small variations of the input signal amgly taken into account if they are
significant with respect to the resolution of theC stage. The noise reduction achieved by
oversampling with this type of converter is propmral to the square root of the
oversampling factor, as shown in Eq. (6a@d Fig. 6.6.

In modern data acquisition systems, there is nardeparation any more of thealog to
Digital Conversion and theDigital Signal Processingstage, as shown in Fig. 6.1. TABC
itself does a lot of digital signal processing thiave high resolution, high signal-to-noise
ratio, and high dynamics. The used techniques amed on continuous integration and
oversampling in combination with carefully desigreidital low-pass filters. In most modern
seismic recording systems, a Delta-Sigma-Modul&oused asADC. A simplified block
diagram of the signal flow is given in Fig. 6.8.€Thoncept of continuously integrating the
analog signal avoids gaps in the sampling procedstakes into account variations of the
input signal even below the resolution of #heC. The drawback is that one has to have a
separate unit for each input channel, but this @emthan compensated for by having
abolished the Sample & Hold- and multiplexer desice
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Fig. 6.8 ADC concept used in most modern digital recordingesyst

The scheme of a Delta-Sigma-Modulator is givenigm B.9. The negative feedback from the
output along the 1-biDAC and the sum amplifier at the input is performed htgh sampling
rate, transferring the quantization noise into stap band of the digital low-pass filter used
for decimation.

Sum
analog  Amplifier
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Input 1-Bit Analog/Digital Converter
+ [ ¥
———P
- - serial Bit-Stream
1 Integrator Strobed to the digital
- L Comparator decimation Filter
O +Vper
@/:1 _________ ..111000101..
O-.v
1-Bit Digital/Analog Converter REF

Fig. 6.9 First order Delta-Sigma Modulator.

The principal elements in the block diagram of Bredta-SigmaADC shown in Fig. 6.9 are :
e continuously sampling integrator;
» 1-Bit A/D converter (strobed comparator);
e 1-Bit D/A converter (feedback);
e sum amplifier;
» digital low-pass filter (not shown in Fig. 6.9);

10
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In operation, the sampled analog signal is fecheosum amplifier, along with the output of
the 1-bitDAC. The integrated difference signal is fed to thielstd comparator, whose output
samples the difference signal at a frequency (theahsampling frequency) many times that
of the analog signal frequency. The output of thengarator provides the digital input for the
1-bit DAC, so the system functions as a negative feedbacg ilwhich minimizes the
difference signal by tracking the input. The intggr is continously fed with the differential
signal and there are no gaps in the analog ingmati as introduced by sample and hold
devices. The digital information representing thealag input voltage is coded in the
polarities of the pulse train appearing at the outd the comparator. It can be retrieved as a
parallel binary data word applying a digital filteperator. In general Delta-SignA®Cs are
described by the order of the integrator, whiclnigact an analog low-pass filter. Fig. 6.9
shows a simple first order integrator. In real woslystems, an order of four is used. This
reflects a compromise between oversampling factar stability of the modulator limited
only by the performance of the analog part of tledtddSigma-Modulator.

6.3.5 Noise test

The overall noise level of a recording system cantdsted by shortening the input and

recording for an adequate period of time. The varaof the measured values reflects the

overall noise of the recording device. This tesbdlelps to check temperature influences and
find problems in the instruments design. Loading ohannel with a defined signal and cross
correlating with the others, gives a detailed ihsigto the system’s real performance.

Fig. 6.10 gives an example measured witRPCAS recorder. Channel 1 was fed with a
50mV,, sinusoidal signal with a period of one second. @e&2 was shortened by a 2(bk
resistor to simulate the output impedance of adstahpassive geophone. All channels were
recorded with 100 Hz sampling rate. The lower kedtction a) of Fig. 6.10 shows the
measured signals on both channels with the lefhatd giving the pVolts of the input signal
on channel 1 and the right ordinate the pVolthefdignal recorded on channel 2.

The two amplitude-spectra in Fig. 6.10 b) show anzed section between 0.5 to 5 Hz from a
2'8.point FFT, calculated from a 45 minute measuredne The signals at 2, 3, 4 and 5 Hz
are overtones of the signal from the signal gepnerdthey are the result of the non-ideal
sinusoidal shape of the signal generator's outpsid in this test. The mean level of the
spectrum of channel 1 is about one decade abov&ptetrum of channel 2. This shift mainly
reflects the difference in resolution in tha&n-ranged mode, that we used in this example. In
the record of channel 1, the resolution is 30 nuWitavhereas channel 2 is resolved with 4
nV/count. But one can clearly see a peak at 1 Haarspectrum of channel 2. Its amplitude is
about 6 decades below that of the input signalh@miel 1. The cross correlation between the
two channels over 500 samples is shown in Fig. 6)1The peak-to-peak amplitude is 0.082
pVolts. From this, the cross coupling can be calad as 2 log(82nvV/50mV) = -115 dB
for this specific instrument. This is a fairly gosdparation of the input channels for field
installations if one keeps in mind that 3-comporsghals measured (not only) in seismology
are highly correlated.

11
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Fig. 6.10 Signal with 50 my, amplitude and 1 Hz of channel 1 oPBAS recorder and the
cross coupled signal on channel 2. Shown are theeasured signals, b) their amplitude-
spectra and c) their cross correlation.

6.3.6 The Crystal chip set

Crystal'sCS5321 analog modulator and th@s5322 digital filter function together as a high
resolutionADC. Therefore they are widely used in geophysicaliegions. TheReftek and
Guralp recording systems, as well &snometrics's Orion are based on this chip set. The
CS5322/CS5321 combination performs sampling, A/D conversion ardi-alias filtering.
The CS5321 utilizes a fourth order Delta-Sigma-Modulator atebture to produce highly
accurate conversions at low power dissipation (& m@V). It provides an oversampled serial
bit stream at 128 kBit/secondi,(= 512 kHz, A order oversampling architecture) to the
CS5322 FIR decimation filter. From the manufacturer's dataeshone can compile the
characteristics of th€S5322/CS5321 modulator and filter combination as shown in Fig.
6.11.

12
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Fig. 6.11 Dynamic range of th€S5322/CS5321 chip set fj, = 512 kHz).

The analog input is resolved between 20 and 22 d#gending on the oversampling rakio
The resolution in Fig. 6.11 is limited by the maatok, not by the filter. Th€S5322 provides
the digital decimation filter for th€S5321 modulator output. It is not a general purpDS®
but consists of a multi-stagelR-filter. The decimation factor by which the overgadimg
frequency is reduced, is selectable fronx 64 4096<. The data at the output of the digital
filter is represented in a 24-bit serial format.

The -3 dB bandwidth of each decimation rate is expnately 82% of the Nyquist frequency.
The filter achieves a minimum of 130 dB signal r&thn at the Nyquist frequency for all
filter selections. Tab. 6.1 gives an overview o¢ tielation of the user selectable output
sampling ratd,; with a Reftek data logger and the associated -3 dB bandwidtheobutput
spectra. Due to the zero-phdd®& design of the digital decimation filt€S5322, phase shift
does not depend on frequency. This results in ataahfactor for the group delay.

Tab.6.1 Selectable sampling rates, -3 dB bandwidth, andcéested group delay inReftek
system.

fout fin fin -3dB Group
fouwr  Point Delay

Hz kHz k Hz sec
1000 512.0 512 4122 0.029
500 5120 1024 206.0 0.058
250 5120 2048 103.0 0.116
125 512.0 4096 515 0.232
200 409.6 2048 824 0.145
100 409.6 4096 412 0.290
50 409.6 8192 20.6 0.580
25 4096 16384 103 1.160
40 327.68 8192 165 0.725
20 327.68 16384 82 1.450
10 8192 8192 4.1  2.900
5 8192 16384 2.1 5.800

13
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The CS5322 is realized as a cascade of three symmetFftRlfilters, which produce by
design a constant delay of the output signal offgd(see the manufacturer's data sheet for
details of the design). The resulting group detagiven in the last column of Tab. 6.1. The
software of the recording system has to shift the tstamp of a sample at the output of the
filter stage by this amount of time, which tBSP needs to calculate the filtered output
sample. But one has to take into account thatittex Settles to full accuracy only after all
filter stages have been completely recalculateel, iafter two times the group delay,
according to 57 output words. A transient signied la step appears at the output of Dis®

29 words later. But to settle to full accuracy itllviake another 28 steps. This example
demonstrates that the field of application for Be&digma converters is to track slowly
changing signals, but not to record transient dglilkee spikes and steps.

6.3.7 TheQuanterra family

The main impact in modern broadband observation wWas availability of the
Wielandt/Streckeisen (1972) sensor, the presentatidhe doctoral thesis of Steim (1986),
and the cooperation of Wielandt and Steim (198&in% introduced a 24-bit digitizer (US
Patent 4866442) which even today gives outstanparfprmance. It is the de-facto standard
in leading broadband experiments suchRIS GSN, TERRAScope and GEOFON, just to
name a few. Steim's digitizer is a variant of that® Sigma-Modulator described in section
6.3.4, but is built up from discrete electronictpaand circuits. The main difference with
respect to Fig. 6.9 is the use of a 16AMC instead of the strobed comparator. The digital
decimation filter is fed with a 16 bit data stream20 kHz. The feedback loop within the
Delta-Sigma-Modulator is realized as a 1-bit streaimilar to the design shown in Fig. 6.9.

The main drawback of the originQuanterra data loggers is their rather high electric power
consumption. By no means is it a portable instrugméms designed for the installation in an
observatory. These dayénemetrics offers an array oQuanterra products for different kinds
of application, including portables.

6.4 Time base

The usual thing to say about timing on all recogditlevices is that they allow synchronizing
the internal time base against an external clogkeadi With the availability of relatively cheap
GPS receivers, the timing problem has been solveddiobal sense. This type of time signal
receivers provides a stable clock reference irotider of pseconds along with time, date and
geographic position information, which allow synmhized data acquisition all over the
world.

Moreover, the way a recording device synchronizes ihternal data streams against the
external clock signal differs, depending on theiglesgoals. In active seismic field
experiments, predefined time windows are recordée. time slots vary from some tens of
seconds in reflection - up to some tens of minuteside angle experiments. Also, in recent
seismological experiments a triggered recordingeneds mainly used due to limited storage
capacities and computer facilities. In this moe@eording windows of several tens of minutes
to hours are produced. Synchronizing a clock athbiginning of a recording window and
keeping it running for several minutes up to howils normally not produce significant drift
errors. The situation becomes more complicateding has to synchronize a continuous
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stream of data against an external clock signahdfbasic design is not done carefully, life
can become a nightmare for people evaluating the da

The standard procedure sounds quite simple. Amnakelock signal is compared against an
external time signal, normally the 1 pps (pulse pecond) signal derived from @PS
receiver's output. From the difference in time,ac@tool signal is derived and the internal
clock is adjusted accordingly. Normally this is ddoy a phase locked loop in combination
with a voltage controlled oscillator. All systemistthguish between two operation modes. If
the difference is bigger than a selectable amotitibe, the adjustment is done instantly. If
everything works perfectly, the so-called jam seidm only occurs during the initializing
phase of the system. While switching on the reapitlapdates the absolute time and date by
reading theGPS input, and synchronizes the internal time baseirgunormal operation the
time base advance and retard control provides d@peahility to adjust the internal oscillator
without disturbing data acquisition. Adjustmentghe order of pseconds per millisecond of
the time base are allowed to smoothly synchroriedriternal timing clocks with an external
source or to simply adjust the internal clockskinown drift rates.

There are important differences in the technicalization of the clock control, resulting in
quite different behaviors of the data acquisitigrstems. Selecting the start time of a
recording window for @DAS, anOrion, or aGuralp, results in digital data streams, starting
exactly at the full second of the selected timereftek or aQuanterra will start somewhere

in the vicinity of the desired start time. The diénce in design is quite small, but of great
consequence. In an experiment with more than osegument of these two types, each
recorder samples at the same sampling rate, bdiffatent times. A sample, related to
midnight, is randomly distributed over two daysdifferent recorders. In the case oReftek

or a Quanterra, the ADC/DSP timing signal is derived from an internal oscitigt only
providing the clock signal for th&eDC/DSP unit and not synchronized by the external clock.
Synchronizing is done at the output of the digdatimation filter. ThePDAS, Orion, and
Guralp recorders are so-called mono-oscillator systertigirAing signals are derived from a
master oscillator, providing a 1 pps signal, whocmtrols the timing of the whole recording
system. This internal 1 pps signal is adjustedeto phase with respect to the synchronizing
external 1 pps clock signal and forces synchrogizh the ADC, i.e., at the input of the
decimation filter. With this timing concept, allsitnuments in an array or on a profile, take
their samples at the same time, starting at fudbeds. This simplifies data acquisition of
continuous data streams to a great extent.

6.5 Data management

6.5.1 Storage media

In field experiments with continuously recordingstiuments, one collects about 30-50
MBytes of data per day at a 3-component statioh W@0 Hz sampling rate. During the last
years, hard disks have overcome other mass stoeapeologies in field recording. They
have became reliable, are quite cheap, robust iiclsed off, their power consumption is
moderate, and access is much faster than on othes storage media. The big advantage of
hard disks against other magnetic- and opto-magneedia is the fact that they are
encapsulated and insensitive in rough and dustiy@rments. For connecting the hard disk to
the recorder, many systems sup@@@SI. This bus system is an accepted and well defined
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industry standard, available on most platforms.t&J7 devices can be connected in parallel
on a 8-bitSCSI bus and the technical specification even allowtgphaggable devices, i.e., the
operator can change the hard-disc without intemmgptontinuous recording. With @rion or

a Guralp system, it is possible to change the hard diskaut interrupting the recording
process. On &DAS this will not only result in a corrupted file sgst, but one also has a
good chance to kill th&CSI controller chip. The only problem witbhCSI hard-discs is that
they are developing more and more to the high pmdoce server market. In this market
segment, low-power (and low price) is not a bassigh goal. All the hard-discs fulfilling the
requirements for seismic recording systems, wemagded for laptops, whertdE is the
standard system interface. But to swapg devices in a running computer system for reading
or writing, ranges from tricky to impossible. So aee still waiting for the manufacturer of
seismological recording systems providing us witloapluggable mass storage device based
on low-powerlDE drives and equipped withTeCP/IP connection, which would allow access
to a practically unlimited number of storage meatigthe same time, with all the benefits of a
network connection.

6.5.2 Data formats, compression and metadata

Even a hard disk, designed for random access, earséd as a sequential block device, just
like a tape drive. The data stream is subdivideéd blocks of a fixed length, including the
header which defines the type of data and holdsigtte and time stamp of the first sample.
Besides the raw data streams, state of healthtahgssnformation are generated. Additional
channels containing information about internal agéis, temperatures, and information
related to the synchronization against the exterioak are recorded.

Each subsequent block of data is written to thel lthsk. No file or directory structure is
necessary and it is quite easy to implement corsfmeslgorithms or ring buffer structures.
Steim (1986) introduced a widely used algorithncdmpress integer time series without loss
of information. Blocks of data are organized innfies with a fixed length. Only the
difference with respect to the first sample in tih@me is stored. An associated table,
occupying a 2-bit/sample within the frame, holds thformation about the significant word
length of the stored differential value (8-, 16-32-bit). The compressional rate depends on
the difference between two subsequent samplesn ¢erms of seismology, on the noise
situation of the measured signal. In general thepression rate achieved with this so-called
STEIM1 algorithm is in-between 1/3 and 2/3. Stexteaded this scheme introducing 4 bit
differences in the STEIM2 algorithm and gaining ampression rate up to 30% against
STEIM1. TheQuanterra, the Orion, and theReftek compress their data with the STEIM1
algorithm, whereasGiralp has its own compression method, but there is nocipal
difference.

If the block header holds two additional pointessits predecessor and successor, this is
called a tagged file system. In fact, it allowsyoséquential access to the data of a specific
stream. Some systems like heon reserve a certain amount of disk space for eashdeda
stream. This saves the two pointers and in additdiows an easy implementation of ring
buffers. After a ring buffer is filled, the oldedata are subsequently overwritten. This user
selectable behavior utilizes continuous data adgunswith a fixed length of time history. If
an event in which one is interested occurs, thgtleof the ring buffer gives the time in
which one has to access the station and downlaadadta. Sampling 3 channels at a rate of
100 Hz, a 4 GByte hard disc will provide recordaapacity for about 80 days.
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To read the data into a computer system, one higstote able to access the physical raw
data device and to know the logical structure efdata frames. The big disadvantage of the
frame structure with compressed data is that tisene possibility to address an item directly

as recorded at a specific time. One has to readsulsequent block headers from the
beginning until finally accessing the data. Thisrage and compression concept in seismic
recording systems is optimized with respect to dplace. This is the best solution for

acquiring but a bad choice for processing the datathe first step after reading the data into
a computer system, is to convert and organize thiwia file system. There are several

different operating systems around, and each cgeraith several different versions or types

of file systems. If a recording system relies ospecific file system, this can become a

problem for the user, who has to organize the data different operating system.

File systems introduce an additional abstract ldgethe data model and also have their
specific limitations, starting with the number d¢facacters in a file name, up to the maximum
length of a single file. Th@DAS is the only recorder mentioned here writing MS-D¥S
data files directly and organizing the data streama hierarchical directory structure. The
Orion also utilizes the same file system. If the hosttesy is able to mount an MS-D&%
file system, the ring buffers are visible as ordydes.

The conclusion of all the different data formatsdiffierent recording systems is that each one
needs its special treatment. The only common lavéhe moment is th8CSI hardware, but
even this will change in future. All systems hatieit own way to store the data logically.
Even if Steim's compression algorithm is used taewthe raw data, the block header
structures may differ. But this is not the real @yance. There is no common agreement on
what type of additional information is or shouldreeorded by the system.

Each manufacturer has his own ideas, how to synceaagainst the external clock signal

and how to correct the drift of the time base, ahdourse, how to report this. So, from here
on, no general recipe for converting raw data tuker's file system can be given. Also, no
recipe is available on how to treat timing erramf different data loggers (there are systems
around, even reportingnknown error).

The user's file system normally depends on theveoét being run to process the data. This is
the scientific part of the game and may vary fromjgrt to project. To buy an instrument
from a manufacturer who is supporting only one Beoperating system and withholding
information about the low-level data structuresyra a bad investment.

Unfortunately, the approach to unify the low ledata formats for seismic recording systems,
the SUDS-2 format initialized by Ward (1992), fdilecause of the complexity of the
abstract data model and the non-agreement on a conptatform for Unix and PC-based
systems. Thus, the problem handling the metadat#lisinsolved. All the data describing the
instrumentation and the site location related & gtored waveform are called metadata. For
archiving and exchange of waveform data, theresaveral data formats in use, mainly, the
different variants of SEGY and GCF (pure ASCII cpdehich are independent of the
hardware platform and even email-proof on 7-Bit Insarvers. But the most complete and
widely accepted standard is the SEED format asdM{SEED variant. SEED is the only
standard holding the most important metadata amavidveform data within one single file, a
so-called SEED volume. MSEED is a subset of the[ZEEfinition, holding the waveform-
data only. Thanks to the excellent software libi@ryB2, MSEED has become an easy-to-use
and platform-independent data format.
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The software packages provided by the manufact@ersmainly reduced to set-up, quick
lock, and quality check functions and are normalby intended for scientific evaluation of
the data. The software should also provide conkgeitte more common formats mentioned
above. Here th&EOFON, the ORFEUS, and thePASSCAL home pages are ideal starting
points to find all kinds of useful software andarrhation.

6.6 Conclusions and final remarks

There is no "best" recording system available Mtags depends on several aspects, which
instrument to choose - and the weights are diffefirem project to project. The requirements
for a temporary installed, portable network are ptately different from a permanent setup in
an observatory, connected to the power supply systed the Internet. Beyond this, Delta-
Sigma-Modulators with 130-140 dB a@PS-timing are state of the art, Web-hosted commu-
nication via Internet is coming up, and prices, éfapy, down. Within this chapter several
products from various manufacturers are named. Hureyonly used as examples to show
specific differences in the technical realizatidrseismic recording systems. In fact, there are
more products available but this chapter has remtitn to give an overview of the market. If
one particular product is not mentioned here, fitasan opinion in terms of its quality.

6.7 Glossary of technical terms and links
ADC : Analog toDigital Converter. A device that converts data from anatodjigital form.

CS5321/CS5322 : A 24-bit word-length variable bandwid&kDC. The CS5321 is a Sigma-
Delta-Modulator which functions together with tl$5322 digital filter as a high
resolution ADC. The CS5322/CS5321 combination performs sampling, AD
conversion, and anti-alias filtering. The circuitse manufactured byCrystal
(http://www.crystal.com)/

DAC : Digital to Analog Converter. A device which takes a digital value andputs a
voltage which is proportional to the input value.

DSP : Digital Signal Processor. Theéig four programmableDSP chip manufacturers are
Texas Instruments, with the TMS320 series of chijgstorola, with the DSP56000,
DSP56100, DSP56300, DSP56600, and DSP96000 sdneggnt Technologies
(formerly AT&T), with the DSP1600 and DSP3200 sgriand Analog Devices, with
the ADSP2100 and ADSP21000 series. For furtherrnmétion have a look at
www.bdti.com/pocket/dsp _guide.htm

Earth Data : Earth Data Limited specializes in the research, design andufeeture of data
acquisition, telemetry and 24-Bit portable recogdigystems( www.kenda.co.uk/
edata .

FIR : Finite ImpulseResponse filter, also named acausal- or, in themsegtrical realization,
zero-phase-filters. For a brief description of thyffilters (see Scherbaum,1996; and
http://Ibutler.geo.uni-potsdam.de/service.jhtm

Gain-ranged Mode: A Gain Ranging Amplifier is scaling the input sajyrto fit the ADC's
digitizing window based on signal level. This methocreases the dynamic range, but
not the resolution of a recording system. The rggmi is limited to something less than
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the number of bits available from tA®C, due to noise introduced by the uncertainties
of the different gain stepsGain-ranged mode was used in older 16-bADC based
systems to achieve dynamic ranges up to 130 dB.

GEOFON : The GEOFON program of the GeoForschungsZentrum Potsdam phgsen
operates, together with its partner organizatid@spermanent and a varying number of
longterm temporary broadband seismological statiB@gpermanent stations are located
in Europe and the Mediterranean. Most of theséostatare equipped with Streckeisen
STS-2 very broad band seismometers and adeqQataterra Q380 or Q4120
dataloggers (seeww.gfz-potsdam de/geofon/index.hjml

GPS : Global Positioning System. There are a lot of good sites to start frion,example
www.skydiversdepot.com/gps2.htm

Guralp : Giuralp Systems Ltd (GSL). Manufacturer of seismometers data acquisition
systemswWww.guralp.demon.co.gk

GSN : The IRIS Global Seismographic Network. The goal of €N is to deploy 128
permanent seismic recording stations uniformly dfierEarth's surface. These stations
continuously record seismic data from very broaddoseismometers at 20 samples per
second. It is also the goal of tB&N to record data with a dynamic range of 140 db (24
bit digitizers). (vww.iris.washington.edu/GSN/index1.htm

IDE : IntegratedDrive Electronics. Originally calledDE, the ATA interface was invented by
Compag around 1986. Standardized by the ANSI gr&3310 (who named it
Advanced Technology Attachment (ATA)). Ratification in November 1990.

lIR : Infinite ImpulseResponse filter, also named causal-filter. All agafiiters are of this
type. For brief discription of digital filters s&cherbaum (1996).

IRIS : IncorporatedResearcH nstitutions for Seismology. 1200 New York Ave. N\Biite
800, Washington, DC 20008/\vw.iris.edy).

Kinemetrics : Kinemetrics Inc. Manufacturer of seismic sensors and dataisitigpm systems.
(seewww.kinemetrics.com

Lennartz : Lennartz electronic GmbH. Manufacturer of seismic sensoid @ata acquisition
systems (se@ww.lennartz-electronic.ge

MARSIite : The MARS recorders are an array of portable datmdrs developed and
manufactured byennartz electronic GmbH. Recent products are M&RSlite and M24
data loggers.

Nanometrics : Manufacturer of data acquisition systemdanometrics also offers complete
network solutions based on satellite communicafs@ewww.nanometrics.ga

ORFEUS : Observatories anBesearch-acilities for EuropeanSeismology.ORFEUS is the
European non-profit organization that aims at coatihg and promoting digital, broad-
band seismology in Europe (sedeus.knmi.nl.

ORION : Digital recording system, manufacturedNghometrics.

PASSCAL : Program for theArray Seismic Studies of the Continental Lithosphere.
PASSCAL Instrument Center, New Mexico Tech, 100 East R&atorro, NM 87801,
U.S.A (seavww.passcal.nmt.edu/passcal/resources.htm
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PDAS : Portable Data Acquisition System. Solid first generation digital recording teys
manufactured by Geotech/Teledyne, 3401 Shiloh Rdézatland, Texas 75041 (see
www.geoinstr.coi This data-logger is no logger available on tharkat, but still
widely used.

QLIB2 : Software library available as source code (C/F9rttmm Doug Neuhauser
(doug@seismo.berkeley.edio read and write MSEED data files on differeatdware
platforms. Jewel found in th&ASSCAL software distribution (Ver. 1.9) under
contrib/mseed/qlib2. Unfortunately theASSCAL routines do not profit from this
library, because they used their own.

Quanterra : Advanced broad band remote data acquisition sysf@eveloped by Steim
(1986), it is the defacto standard in global br@adb seismology. These days
Kinemetrics is selling an array d@uanterra products with different specifications.

Reftek : Refraction Technology, Inc. 2626 Lombardy Laneitesd05, Dallas, TX 75220,
U.S.A. (seevww.reftek.con).

SAR-ADC : Succesive Approximation Analog to Digital Converte

SCSI : Small ComputerSystemlnterface. Bidirectional, parallel interface to cennhup to 7
(15 with wideSCSI) external devices to a computer. ANSI-X-3T&®erican National
Sandards Institute (seewww.ieee.org/index.htrl

TCP/IP : TransmissionControl Protocol overInternet Protocol. The de facto standard
Ethernet protocolsTCP/IP was developed by DARPA for internet working and
encompasses both network layer and transport [aygocols. WhileTCP and refer to
the entire DoD protocol suite based upon theséyding telnet, FTP, UDP and RDP.

TERRAscope : is a very broadband seismographic network in Sonti@alifornia. Each
station consists of a Wielandt/Streckeisen seisaplgra strong-motion sensor, and a
barograph. The data is recorded on-site using #fhkitXQuanterra dataloggign system
and collected by the Caltech Seismo L@ww.gps.caltech.edu/terrascope/Terralnfo.ptml
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