
   SIGMA-DELTA CONVERTER 
 
(1995: Pacífico R. Concetti – Western A. Geophysical-Argentina) 
 
The Sigma-Delta A/D Converter is not new in electronic engineering since it has been previously used 
as part of many electronic circuits. 
 
The new scale in integration and technology makes its application in Seismic Instruments commercially 
possible today. 
 
“Sigma-Delta” technology in 24 bits A/D Converters is applied in Recording Systems such as: Vision, 
Input/Output System II, Sercel 388, etc. 
 
There are many reasons to adopt the 24 bits Sigma-Delta Converter: 

• It eliminates the use of the I.F.P. Amplifier 
• It eliminates analog filtering (Lo-Cut, Hi-Cut, Anti-alias and Notch Filter). 
• It attenuates A/D conversion noise  

 
The I.F.P. Amplifier
 
 The Instantaneous Floating Point Amplifier (I.F.P.) allowed for good management of the A/D 
Converter Dynamic Range, based on the main principle of all electric measuring: “the most accurate 
measurement is obtained when the value measured is closer to the maximum of the measurement 
scale”. The I.F.P. allowed to increase the analog input voltage, reaching voltages close the maximum 
that the A/D Converter is able to convert to digital. Of course, the amplification was limited (72 dB in 
the I/O System I, 90 dB in MDS-16/18). The progressive amplification achieved using various I.F.P. 
stages involved several electronic circuits, generally complex, that occupied almost 30% of the total 
volume of a Remote Telemetric Unit of the type mentioned. 
 
Another significant problem of the I.F.P. is that it was not able to discriminate Signal/Noise. Let us 
suppose that a 14-bit conventional A/D Converter plus Sign (84 dB Dynamic Range) with a maximum 
conversion voltage of +/- 10 Volts is connected to an I.F.P. Amplifier of 90dB Maximum Gain (6dB 
per gain pass).  
                                                   Analog Signal                    +Vcc= 10V 
                                                     Amplified 
 
                                                    MSB = 5V    
           Analog Signal 
   Sampled  
 
 
 
                                                    LSB = 0.6mV           
 
  
Figure 1: Conventional A/D Conversion                            - Vcc = 10V   
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The most significant “bit” of this A/D Converter (MSB) represents an analog voltage of +/- 5 Volts. 
     MSB  = +/- 5 Volts      
 
The less significant bit of this A/D Converter (LSB) represents an analog voltage of : 
     

  84 dB = 20 Log(10V / LSB)=               
       LSB   =   +/- 10 V / antiLog (84/20) = +/- 0.6 mV 
 
The analog voltage 0.6 mV is the minimum analog voltage that may be converted to a digital 
number, since a lower voltage value present at the A/D input cannot be represented even with 
the less significant bit: “LSB”. 
 
If a 10-microVolt (noise-free) signal is applied at the I.F.P. input, the amplifier will 
automatically adjust its floating gain up to the maximum gain: 90 dB (about 32,000 times). 
Therefore, at the I.F.P. output (and A/D input) the analog value will be: 
       
10 microV  x 32000 = 320 mili-Volts >> 1 LSB   
 
As we can see, the input signal exceeds the minimum voltage value (1LSB) and is digitally 
represented by eleven (11) bits. 
Now, if at the same point in time, 1 Volt noise is added to the described signal, the I.F.P. will 
apply a gain of 18 dB (8 times), and therefore, the output will be:  
 
Signal: 10 microV x 8 = 0.00008 Volts = 0.08 mV < 0.6 mV 
  +    
Noise:        1 Volt x 8   = 8 Volts  
                            
Sum result         8.00008 Volts 
                                                               
     
As it may be seen, the signal above cannot be digitally represented now, because its amplitude 
is lower than the minimum required to occupy one LSB. 
This phenomenon of seismic signal masking in the presence of noise caused by the action of 
I.F.P. may be prevented by the following actions: 
 
• Avoiding the use of an I.F.P. A fixed amplifier could be used, but considering the wide 

dynamic range of the seismic signal (signals could be reduced or amplified to the point of 
being digitally lost.) 

• If we do not use amplifiers at all, we could increase the converter’s dynamic range to 
preserve the total dynamic range. With 24 bits the A/D theoretical dynamic range would 
be: 138 dB (about 8 million times). The instrument internal noise could occupy a great 
proportion of the A/D less significant bits. 

• We should decrease the internal noise of the stage previous to the A/D (and the new A/D) 
so that the seismic signal can occupy the greater dynamic range possible (By using the 
Sigma-Delta Converter the effective dynamic range obtained is of 120 dB). 

 



Below we will see how the 24 bits Sigma Delta Converter meets almost all the needs 
mentioned. 
    
Anti-Alias Filter vs. Sample Rate
 
            We have all heard about the “Sampling Theorem” and the famous “Nyquist 
Frequency”. They represent the elementary law in the information theory that 
telecommunications engineers know quite well. 
 It states:  “The sampling frequency of a signal must be at least twice the signal frequency in 
order to recover the sampled signal”. 
The same theorem is applied to the spatial sampling produced by the physical arrangement of 
seismic receptors (Geophone Array). 
Figure 2 shows a sine signal of 10 milliseconds of period (f = 100 Hz). According to the 
sampling theorem, only two samples per period are enough to meet the theorem’s 
specifications (sampling time: each 5 milliseconds). 
 

    
          
 
Figure 2; Sinusoidal signal (Ts = 10 msec.) Sampling every 2 milliseconds 
 
However, as only one sampling rate is applied (by the way) to the entire seismic spectrum 
received, we should adopt a rate that satisfies the shortest acquisition period. Sampling at a rate 
of 2 msec., the shortest period would be:   T = 4 msec 
 
     As: 1 / T = Frequency     
Then: 

         Nyquist Frequency = 1 / 4 msec. =  250 Hz . 
 



 
Another useful way to interpret this law is the following:  Let us suppose we have a seismic 
signal spectrum included within the following band:  Minimum Frequency “fi” and certain 
maximum frequency:  “ff”. When sampling the signals contained within this frequencies band 
with a ”Fm” frequency, “Lateral Bands” are generated at both “Fs” sides, due to the nonlinear 
process generated in sampling.  The extreme frequencies of these bands will be: 
  

Fm - Ff:   Lower Lateral Band extreme 
 Fm + Ff:   Upper Lateral Band extreme                          
  
                                                               

 
 
  Figure 3: Sampled Signal Spectrum at a “fm” frequency 
 
In Figure 3 we observe how a spectrum (Fi-Ft) is transferred around the Fm sampling 
frequency. If the spectrum is maintained within certain limits, it does not produce aliasing with 
the lateral bands.  
The “no-aliasing” limit is reached when:  

  Ff = Fm – Ff 
Where:    Ff = Fm / 2 = Nyquist Frequency 
 
To avoid aliasing between the original spectrum and the lower lateral band, the maximum 
frequency to be sampled should not exceed the Nyquist Frequency (Fn) (It should not exceed 
half the Sampling Frequency). 
For a sampling of:     T= 2msec. 
The sampling frequency is:           Fm = 1 / T = 500 Hz. 



 
Therefore, the maximum frequency admitted will be: 
   Fnyquist = Fm / 2 = 250Hz. 
    
With this interpretation we reach the same results as those obtained with the Sampling 
Theorem. 
But we cannot practically adopt the Nyquist frequency as “Cutoff Frequency”. In order to 
separate the original spectrum of the lower lateral band from the probable filter, we should 
have a Hi-Cut Filter of infinite slope. 
                           
As we can see in Figure 3, in order to separate overlapping figures (in red), we should 
vertically cut from “fmax=Fm-fmax” (i.e.,:  “Infinite Filter Slope” = X dB / 0 Octaves). No 
filter, and much less the analog ones, approximate this ideal filter, so we have to take an 
additional margin to avoid reaching the Nyquist frequency in our seismic spectrum. With the 
analog filters it is necessary to increase the separation band by “one octave” in order to avoid 
introducing aliasing frequencies, considering the filter’s physical features. 
For an analog filter:  
       Maximum Allowable Frequency = Fnyquist / 2 
For T = 2msec:  
       Maximum Allowable Frequency = 250 Hz. / 2  = 125 Hz. 
 
Therefore, in a conventional system sampling at 2 milliseconds with a conventional A/D 
Converter we should apply a 125 Hz. Anti-Alias Filter before the sampling stage. 
 
The Sigma-Delta Converter includes a first stage where it shows the information at a Fm=256 
KHz frequency and, therefore, the maximum frequency allowed is:  
    Maximum Allowable Frequency = 64 KHz. 
It is evident that in this case we are far from the seismic frequencies expected and, therefore, 
by using a simple RC active filter we can reject frequencies over 1 KHz, thus simplifying the 
quantity of circuits and avoiding electrical noise stages. The digital filtering of the seismic 
signal (Lo-Cut, Hi-Cut and Notch Filters) takes place in a second stage of the A/D Sigma-Delta 
where the digital slopes are higher and, therefore,  we may admit frequencies closer to Nyquist 
(the I/O II System admits up to ¾ Nyquist F). 
 
System Noise – A/D Conversion Noise       
 
We will now discuss the treatment of noises not generated by the seismic source. These are 
electrical noises generated in the acquisition system (System Noise).  
One of the main advantages of the Sigma-Delta Converter is that it makes the conversion noise 
almost insignificant.  
      
An analog signal is sampled and each sample is converted into a number (digit means “finger” 
or number). In order to convert an analog sample to digital it is necessary to compare it with 
discrete values of analog voltages, depending on the quantity of “bits” in the A/D converter. 
This process is called “Quantization”. 
 



 
Figure 4: Conventional 15 bits A/D Conversion Basic Diagram 

 
Amplitude quantification contributes to the generation of white noise in the system. As 
quantification values are discrete, there is an uncertainty zone between two adjacent levels of 
comparison. An analog sample will be contained between two comparison voltage values, and 
the difference in voltages between such values is an “LSB” (LSB:  less significant bit). 
We may say that the uncertainty zone is extended between -1/2 LSB and + 1/2 LSB and any 
analog voltage within this bandwidth will be represented by a unique conversion value (which 
will be one, the center).  As a result, the converted value will have a “Quantization Error”. 
                                                                        
                                                           Probable Density 
 
 
 
                                                                               1 LSB 
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Figure 5: “Uncertainty Zone” in the conversion process 

 
In the frequency domain, this error is considered “white noise”, i.e., an infinite spectrum noise 
of equivalent amplitude generated during the A/D conversion. The spectrum amplitude is 
directly proportional to the quantity of bits applied in quantization and inversely proportional 
to the sampling frequency. 
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Figure 6: Quantization Spectral Content 
 
 
Figure 6 shows that the white noise spectrum amplitude is higher as the quantity of “K” bits 
applied increases, and is lower as the “Fm” sampling frequency increases. 
For a conventional A/D Converter (15 bits; LSB = 0.6 mV) that receives samples at 2 msec., 
the amplitude will be:  
 
Spectrum amplitude:  15 x 0.6 mV  =  18 micro-Volts   
    500 Hz                 

 
On the other hand, the Sigma-Delta Converter uses only one bit for initial quantization and its 
initial sampling frequency is very high (256 KHz). Therefore:  
 
                              
Spectrum amplitude:  1 x 2.5 microV = 10 pico-Volts 
   256,000 Hz                 
 
In order to have a graphical idea of the above, let’s suppose that we have a fixed frequency 
signal “Fo” sampled at a frequency “Fm”.  
 
The converter adds the white noise amplitude to the signal spectrum “Fo” as shown in Figure 
7. 
 
        Amplitude                                                                 Amplitude 
          [dB]                                                                           [dB]                                                  
 
 
 
 
 
                  
                  Fo            Fm/2       Frequency [Hz.]                           Fo  Fm/2         
               
Figure 7a: A/D Converter Input Spectrum         Figure 7b: A/D Converter Output Spectrum 
 



If after using the A/D converter we apply a High Cut Digital Filter of cutoff frequency “Fb” 
(Fb < Fm/2), we would eliminate the white noise frequencies and the “Fm/2 sampling 
frequency that are beyond the “Fb”.  
Figure 8 show that the bandwidth continues having a noise of constant amplitude.    
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Figura 8: Bandwidth after Cut-off Frequency “Fb” Hi-Cut Filter 

                                                                    
 
Later we will see that quantization noise decreases in the Sigma-Delta Converter within the 
seismic bandwidth due to a process called “Shaping Filter”.  The “shaping” action of the filter 
allows displacing the noise energy out of the area of our seismic spectrum, although the 
average noise energy is similar to that of traditional converters. Therefore, the noise will be 
practically disappeared in our band of interest.    
 
Sigma-Delta Converter Operation 
 
 The Sigma-Delta Converter converts the analog signal to a digital low resolution signal 
(1 bit) at a very high sampling frequency (256 KHz). 
Using oversampling techniques (subsequent successive sampling) and digital filtering, the final 
sampling is reduced (1 KHz, 500 Hz, etc.) and resolution increased (24 bits). 
We may identify two different stages in the conversion process using the Sigma-Delta 
Converter: 

a) Sigma-Delta Modulator 
b) Digital Filtering (Decimation Filters) 
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Figure 9: Sigma-Delta Converter Block Diagram 



 
a) Sigma-Delta Modulator 

 
The modulator performs the noise shaping function mentioned. 
Figure 10 shows the Modulator Block Diagram. 
Figure 11 illustrates the different signals produced in the different modulator stages for a 
given analog input signal. 
[A]: Analog Input Signal 
[B]: Summing Junction Output Signal, addition of the Analog Signal and the Reference 
Signals 
[C]: Signal at the Comparator’s Inverter Input 
[D]: Signal at the Modulator Output (output bit) 
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  Figure 10: Modulator Block Diagram 
 
The next figures describe the basic operation of the modulator:  
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• An analog signal “A” is present at the modulator’s input with three different voltage 
levels (+5, 0 and 7.5 volts, respectively). 

• The “A” signal is added in the First Stage of the Modulator to one (of two) Reference 
Voltages (+/-Vref = +/- 10 Volts). 

• The signal “B”  = “A” + “Vref”.  Signal “B”, modifies the charge of the Integrator 
made up by Resistance R and Condenser C 

• Signal “C” corresponds to Voltage on the integrator Capacitor C. 
• Signal “C” is applied to the negative input of a Comparator Circuit. Such comparator 

compares “C” Voltage to “Zero Volts”. The Comparator Input/Output relationship will 
be: 

Comparator Input  Comparator Output
Signal “C” > 0 Volts    0 Volts 
Signal “C” < 0 Volts   5 Volts  



• The Comparator output (that now represents digital voltages) is applied to a “D-
Flip/Flop” input that is “clocked” by a 256 HKz clock. Output “-Q” is the inverted 
copy of “Input D” at the time of reception of a “Positive Pulse” on the clock input 
“CK” in the D-Flip/Flop. 
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Figure 11: Example of Modulator Operation 
 
                  
• Signal “D” is the only initial bit that represents the analog signal proposed. Note that 

such is the “-Q” Flip/Flop output. 
• Also, signal “D” is used as modulator feedback to exit to a D/A Converter that will 

operate as switch between the two Reference Voltages (+/- Vref.). 
 
Figure 12 shows the Modulator Output for a “Sinusoidal” type input signal. The density of 
bits in logic state “1” (+5 Volts) is higher in the sinusoid positive peaks. On the other 
hand, the density of bits in logic state “0” (-5 Volts) is higher in the sinusoid negative 
peaks. The minimum bit density (both logic states) is obtained in the zero crossing of the 
sine wave. 
 
In summary: “The Analog Signal has been converted to Digital through a density 
variation in the logic states “0” and “1” (bits stream)”.  
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Figure 12: Modulator output for a sinusoidal type signal 

                                                  
 
The Modulator’s Noise Shaping Function 
 
 As previously discussed, the modulator is also responsible for the noise shaping 
function. In order to make the corresponding analysis we will pass on to the “frequency 
domain”, where the white noise is represented by an amplitude level that is constant for all 
frequencies. Thus, instead of applying differential equations that would delay the 
conclusion desired, we will use elementary algebraic formulas. To that aim, the Sigma-
Delta Modulator block diagram (see Figure 10) will be replaced in the frequency domain 
with a linearized model. 
 
 X                                                                                                                                 Y 
          +                   (x – y)                    (x – y).(1 / f)          (x – y). (g / f)                 
                                                                                          
 
                -      
                                                                                                        q 
 
 
 
 

Figure 13: Modulator Linearized Model 
 
Figure 13 shows that the Output Y(f) signal is subtracted from the Input X(f) signal.  
The integrator (or low pass filter) “transfer function” is inversely proportional to the (1 / f) 
frequency. Although the advantage of the Sigma-Delta Modulator performance is the 
design of the integrator, we will simplify its transfer function as follows: “1 / f”. 
The Modulator Quantizer is represented by the Gain Stage “g”, followed by the addition 
of the Quantization Noise “q”. For further simplification, let’s suppose that gain is “g=1”. 
 
The equation would be: 
 
   Y = (x – y) . (g / f) + q 

 H (f)
Analog 
Filter 

g



   y = (x – y) + q   =  x  -  y  +  q      
                                               f                   f      f  
 
   y . (1 + 1 / f)      =  x / f  + q 
 
   y =     x / f     +        q        =   
          (1 + 1/f)     (1 + 1/f) 
    
   y =        x         +      q . f 
                                             (f + 1)           (f + 1)    
 
                                                       
1. If  frequency   f                0   then :       y           x   

  
“For f=0  output “Y” is equal to input “X”, thus disappearing Noise “q””. 

 
2. If frequency   f          infinite, then:      y            q 

 
“In very high frequencies, the Output “y” will contain only Noise”. 

 
From the above it may be derived that the modulator appears to be a low pass filter for the input 
signal “X” and a high pass filter for Noise “q”.  The reason for this is that signal “X” is introduced 
at the modulator input, but noise “q” is introduced just before the feedback loop.  
In summary, the modulator’s analog filter behaves as a “Noise Shaping Filter”, where the noise is 
attenuated in the seismic signal bandwidth and pushed out to the higher frequencies. 
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Figure 14: Noise shaping action (Shaping Filter) 

 
Figure 14 shows the noise shaping action in relation to the complexity of the filter used. The 
Sigma-Delta Converter applies fourth order filters to obtain a greater noise shaping in a way that 
the low pass digital filter of cut-off frequency “Fb” may cancel the greatest quantity of noise 
components. 



 
b) Digital Filtering (Second Stage of the Converter) 
 
As shown in Figures 11 and 12, the modulator “Y” output is practically unintelligible.  Therefore, 
in order to clarify it we will:  
• Obtain 1 bit sampling averages so as to produce higher resolution data (Averaging). 
• Filter the quantization and noise shaping frequencies. As sampling will be afterwards reduced 

to reach conventional values (1, 2 or 4 milliseconds) we should apply an anti-alias filter (low 
pass = high-cut) of “Fb” cut-off frequency (Figure 12). As filtering is now digital, “Fb” can 
come closer to the Nyquist frequency ( up to ¾ Fnyq). Also generally we can choose the anti-
alias filter characteristic: it may be of “Minimum Phase” or of “Linear Phase”. 
(Filtering with Quantization Noise Removal) 

• Reduction of the sampling frequency (Decimation).  
 
Figure 15 is a block diagram of the Sigma-Delta Converter second stage (Digital Filtering).  As 
shown, each stage corresponds to each of the described requirements (Averaging, Filtering and 
Decimation). 
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Figura 15, Sigma-Delta Converter Second Stage 
 
 
Etapa 1:Averaging 
 
 In the I/O System II this stage is physically included within the same chip that contains the 
modulator. Each telemetry box includes one modulator for each seismic channel.  
The stage consists of arranging 12 bits of the bit stream that enter in series at a rate of 256 KHZ and 
then exit in parallel at a rate of 32 KHz.   
 
Stages 2 and 3: Filtering & Decimation:
 
These stages take place in the I/O system II by means of two DSPs (Digital Signal Processors) 
arranged to combine filtering and decimation functions. These stages are common for all channels 
in a telemetry box.  
Figure 16 shows the decimation corresponding to a discrete signal, where the output signal “y(n)” 
has a sampling rate eight times lower than the “x(n)” input.  This situation may be represented by 
the following equation: 
 
    y(n) = x(n) . s(n) 
s(n): decimation rate  



 
The decimation and filtering functions may be combined. To understand this, Figure 17 illustrates 
the spectral result of the process, where: 
 
X(w): Input signal spectrum to the decimation filter (modulator output) 
H(w): Transfer function spectrum 
Y(w): Output signal spectrum 
          
As mentioned, the sampling reduction also requires bandwidth restrictions in order to limit the 
maximum frequency to 1/2 or ¾ of Nyquist values. 
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Figure 16, Data Rate Reduction (Decimation) 
 
 
The transfer function H(w) determines the digital filter coefficients. Such coefficients may be 
selected to design any type of filters. The design will be governed by the following general 
equation:  
 
      N-1                            M 
  y(n) =             a(j) . x(n-j)  -             b(k) . y(n-k) 
      j=0                             k=1            
 
 
        Feedback 
 



Terms “a(j)” and “b(k)” are the coefficients that determine the Transfer Function H(w). If, in the 
equation above, the term corresponding to feedback is “zero”, the filter is called “Finite Impulsive 
Response Filter” (FIR). 
If the term expressing feedback is other than zero, the filter is an “Infinite Impulsive Response 
Filter” (IIR). 
In the filtering stage of the Sigma-Delta A/D Converter (DSP #2), the I/O System II seismograph 
applies one FIR filter and three IIR filters. 
 
The infinite response filters (IIR) have a better performance with less mathematical calculations due 
to their feedback features.  Such filters also allow a efficient generation of synthesized functions. 
However, they are technically more difficult to implement, to operate in a stable manner and with 
an accurate response control. 
 
  X(w) 
  Input 
  Signal  
  Spectrum   
 
 
                                                                                        ws/2                                             ws     
  H(w)                                                                                            (Original Sample Rate) 
 Transfer 
 Function                         New Sampling Rate 
 
 
 
 
           ws/16   ws/8                                                                                  ws 

            Y(w) 
    Output  
    Signal 
               Spectrum 
 
 
                                                   ws/16                                                                                                                ws                                  
 

Figure 17, Decimation Filter Spectral Interpretation  
  
The topics examined thus far to understand the operation of Sigma-Delta A/D Converters may be 
applied to Sigma-Delta D/A Converters just reversing the sequential order of the stages. 
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