Sensors – Poles and Zeros

· Seismic Waveforms are effected (distorted) by filters

· Within the earth – isolate the original signal

· Within the recording system, hardware and s/w (dsp)

· Goal – to remove the effects of the recording process from the data

· Single mode vs. common mode connections to the Digitizer.

· Seismometer – are transducers that convert ground motion into an electrical signal, and in its simplest form consist of a simple vertical pendulum to measure displacement.  The movement of the mass is controlled by these forces:

· Inertia – proportional and opposite to the ‘ground’ motion

· Spring – restoring force, opposite to displacement

· Dashpot – frictional (damping) – moving coil in magnetic field.

· Under damped – oscillates

· Over damped – never oscillates

· Critically damped.

· Modern Seismometers use a moving coil within a magnetic field (replaces dashpot), so they measure ground velocity.  The magnetic field is oriented so that it damps the movement.  Voltage across the coil is proportional to the velocity of the mass.  This method of electronic feedback results in very small masses.

· Active sensors have a negligible input impedance.
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Trillium 40

· 3 component, Force Balanced, Broadband Seismometer.

· Feedback = Force Balanced with capacitive transducer

· Low power, portable or fixed applications

· It’s extended response makes it good for Local or Regional networks.

· Manual has a good section on site preparation and cable design.

· Incorporates three identical sensing elements in a symmetrical tri-axial arrangement, each in a single piece frame.  This involves fewer parts and ensures the same frequency response for V and H outputs.  This makes it less susceptible to rapid temperature changes and easier to maintain and manufacture.

· Data output can be remotely switched between XYZ and UVW.  Using the UVW simplifies the calibration process as sensor elements can be calibrated independently of the electronics.
· Manual mass centering.  The Trillium uses the feedback loop to keep the mass centered. If the unit is manually centered at 0C it will remain operational over a +/-35C range. The key is that this does not affect the dynamic range of the instrument over the passband.  The advantage of this system is a more temperature stable product that does not require monitoring and mass centering.
· Must have Trident Line 2 Level temporarily set to Low to enable.

· External connector = 19P

· 9 – 36Vdc, 0.5W (1.0W on startup)

· Transfer function is flat between 40s (0.025Hz) to 50 Hz.

· Noise is below NLNM from 15s to 4 Hz.

· 1500V/m/S

· When Trident is set to 16Vpp, with s/w gain of 1, = 1 count/microvolt.

· No parasitic resonances from DC to 200Hz.

· Output Voltage 16Vpp differential.

· Shock tested to 20g half sine, 5ms without damage.
· Naqs.stn parameters 
· TypeName = TRILLIUM      //Model = TRILLIUM

· SensitivityUnits = M/S

· Sensitivity = 9.43e+9

· SensitivityFreq = 1.0

· CalibrationUnits = VOLTS    
· CalCoilResistance = 13300
· CalCoilConstant = 100      // Calibration units per m/s/s
· CalEnable = -1               
· CalRelay  = 0

· MassCenterEnable = -1

· MassCenterDuration = 5
· Taurus Parameters
· Set line 2 to LP for mass centering only.
Accelerometer

Gives an output in displacement, as opposed to a seismometer, which gives output in velocity.  


Algorithm

· Set of instructions and/or operations.  Determines the sequence in which data + coefficients are accessed and how they are processed.

Aliasing

· Signal components sampled below Nyquist frequency will be accurately reproduced.  Signals sampled above NF will be reproduced incorrectly.  They will be ‘mapped’ by the sampling process into the frequency band 0 – NF.  This is the Alias Frequency or Alias effect.  See Anti-Aliasing and DAA

Analog Stage

· The first part of any seismic sensor will be some sort of linear system operating in continuous time.  This system has a frequency response that is the ratio of two complex polynomials, each with real coefficients.  These polynomials can be represented either by their coefficients or by their roots (poles and zeros).  The roots of the numerator polynomial = instrument zeros.  The roots of the denominator polynomial are the poles.  Because the polynomials have real coefficients, complex poles and zeros will occur in complex conjugate pairs.  By convention, the real parts of the poles and zeros are negative.

Angular Frequency

· 2(pi)f

Anti Alias Filter

· Low pass Filter to remove frequencies above Nyquist before sampling.

Borehole Alignment Procedure

· Mike suggested a laser pointer and a video camera down the hole.

· See BB for the start of our procedure.

Calibration

· A procedure used to verify/derive the frequency response and sensitivity of a sensor.  It relates the output voltage to actual ground motion.

· Used to verify the operation of the sensor.

· Can be Amplitude or Phase Calibration.

· Disable DC Removal on digitizer during calibration.

· See Michel’s PDF.

Common Mode Range

· C.M. Rejection usually varies with the magnitude of the range through which the input signal can swing, determined by the sum of the C.M. and the differential voltage.  C.M. range is that range of total input voltage over which specified C.M. rejection is maintained.  Eg. If CM signal+/-5V and the differential signal is +/- 5V, the CM Range is +/-10V.

Common Mode Rejection

· is a measure of the change in output voltage when both inputs are changed by equal amounts of ac and/or dc voltage.  CMR is usually expressed either as a ratio or in dB.  A CMRR of 10e6 means that 1 volt of CM is processed by the device as though it were a differential signal of 1 microvolt at the input.  CMR is usually specified for a full range CM Voltage change (CMV) at a given frequency, and a specified imbalance of source impedance e.g. 1kohm source imbalance at 60Hz.  In amplifiers, the CMRR is defined as the ratio of the signal gain to the CM gain (the ratio of CM signal appearing at the output to the CMV at the input.

Common-Mode Voltage

· A voltage that appears in common at both input terminals of a device, with respect to its output reference (usually ground).  For inputs, V1 and V2, wrt ground, CMV = ½(V1+V2).  An ideal differential-input device would ignore CMV.  CM Error is any error at the output due to the CM input voltage.  The errors due to supply voltage variation, an internal CM effect are specified separately.  In isolation amplifiers, the rating, CMV, inputs to outputs, is the voltage that may be safely applied to both inputs,  wrt the outputs or power common.  This is a necessary consideration in applications with high CMV input or when high voltage-transients may occur at the input.  

Convolution

· A Mathematical operation to calculate the o/p signal for a given i/p.  This requires that we know the filters action.  Removing (deconvoluting) the effects of a filter can be done by dividing the spectrum of the signal by the spectrum of the filter in the frequency domain.

· In discrete computations, a mathematical operation, defined as the summation, or integral, of a product of two functions over a range of differences in the independent variable.  In the time domain, one function is the impulse response, as a set of coefficients, h(i), over N time intervals; the other is the input, f(N-1), as a function of the differences between the time at the instant at which the function is being evaluated, n, and the input at earlier instants, determined by the variable delay, i, from 0 to N.  In DSP, the convolution of an input signal, x, with the coefficients, h, results in the filtering of the signal.

Crosstalk


Leakage of signals, usually via capacitance between circuits or channels of a multi-channel system or device, such as a multiplexer, multiple op amp, or multiple DAC.  Crosstalk is usually determined by the impedance parameters of the physical circuit, and actual values are frequency dependent.  Also channel to channel isolation.

DAA


· Digital Anti Aliasing Filter.  Recursive – o/p depends upon the i/p + o/p of earlier samples.  Can be IIR or FIR.  FIR is the best kind of DAA as it is more stable.  DAA tend to produce a constant time shift, which can be compensated for.

DC Removal Frequency

· HRD, 100 mHz or 10 mHz.

· Select to center the calibration signal

· Do not select to cut off the passband.  Select 10 mHz for BB and LP, select 100 mHz for SP.

Differential Outputs

· Sensor – common mode signal components (unwanted noise induced into the cable) are rejected by 100dB unless they are very large.  Also known as push-pull or balanced output.  Negative outputs on seismometers should never be connected to the signal ground.

Digitizer Sensitivity 


The ratio between the digitized voltage and the output count.  (eg 2539 nV/count)

Dithering


Injecting a signal (into the trident to eliminate idle tones)

Dynamic Range

· The ratio between the largest and smallest amplitude which can be measured in frequency or time domain.  DR = clip level/Noise floor = 2e24 in Trident.

FFT


· Fast Fourier Transform.  If the sampled signal, x(t), is sampled at greater than or equal twice its highest frequency component, and is periodic, the FFT can be used.  FFT are easier to calculate than Discrete (DFT). 

Filter


· Or systems are devices (physical world) or algorithms (mathematical world) which act on some input signal to produce a (possibly different) o/p signal.

FIR 


· Finite Impulse Filter or convolution filter.  See DAA.  These filters are more stable (than IIR) but steep filters need many coefficients.

· Digitized samples of the signal serve as inputs; each filtered output is computed from a weighted average of a finite number of previous inputs.  The number of taps = the number of multiply/accumulate operations.

· Convolves the digitized input signal with the filters time domain coefficients, an action equivalent to multiplying the frequency representation of the input signal by the filters transfer function.  

· Noisy data can be smoothed (or filtered) by taking a moving average.  A moving average using the last 5 points = a 5 tap FIR filter.  It will pass the low frequency component.  Its impulse response is constant for 5 periods, then it drops to zero.

· More taps, better performance (less ripple in the stop band), but reduced throughput.

· Insensitive to noise, stable and easy to design.

· Acts as a low pass filter to prevent aliasing at the new lower sample rate (after decimation in an over sampling system)

· Simply a weighted average of some of the data samples, with a boxcar (step) response.  May be set at 70 – 90% of Nyquist frequency.

Fourier Transform

· Jean Baptiste Joseph Fourier (1768-1830) Trigonometric series representations could be used for any periodic function, under some (Dirichlet) conditions.

· Maps a time signal from time domain into a frequency signal in the frequency domain.  This is a linear transform, a special case of the Laplace Transform.  It is much easier to do the calculations in the frequency domain than in the time domain.

· Infinite Continuous Time Signals: an aperiodic Fourier Spectra

· Finite Discrete Time Signals: a periodic Fourier Spectra 

· a Z-Transform (instead of Laplace)

Frequency Response Function – is a Fourier transform of the o/p divided by a Fourier 

Transform of the input signal

Gain Ranging

· Trades dynamic range for resolution.

ISOP


· International Seismological Observing Period.

IIR 


· Infinite Impulse Filter or recursive filter.  Potentially unstable and subject to quantization error and phase distortion in the passband. (finite word length of computers is a limitation)  Steep filters need few coefficients which make them very fast.

· This recursive structure accepts as inputs digitized samples of the signal; each output point is computed on the basis of a weighted average of past output – or feedback –terms as well as past input values.  More efficient than FIR (in multiplications/sec), but more design issues (harder to design).

· Uses feedback, so the filter’s impulse response can continue long after the initial impulse – infinitely?  Input perturbations can ring indefinitely, which can make the filter unstable.  The fed back round off noise can degrade performance.

· Filters are designed to match a transfer function requirement. – Butterworth or Chebyshev. 

IRIS

· Incorporated Research Institutions for Seismology, IRIS.EDU

Low Noise Model (USGS) – also called the New Low Noise Model.

· Summarizes the lowest observed vertical seismic noise levels throughout the seismic frequency band.  It is extremely useful as a reference for assessing the quality of seismic stations, for predicting the detectability of small signals, and for the design of seismic sensors.  Stationary seismic noise is normally measured in terms of acceleration power density.  This density must be integrated over the passband of a filter to obtain the power (the mean square of the amplitude) at the output of the filter.  The square root of the power is then the rms (or effective) amplitude.  To determine absolute signal levels from a diagram of noise power density is inconvenient; also, power densities cannot directly be compared to the levels of transient signals (earthquakes) so earthquake signals cannot be included in a diagram of power density.  Most sites have a noise level above the NLNM, some by a large factor.  A noise level within a factor of 10 (20dB) of the NLNM is considered good.  A station where the horizontal long-period noise (at 100 to 300 sec) is 20dB above the vertical noise is also considered good.

LTI


· Linear and Time Invariance system

MET – Molecular Electronic Transducer Cell.

· Three baffles with microscopic capillaries installed in a glass tube filled with electrolyte (iodine).  Mechanical acceleration moves the liquid with a pressure differential (because of the capillaries) and this is converted to an electronic signal.  Note: only the liquid moves.  It acts as both the mass and the mechanical to electrical signal converter.  Eg Sprengnether WB2023/2123.

Negative Normalization Factor

· Guralp poles and zeros include a negative normalization factor, which are mathematically correct and give correct results, they are not allowed for in the SEED convention.  By increasing the order of the transfer function, an alternative fit with a positive normalization factor can be provided. – see Guralp web site.

Normalization Factor

· On Guralp data sheets this can be + or -.  It is the factor that multiplies the normalized transfer function of the sensor.  Transfer function of the sensor = (normalized transfer function)*(sensor sensitivity).  This is explained on the Guralp web site.

Over Sampling

· Increases resolution by reducing the influence of quantization noise (Qn) and consequently increasing dynamic range.  Works on the assumption that the Qn is uniformly distributed between zero and Nyquist frequency, so when the signal is decimated (which does not involve Qn and does not change the noise level) it results in less quantization error.  This process shifts the Low Pass Filtering from the Analog Front End to the DSP.

Pole
The transfer function of an RC circuit has a pole at -1/RC (on the negative real axis of the s plane).  The frequency response can be graphically determined if given the pole position.  Note: RC, at a low frequency, the cap acts like an infinite resistor, and at high frequency it is a short circuit.  A single pole in the transfer function causes the slop of the amplitude portion of the freq. response function in a log-log plot to decrease by 20dB/decade (6dB/octave) for frequencies larger than the corner frequencies.  A single zero would be opposite.

Seismometer Sensitivity (C) (Electrodynamic Constant) 


- The output voltage of the seismometer per unit of ground motion.  (eg 1500V/m/s)

Single Ended Mode

· Connecting sensors in single ended mode reduces both the sensitivity (from 1500 V*s/m to 750 V*s/m) and the clip level (from 16Vpp to 8Vpp), so the signal should be attenuated by a factor of 2.  (Numbers are for the Trillium)

· Used for SOH channels – it is referenced to ground.

Sigma-Delta Modulation

· Involves the quantization of amplitude differences between subsequent samples of the integrated trace.  Uses over sampling to make changes and noise smaller.  Uses feedback to improve the effective resolution of a course quantizer – patent 1960.  Generate and subtract from the input signal the quantization error of the low resolution quantizer placed in the forward path of a feedback loop (Cutler).  The Trident uses a 16 bit ADC, and a 1 bit ADC in the feedback loop.  Add a FIR loop filter to the feedback path.  This system aims to predict and correct the next quantization error value: Error Feedback Coder.  Subsequent digital filtering then removes out of band noise.

Step Response Function

· And the Impulse response function are equivalent descriptions of a system and can be obtained from each other via integration/differentiation.  Tend to be band pass in seismic applications.  Refer to a system response graph:

· the area of the low frequencies not passed depends upon the quality of the sensor and digitizer.

· should be band pass (or high pass) up to Nyquist frequency

· Anti Alias Filter must remove everything below Nyquist, or else those frequencies ‘fold back’ or are mapped to lower frequencies.

System
 - Ideal = Linear + Time invariance

System Sensitivity 


- The relationship between ground motion (m, m/s, m/s2) and the output response 
of the system.  (eg 1 x 10e9 counts per m/s)

Transfer Function – is a Laplace transform of the o/p divided by a Laplace 

transform of the input signal..  The Trillium Transfer function is flat from 40s (0.025Hz) to 50 Hz.
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