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Pulse Processing For Gamma Ray Spectroscopy 

 

 

The nucleus is one of unique laboratory in nature which reveals an intriguing blend of 

diverse phenomena and their inter-play. At times it manifests itself as a few body 

system dominated by single particle behavior, while at times it surprises us with a 

collective behavior originating from a coherent and correlated poise.   

 

However, these features are revealed only when we subject this system of strongly 

interacting nucleons to some external stimulus, and we study the detailed response of 

the nucleus to the imposed stimulus.  One such stimulus is imparting the system with 

considerable angular momentum i.e creating rapidly rotating or dizzy nuclei.  

 

 The response of the nucleus is typically in the form of radiation either particulate or 

electro-magnetic, which carry the signatures of the response of the nucleus, and whose 

detailed investigation helps us unravel the mysteries of this unique system of nucleons.  

 

All excited states (states having excess of energy and angular momentum) of a nucleus 

decay to a lower excited states and finally to the ground state (the state with lowest 

energy) with the emission of electro-magnetic radiation known as “gamma-rays” or 

“photons”. Since the gamma decay has as it’s underlying force, the Electromagnetic 

force, which cannot cause a change in quarks, as the nucleus which proceeds through 

gamma-decay the constituents of the nucleus (𝑁, 𝑍) do not change. 

 

 
Beta - decay of 60Co ⇢ 60Ni* (excited state), which decays to the ground state by 

emission of a cascade (simultaneous) of gamma rays with 𝐸𝛾 =

  1173 & 1332 𝑘𝑒𝑉. 
 

 



We know that, the energy of the gamma ray is given by  

 

𝐸𝛾 =  
ℎ𝑐

𝜆
 

𝜆 =  
ℎ𝑐

𝐸𝛾
 

 

Hence, if we are to assume a 𝐸𝛾 = 439 𝑘𝑒𝑉, in 69Zn nucleus, then 

 

 𝜆 =  
[6.6 × 10−34]  × [3 ×  108]

[439 ×  103] × [1.6 × 10−19]
= 2.8 × 10−12 𝑚 

 

Now, we know that the radius of the nucleus is  

𝑅 = 1.2  × (𝐴)
1

3⁄  𝑓𝑚  
 

Hence, for the 69Zn nucleus we have  

 

𝑅 = 1.2 × (69)
1

3⁄   ×  10−15 𝑚 = 4.1 × 10−15 𝑚 
 

∴  
𝜆

2𝑅 
=  

2.8 ×  10−12

2 ×  4.1 × 10−15
= 270 

 

Hence, the nuclear dimensions are much smaller than the wavelength of the gamma ray 

and hence, the gamma rays cannot probe the internal structure of the nucleus.  Further, 

we know that the momentum of the gamma ray (𝑝𝛾) is related to its energy (𝐸𝛾) as, 

 

𝑝𝛾 =
𝐸𝛾

𝑐
 

 

 

We know that the nucleus de-excites from a higher excitation level to a lower excitation 

level, and this process should obey all the conservation laws. Let us denote the 

excitation energy of the initial and final levels as 𝐸𝑖 , & 𝐸𝑓 , respectively, and 𝐸𝛾 is the 

gamma ray energy, then the conservation laws demands that  

 

𝐸𝑖 − 𝐸𝑓 = ∆𝐸 =   𝐸𝛾 +  𝑇𝑑 

 

where 𝑇𝑑 is the momentum of the daughter state, and the daughter state and the gamma 

ray would have identical momentum in the opposite direction, since the nucleus was 

initially at rest prior to this emission.  

 

  𝑝𝑑 ̅̅ ̅̅ =  −𝑝𝛾 ̅̅ ̅̅   

 

Now, the recoil energy of the daughter state is 

 

𝑇𝑑 =
𝑝𝑑

2

2 × 𝑀𝑑
=  

𝑝𝛾
2

2 ×  𝑀𝑑
=   

𝐸𝛾
2

2 × 𝑀𝑑 × 𝑐2
 

 



𝐸𝑖 −  𝐸𝑓 = ∆𝐸 =   𝐸𝛾 +
𝐸𝛾

2

2 × 𝑀𝑑 × 𝑐2
  

 

Hence, for 𝐴 = 50 𝑢, & 𝐸𝛾 = 2 𝑀𝑒𝑉,  
 

 

𝑇𝑑 =  
2 ×  2

2 × 50 × 931
= 4 ×  10−5 𝑀𝑒𝑉 = 4 × 10−5  ×  106 = 40 𝑒𝑉 

 

Which is negligible, and hence,  

 

𝐸𝑖 −  𝐸𝑓 = ∆𝐸~  𝐸𝛾 

 

Therefore, when a nucleus de-excites to a lower energy state, by the emission of a 

gamma-ray, the energy of the gamma ray equals the difference in the excitation energies 

of the two levels. 

 

 
Schematic of the gamma decay between two levels 

 

 

Gamma ray spectroscopy, refers to the analytical study of gamma rays with emphasis 

on the detailed measurements of the various properties / characteristics of the gamma 

ray.  A discussion of the distinguishing / important characteristics of gamma rays which 

are of relevance in nuclear structure is beyond the scope of this manuscript. We shall 

restrict ourselves only to a very basic understanding of the electronic pulse processing 

carried out in a conventional radiation counting setup.  

 

For us to detect the emitted radiation, i.e to see the radiation, without “seeing” it, is 

possible only due to the fact that radiation interacts with the detector medium (material) 

and transfers it’s energy (either completely or partial), resulting in the formation of 

information carries which now encode the information about the incident radiation (it’s 

type, energy and relative time). 

 

Let us assume that we have a hypothetical detector on which certain radiation is 

incident.  The radiation undergoes interaction with the detector material and transfers 

it’s energy to the detector.  The interaction occurs in a very small time span and hence 

for all practical purpose the deposition of the incident energy is instantaneous.   Modern 

detectors are electrical in nature as somewhere along the point information regarding 

the incident radiation is transformed into electrical pulses. 



 

The detection of ionizing radiation in the end always percolates to detecting small 

electrical signals. The subsequent processing of these signals is driven by our 

requirement to extract meaningful information from these electronic pulses (An 

electronic pulse is defined as a time dependent brief surge of current or voltage which 

encodes the signature of the radiation).  The derivation process demands at times to 

change some of the characteristics of the pulse. Care has to be taken to ensure that this 

change does preserve the original information and any artefacts of the processing are 

to be minimized. 

 

 
Simple model for a detector  (picture taken from public domain) 

 

 

From the electronics point-of-view, a detector is a device which represents a large total 

resistance (impedance), where the net result of the radiation interaction is the 

appearance of a given amount of electric charge within the detector active volume Thus 

the charge appears within the detector at time t = 0 due to interaction of a single particle 

or quantum of radiation.  The next step is to collect the charge by applying an electric 

field.  The collection time is detector dependent, essentially the size and the physical 

configuration.  Suppose a charge Q is liberated during the passage of radiation thru the 

detector and the collection time is tc, then, assuming the moment of arrival of the 

radiation as the t =0, the detector produces a current between t=0 to t = tc, such that 


ct

dttIQ
0

)(

 
 

Now, this charge 𝑄, depends on the energy of the incident radiation 𝐸𝑥, and it finally 

makes it appearance as the electrical pulse, whose voltage 𝑉, is proportional to the 

created charge 𝑄 → 𝐸𝑥. 
 

Assuming that the interaction of radiation has resulted in the creation of charge 𝑄 

within the detector, and the collection of this charge results in a current signal I(t).  The 

detection rate is dependent on both the incident radiation as well as the detector 

properties.  If the event rate is not sufficiently high, then each detection event can be 

well separated and analyzed.  This helps us preserve information regarding the energy 

and timing of the incident radiation.   This is referred to as the “pulse mode” of 

operation. 



We shall refer to “pulse processing”, as the sequence of operations (electronic) to be 

performed on the electrical pulse from the detector, so as to extract information about :  

 

 The energy deposited by the incident radiation, in the detector following its 

interaction, which constitutes the bulk of our spectroscopic measurements. 

 

 The time of occurrence of the interaction with respect to a reference time. 

 

 The position within the detector where the interaction occurred. 

 

All these measurements are the crucial blocks for any spectroscopic measurement. A 

representative setup depicting the basic building blocks of a radiation detection system 

is presented in the figure below : 

 

 

 
 

 

 The detector is responsible for converting the incident radiation into a 

proportional and measureable electrical signal. 

 

 The pre-amplifier (which at times is an integral component of the detector) is 

essentially a cable driver, to facilitate the transmission of the signal over a 

coaxial cable, over a substantial distance for processing and or monitoring, 

besides providing the impedance matching from the high output impedance of 

the detector to the low input impedance of the counting electronics. 

 

 The shaping amplifier provides the selective amplification of the signal to 

enhance the signal-to-noise ratio. 



 

 The oscilloscope represents the modern day Data Acquisition system. 

 

 

Let us walk into a Nuclear Physics laboratory, and setup a simple counting system 

comprising of the components enumerated above. Let us try to understand the 

characteristic pulses generated by these fundamental building blocks : 

 

Pre-amplifier : 

 

As mentioned earlier the output of the pre-amplifier is a pulse whose voltage is 

proportional to the energy of the incident energy, via the charge that has been created 

in the detector, resulting in a current 𝑖𝑑, such that 

 

𝑉𝑜(𝑡)  ∝ 𝑄(𝑡) =  ∫ 𝑖𝑑 
𝑡

𝑜

𝑑𝑡 

  

 

Marrone and co-workers [NIM A, 490, (2002) 299-307] have provided and analytical 

functional form for the voltage pulses after the preamplifier from a liquid scintillator 

detector, which is  

 

𝑉(𝑡) = 𝐴(𝑒−(𝑡−𝑡0)/𝜃 −  𝑒−(𝑡−𝑡0)/𝜆𝑠) + 𝐵(𝑒−(𝑡−𝑡0)/𝜃 − 𝑒−(𝑡−𝑡0)/𝜆𝑙) 

 

The constants 𝐴 & 𝐵 are normalization constants which are related (proportional) to the 

incident energy ; 𝜃, refers to the decay constant before the pore-amplifier which is 

related to the scintillator light decay time 𝑡𝑑  ;  𝜆𝑠, refers to the decay constant of the pre-

amplifier ; 𝑡𝑜is the pulse occurrence time.  

 

The parameters of importance to characterize the pulses from EJ-301 liquid scintillator 

are 

 

Radiation A B 𝜃 𝜆𝑠 𝜆𝑙 𝑡0 

Gamma 10.53 0.0166 4.368 3.482 11.52 0.3311 

Neutron 11.32 0.0166 4.317 3.537 38.14 0.28644 

 

Using these values in the above analytical expression (also referred to as the Marrone 

model), it is possible for us to simulate the pre-amplifier pulses from a scintillator 

detector. 

 

The OCTAVE code to achieve this is detailed below 

 

t=0:0.00001:70; 

A=10.530; 

B=0.0166; 

c=0.331; 

d=4.368; 

e=3.482; 

f=11.520; 



x=(A*exp(-(t-c)/d)-A*exp(-(t-c)/e)+A*B*exp(-(t-c)/f)); 

y = -x; 

figure(1); 

plot(t,x, 'linewidth', 1.5); 

title('Simulated Scintillator Pulse'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

figure(2); 

plot(t,y, 'linewidth', 1.5); 

title('Simulated Scintillator Pulse After Inversion'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([-1,30,-1.2,0]); 

  
Octave code and results for simulation of pre-amplifier pulses from an organic 

liquid scintillator 

 

Using the parameters detailed by Marrone et al. for gamma rays and neutrons in the 

code described below, we find a distinct difference in the shape of the pre-amplifier 

pulses, which is of relevance in Pulse Shape Discrimination (PSD) to identify the type 

of the incident radiation. 

 

t=0:0.0001:70; 

Ag=10.530; 

Bg=0.0166; 

cg=0.331; 

dg=4.368; 

eg=3.482; 

fg=11.520; 

An=11.32; 

Bn=0.0166; 

cn=0.2864; 

dn=4.317; 

en=3.537; 

fn=38.14; 

xg=(Ag*exp(-(t-cg)/dg)-Ag*exp(-(t-cg)/eg)+Ag*Bg*exp(-(t-cg)/fg)); 

xn=(An*exp(-(t-cn)/dn)-An*exp(-(t-cn)/en)+An*Bn*exp(-(t-cn)/fn)); 

yg = -xg; 



yn = -xg; 

plot(t,xg, "color", "red"); 

legend("gamma"); 

hold on; 

plot(t,xn, "color", "blue"); 

 
Octave code and results to simulate the neutron(blue) and gamma (red) ray pulses 

from a EJ-301 liquid scintillator. 

 

The reported pre-amplifier pulses from a NE213 or BC-529 scintillators are presented 

below, which validate our simulation    

 

 
Pre-amplifier output from NE213 scintillator detector 

 

Guo et al. [NIM A, 544 (2005) 668-678], have demonstrated that for inorganic 

scintillators the above analytical expression may be truncated to a two component 

exponential model, to characterize the voltage pulses after the preamplifier as, 

 

𝑉(𝑡) = 𝐴(𝑒−(𝑡−𝑡0)/𝜃 −  𝑒−(𝑡−𝑡0)/𝜆𝑠) 

 



As detailed by them, the parameters of relevance for LSO and NaI(Tl) are 𝜃 =
74 𝑛𝑠 & 499 𝑛𝑠 ;  𝜆𝑠 = 41.940 𝜇𝑠 & 49.005 𝜇𝑠, respectively. 

 

We know that superimposed on the signal we have “inherent” noise, and its mean value 

is zero. We usually consider “white noise” i.e noise which has a flat spectral density. 

Hence, white noise is a random signal having equal intensity at different frequencies.  

 

We can construct such noise in Octave using the following code  

 

close all; 

clear all; 

clc 

L=500; 

t=0:500; 

mu=0; 

sigma=1; 

X = sigma+randn(L,1)+mu; 

figure(1); 

plot (X); 

title('White noise using randn()'); 

% 

y = wgn(500,1,1); 

figure(2); 

plot(y); 

title('White noise using in-built function');                                          

  
Octave code and results for simulation of white noise The first panel indicates the 

output without using the in-built function for creating noise. 

  

The in-built function y = wgn(m,n,p) generates an m-by-n matrix of white Gaussian 

noise and p specifies the power of y in decibels relative to a watt.  

 

Thus the output from the preamplifier is a superposition of the actual signal and a white 

noise. The following code simulates the preamplifier signal after superposition of the 

white noise. We can adjust the amount of noise, using the third argument to the wgn 

function. 

 

The octave code and the results are presented in the figure below : 

 



t=0:70; 

A=10.530; 

B=0.0166; 

c=0.331; 

d=4.368; 

e=3.482; 

f=11.520; 

% 

x=(A*exp(-(t-c)/d)-A*exp(-(t-

c)/e)+A*B*exp(-(t-c)/f)); 

y = x; 

% 

y_noise = awgn(x,40); 

% 

figure(1); 

plot(t,y, 'linewidth', 1.5); 

title('Original pre-amplifier pulse'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

figure(2); 

plot(t,y_noise, 'linewidth', 1.5); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

figure(3); 

plot(t,(y_noise-y), 'linewidth', 1.5); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

 

   

Octave code to simulate the pre-amplifier pulse and add white noise to it. 

 

Thus the output from the detector, usually derived from the pre-amplifier is a pulse with 

a sharp rise time, and a considerable long decay time, with noise super imposed on it. 

The amplitude of the pulse is typically a few 100s of milli-Volt for a 1 MeV incident 

radiation, with the noise also being on the order of 10’s of milli-Volt. 

 

 

Shaping amplifier 

 

The second stage of the processing unit, which is the spectroscopy amplifier as its name 

suggests, sufficiently amplifies the signal for subsequent processing, which 

circumvents the need to utilize ultra-low noise electronics. The Signal-to-Noise (SNR) 

for the pre-amplifier signal is nearly unity, as both noise & the signal have 

approximately similar order of magnitudes, i.e 

 

𝑆𝑁𝑅 𝑝𝑟𝑒𝑎𝑚𝑝 =  
𝑎𝑚𝑝𝑙𝑖𝑡𝑢𝑑𝑒 𝑜𝑓 𝑠𝑖𝑛𝑔𝑎𝑙 

𝑎𝑚𝑝𝑙𝑖𝑡𝑢𝑑𝑒 𝑜𝑓 𝑛𝑜𝑖𝑠𝑒
=  

𝑚𝑖𝑙𝑙𝑖 − 𝑣𝑜𝑙𝑡

𝑚𝑖𝑙𝑙𝑖 − 𝑣𝑜𝑙𝑡
 ~ 1 

 

Hence, if we were to amplify this signal, then both noise as well as the signal would get 

amplified by the same amount, resulting in masking off the low amplitude genuine 

signals. Thus the primary objective of the spectroscopy amplifier is to selectively 

amplify the signal while suppressing noise, thereby substantially improving the SNR. 

Typically, the amplified signal is of the order of Volt, whereas the noise is around tens 

of milli-volt, thus 

  



𝑆𝑁𝑅 𝑎𝑚𝑝 =  
𝑎𝑚𝑝𝑙𝑖𝑡𝑢𝑑𝑒 𝑜𝑓 𝑠𝑖𝑛𝑔𝑎𝑙 

𝑎𝑚𝑝𝑙𝑖𝑡𝑢𝑑𝑒 𝑜𝑓 𝑛𝑜𝑖𝑠𝑒
=  

𝑣𝑜𝑙𝑡

𝑚𝑖𝑙𝑙𝑖 − 𝑣𝑜𝑙𝑡
 ~ 1000 

 

Since the pulses occur at random interval, they will overlap with each other (the 

subsequent pulse rides on the tail of the preceding pulse) thereby adversely affecting 

the amplitude (energy) determination.  The amplifier while suppressing the noise, 

“shapes” the pulses, so as to shorten the pulse duration thereby minimizing the overlap 

(pileup) probability.  

 

We know that noise, has all the frequency components (no preferential frequency 

component), and therefore when we view noise in the time domain, it appears as 

presented in the left panel of the figure below, while in the frequency domain, it will 

present itself as in the right panel.  

 

 

 

 

 

 

 

 

 

 

 

 

Noise as viewed in time (t) and frequency (f) domain 

 

Now we know that the mapping from the time to the frequency domain (which is 

beyond the purview of this manuscript) is achieved by obtaining the Fourier Transform.  

For example, if we were to attempt, a Fourier transform of noise signal, using the code 

presented below : 

Clear all; 

NFFT = 2048; 

Fs = 120; 

nVals = 0:NFFT-1; 

y = wgn(100,1,1); 

figure(1); 

plot(y); 

title('Time domain'); 

xlabel('time'); 

ylabel('A'); 

x = fft(y,NFFT);  

ax = abs(x); 

f = (0:NFFT-1)*Fs/NFFT; 

figure(2); 

plot(f,ax); 

title('Frequency domain'); 

xlabel('frequency'); 

ylabel('A'); 

Time 

 

amplitude 

frequency 

 

amplitude 



 

 

We use the inbuilt function fft (..) to compute the discrete Fourier transform using a 

Fast Fourier Transform (FFT) algorithm. This transformation enables us to map the 

time domain to the frequency domain. It is customary to have the fft in integers which 

are 2𝑛, viz. 256, 512, 1024, 2048. At times the FFT are symmetric and hence we use / 

display only one half of the output.  

 

As expected, we do not see the dominance of any particular frequency, with all 

frequency contributing in a near identical strength (magnitude). 

 

On the other hand, assuming the signal to be a pulse / step input, we find that the result 

of the Fourier Transform is dominated by a single frequency component, as expected. 

 

clear all; 

NFFT = 1024; 

Fs = 60; 

t=(-1:0.01:1); 

x = unitstep = t >0; 

figure(1); 

plot(t,x, 'linewidth', 1.5); 

title('Step Pulse in Time Domain'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([-1,1, 0,1.2]); 

nVals = 0:NFFT-1; 

x = fft(x,NFFT); 

x = x(1:NFFT/2); 

ax = abs(x); 

f = (0:NFFT/2-1)*Fs/NFFT; 

figure(2); 

plot(f,ax); 

title('Step Pulse in Frequency Domain'); 

 

  
Octave code to obtain the fast Fourier Transform of the noise signal. The y-axis is 

in arbitrary units. 



xlabel ('frequency'); 

ylabel ('amplitude'); 

 

  
Octave code and results to generate the FFT of a step input. 

 

 

Now if we were to attempt the FFT of a pre-amplifier signal, which we have simulated 

earlier using the code presented below : 

 
NFFT = 2048; 

Fs = 120; 

nVals = 0:NFFT-1; 

t=0:60; 

Ag=10.530; 

Bg=0.0166; 

cg=0.331; 

dg=4.368; 

eg=3.482; 

fg=11.520; 

An=11.32; 

Bn=0.0166; 

cn=0.2864; 

dn=4.317; 

en=3.537; 

fn=38.14; 

 

xg=(Ag*exp(-(t-cg)/dg)-Ag*exp(-(t-cg)/eg)+Ag*Bg*exp(-(t-

cg)/fg)); 

%xn=(An*exp(-(t-cn)/dn)-An*exp(-(t-cn)/en)+An*Bn*exp(-(t-

cn)/fn)); 

figure(1); 

plot(t,xg, "color", "red"); 

title('Signal in Time Domain'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

x = fft(xg,NFFT); 

x = x(1:NFFT/2); 

ax = abs(x); 

f = (0:NFFT/2-1)*Fs/NFFT; 

figure(2); 

plot(f,ax); 

title('Signal in Frequency Domain'); 

xlabel ('frequency'); 

ylabel ('amplitude'); 

 

  
Octave code and results to generate the FFT of a pre-amplifier signal. 



 

 

We find that since the pulse being unipolar, it has a DC component, which is reflected 

in the frequency spectrum extending to 0. Thus the noise and the signal spectra are 

distinct in the frequency domain, which helps identify and filter noise considerably, by 

using a frequency dependent system and tailoring the frequency response of system to 

optimize signal-to-noise ratio. However, original information regarding the incident 

radiation is preserved. 

 

The filtering of noise is achieved following the use of the conventional 𝑅𝐶, networks, 

which have a frequency dependent response (output). Let us summarize the response 

of a the basic 𝑅𝐶 (𝑙𝑜𝑤 − 𝑝𝑎𝑠𝑠) & 𝐶𝑅 (ℎ𝑖𝑔ℎ − 𝑝𝑎𝑠𝑠)  circuits.   

 

  
CR (high pass) filter RC (low pass) filter 

 

 

The 𝐶𝑅, circuit is also referred to as a Differentiator, and it allows the transmission of 

high frequency components without distortion, while attenuating the low frequency 

components.  Let us consider the response of the 𝐶𝑅, with, 𝜏 = 𝑅𝐶 whose output is 

given by 

 

𝑉𝑜 =  𝑉𝑖𝑒
−(𝑡

𝜏⁄ ) 
 

 
clear all; 

t=1:5000; 

for n=1:5000 

if n>2000 

x(n)=100; 

else 

x(n)=0; 

end 

if n<2000 

x(n)=0; 

end 

end 

figure(1); 

plot(t,x); 

 

title('Step Input'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([0,5000, 0,105]); 

tau=input('enter the time constant'); 

y=x(n)*exp(-t/tau); 

figure(2); 

plot(t,y, "color", "red"); 

title('Output of CR filter'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

hold on; 

tau=input('enter the time constant'); 

y=x(n)*exp(-t/tau); 

plot(t,y, "color", "blue"); 

 



  
Octave code and results to generate the output of  CR (high pass filter). The red line 

corresponds to 𝜏 =  1.6 𝜇𝑠 , while the blue lines is for 𝜏 =  0.8 𝜇𝑠 

 

 

As is evident from the output, the reduction in the shaping time has a bearing on the 

time taken by the pulse to practically attain a zero value. 

 

The 𝑅𝐶, circuit is also referred to as an Integrator, and it allows the transmission of low 

frequency components without distortion, while attenuating the high frequency 

components.  Let us consider the response of the 𝑅𝐶, with, 𝜏 = 𝑅𝐶 whose output is 

given by 

 

𝑉𝑜 =  
1

𝜏
∫ 𝑉𝑖 𝑑𝑡 

 

and for a step pulse as shown below ,it is 

 

𝑉𝑜 =  𝑉𝑖 [1 −  𝑒−(𝑡
𝜏⁄ )] 

 

 
clear all; 

t=1:5000; 

for n=1:5000 

if n>=1000 

x(n)=100; 

else 

x(n)=0; 

end 

if n<1000 

x(n)=0; 

end 

end 

figure(1); 

plot(t,x); 

title('Step Input'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([0,5000, 0,105]); 

tau1=input('enter the time constant for rc 

circuit'); 

y=x(n)*(1-exp(-t/tau1)); 

figure(2); xlabel ('time(ns)'); 

ylabel ('amplitude'); 

hold on; 

tau1=input('enter the time constant'); 

y=x(n)*(1-exp(-t/tau1)); 

plot(t,y, "color", "blue"); 

legend({"1.6microsecond", "0.800 

microsecond"}, "location", "east"); 

plot(t,y, "color", "red"); 

title('Output of RC filter'); 



  
Octave code and results to generate the output of  RC (low pass filter). 

 

 

Detailed and eloquent analysis for such circuits can be obtained from  

http: //ns.ph.liv.ac.uk/~ajb/ukgs_nis/pre-course-material/lec2-03.pdf 

  

One encounters a wide range of shaper circuits which aim to improve the signal to noise 

ratio of the pulse and amplify selectively the signal for subsequent detailed analysis. It 

has been emphasized that a Gaussian shaped response yields the best SNR [M. Konrad, 

“Detector pulse-shaping for high resolution spectroscopy,” IEEE Trans. Nuclear Sci., 

vol. 15, no. 1, pp. 268–282, 1968], but it poses practical limitations.  Hence a practical 

and feasible solution to this would be to use approximations for a Gaussian shape.  

 

The basic shaper could be conceived as a CR -RC network, as shown in the figure below 

: 

 

 
A CR-RC shaping network 

 

The intermediate buffer isolates the two filters.  The response of such a network, with 

𝜏1 & 𝜏2 as the time constants for the differentiator and integrators respectively, to a step 

voltage is 

 

𝑉𝑜 =  
𝑉𝑖  ×  𝜏1

𝜏1 − 𝜏2
 (𝑒

−𝑡
𝜏1⁄ − 𝑒

−𝑡
𝜏2⁄  ) 

 

 

Now, for 𝐶𝑅 − 𝑅𝐶  network with equal time constants  𝜏 , we have, 

 



𝑉𝑜 =  
𝑉𝑖  ×  𝑡

𝜏
 (𝑒

−𝑡
𝜏⁄  ) 

 

 

The response of this network is depicted in the figure below : 

 
clear all; 

t=1:5000; 

for n=1:5000 

if n>2000 

x(n)=100; 

else 

x(n)=0; 

end 

if n<2000 

x(n)=0; 

end 

end 

figure(1); 

plot(t,x); 

title('Step Input'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([0,5000, 0,105]); 

plot(t,x); 

tau1=input('enter the time constant for rc circuit'); 

temp = t/tau1 ; 

y=x(n).*(temp) .*(exp(-t/tau1)); 

figure(2); 

plot(t,y,"color", "red"); 

title('Output of CR-RC filter'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

hold on; 

tau1=input('enter the time constant'); 

temp = t/tau1 ; 

y=x(n).*(temp) .*(exp(-t/tau1)); 

plot(t,y, "color", "blue"); 

legend({"1.6microsecond", "0.800 microsecond"}, "location", 

"northeast"); 

 
Octave code for a CR-RC network and rersponse of the shepr circuit to a step input. 

 

A simple semi-Gaussian pulse shaper can be configured with on 𝐶𝑅 differentiator, with 

time constant 𝜏,  followed by 𝑛 𝑅𝐶, integrators, with same time constant. For such a 

𝐶𝑅 − (𝑅𝐶)𝑛 filter with same time constant 𝜏, we have  

 

𝑉𝑜 =   
𝑉𝑖

𝑛!
 {

𝑡

𝜏
}

𝑛

𝑒−𝑡
𝜏⁄  

 

The response for such a 𝐶𝑅 −  (𝑅𝐶)𝑛  shaper to a step response is presented in the 

figure below : 



 
t=1:8000; 

for l=1:8000 

if l>2000 

x(l)=100; 

else 

x(l)=0; 

end 

if l<2000 

x(l)=0; 

end 

end 

tau1=400; 

n=1; 

temp = (t/tau1).^n ; 

y=x(l).*(1/factorial(n)).*(temp) .*(exp(-t/tau1)); 

figure(1); 

plot(t,y,"color", "red"); 

title('Output of CR-n(RC) filter'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

hold on; 

% 

n=4; 

temp = (t/tau1).^n ; 

y=x(l).*(1/factorial(n)).*(temp) .*(exp(-t/tau1)); 

plot(t,y,"color", "blue"); 

hold on; 

% 

n=6; 

temp = (t/tau1).^n ; 

y=x(l).*(1/factorial(n)).*(temp) .*(exp(-t/tau1)); 

plot(t,y,"color", "green"); 

legend({"n=1", "n=4", "n=6"}, "location", "northeast"); 

 
Examples of shaper output for different 𝐶𝑅 − (𝑅𝐶)𝑛 filters with same time 

constants. 



 

As seen from the figure with 𝑛 = 4, we obtain a nearly Gaussian shaping. Increasing 

the order (𝑛) of the shaper we find that even though the output pulse tends more closer 

to the Gaussian shape, however it increases the base-to-base time, which has a direct 

bearing on the count rate handling capability of the system. 

 

When a detector pulse in used as the input, we find that as depicted in the figure below, 

with an increase in the order of the filter, as expected even though the pulse approaches 

a Gaussian shape, it’s base-to-base time does increase. 

 

 
 

 

Thus the shaper helps us shapes the pulse so as to optimize the signal to noise ratio and 

subjects it to suitable amplification for subsequent detailed analysis. 

 

The spectroscopy amplifier also does some more processing on the signal as shown 

below : 

 

 
View of the processing / busy time of the amplifier 

 



 

This is essential since the pre-amplifier shaping (resistive discharge) introduces an 

undershoot on the pulse.   

 

  
Undershoot on the amplifier Pole Zero Corrected signal 

 

If the subsequent pulse overrides on this undershoot, it will result in the detection of a 

erroneous amplitude.  This avoided by a technique known as “pole-zero cancellation”, 

which is beyond the scope of the present discussion.  The typical processing time for 

an amplifier is a few micro-seconds. Hence, it is quite possible that the second pulse 

arrives before the processing of the first pulse is over. This is referred to as Pile up 

reject.  The amplifier also provides us with a Pile-Up-reject signal, which can be used 

to avoid further processing of such signals. 

 

Following the amplifier we have the conventional Data Acquisition System which 

includes the ADC plus MCA blocks. 

 

 

 

 

Digital Signal Processing 
 

In the analog pulse shaping we have subjected the signal to filters which have a 

frequency dependent response.  Thus basically we have processed the signal to block 

certain frequencies while allowing the passage for certain frequencies. 

 

 

 
 

 

 

Thus a filter extracts relevant information while removing unwanted signals, where the 

selection is based on the frequency criteria. We have briefly discussed the role of 



Analog filters which rely on the use of components to achieve the frequency selection 

or rejection. 

 

The availability of fast and efficient computational resources has made it possible to 

perform the frequency selection in the digital domain, using numerical calculations on 

the appropriately sampled / recorded data.  Off-course, we need to digitize the input 

signal which has to be subjected to the desired frequency filtering.  The availability of 

fast sampling ADC’s have this an economical reality.  This process can be visualized 

as depicted below : 

 

 
Basic philosophy for Digital Signal processing 

 

Digital filter performs functions analogous to their Analog counterparts, expect that the 

operations being numerical, they are programmable and hence provide us with 

flexibility to fine tune and / or optimize the parameters without any change in the 

hardware.  

 

We shall concentrate on Recursive Digital Filters, which as the name suggests, rely 

on the past values 𝑦[𝑛 − 𝑖], to calculate the current values 𝑦[𝑛]. 
 

Suppose we have the detector pre-amplifier signal described as,  

𝑉 = 𝑥(𝑡), 

 

where 𝑡, is the time. Now we sample it, at time interval ℎ, such that the values obtained 

as  

  

𝑥0, 𝑥1, 𝑥3, 𝑥4, … … … . . 𝑥𝑛 
  

 which in turn are the inputs to the digital filter, which computes the values as 

 

𝑦, 𝑦1, 𝑦3, 𝑦4, … … … . . 𝑦𝑛 
 

such that the present value of 𝑦[𝑛] are given by the summation of all the input points 
∑ 𝑥[𝑛] appropriately scaled by a co-efficient 𝑎𝑛, to which we also add the previously 

calculated values of the output, ∑ 𝑦[𝑛 − 1], also scaled by a co-efficient 𝑏𝑛 viz. 

 

 



𝑦[𝑛] = 𝑎0𝑥[𝑛] + 𝑎1𝑥[𝑛 − 1] + 𝑎2𝑥[𝑛 − 2] + ⋯ 
   + 𝑏1𝑦[𝑛 − 1] + 𝑏2𝑦[𝑛 − 2] + ⋯ 

 

    
In the above formalism we do not find the value 𝑏0, since it corresponds to the value of 

the sample being calculated initially. This is referred to as the Recursive notation, since 

the output is calculated both on the input value as well as the previously calculated 

values. 

 

For example we can design a unity gain filter where, each output value 𝑦𝑛, is exactly 

the same as the corresponding input value 𝑥𝑛, viz. 

  

𝑦𝑛 =          𝑥𝑛 

𝑦0 =         𝑥 0 

𝑦1 =         𝑥 1 

 ……. etc 

 

Hence, the filter has no effect on the signal. 

 

We can also have a simple gain filter, where we apply a gain factor  𝐾 to each of the 

input value, viz. 

  

𝑦𝑛 =           𝑘 ∙  𝑥𝑛 

𝑦0 =          𝑘 ∙  𝑥 0 

𝑦1 =          𝑘 ∙  𝑥 1 

 ……. etc 

 

 

Hence, for positive value of 𝐾 we have an amplifier while for a negative value we have 

an attenuator. 

 

If we have a recursive filter s 

𝑦𝑛 =           𝑥𝑛 +  𝑦𝑛−1 

𝑦0 =          𝑥 0 +  𝑦−1  

𝑦1 =          𝑥 1 +  𝑦0 

 ……. etc 

  

 

We must bear in mind that 𝑦−1  is usually taken to be zero. Hence,  

 

𝑦0 =           𝑥0 +  𝑦−1 =  𝑥0 

𝑦1 =          𝑥 1 +  𝑦0  =  𝑥1 +  𝑥0 

𝑦2 =          𝑥 2 +  𝑦1 =  𝑥2 +  𝑥1 +  𝑥0 

 ……. etc  

   

 

 



Thus the current output equals the sum of current input and all the previous inputs.  The 

filter then integrates the input values and in a sense is analogous to the integrator circuit 

in the analog domain. 

 

Hence, in the domain of Digital Signal Processing, we have to make a faithful transition 

from continuous time signals (analog) to discrete (digital) signals. Thus it is of 

paramount importance to accurately store / digitize / record the signal.  This has a direct 

bearing on the sampling frequency,  how frequently the samples are taken.  

 

Nyquist sampling theorem states that the sampling frequency should be atleast twice 

that of the highest frequency contained in the signal.  This allows us to capture the 

variations in the signal. 

 

If we have a 1 Hz sine wave, then the sampling frequency has to be above 2 kHz, so as 

to have a faithful representation of the signal.  

 

 
Effect of Sampling (process of measuring the instantaneous values of continuous-

time signal in a discrete form) on the faithful representation of the signal 

 

For example if we were to sample the pre-amplifier signals at different rates, we 

observe that we are likely to miss out crucial information especially on the “rise time”, 

which has a direct relevance on the timing performance of the system. 
 

A=10.53; 

B=0.017; 

m=4.368*10^(-9); 

n=3.484*10^(-9); 

o=11.52*10^(-9); 



r=0.331*10^(-9); 

t=(0:0.5*10^(-9):30*10^(-9)); 

x= A*(exp(-(t-r)/m) - exp(-(t-r)/n) + B*exp(-(t-r)/o)); 

y = awgn(x,30, 'measured'); 

stem(t,y); 

title('Scintillator Signal Sampling With noise'); 

xlabel('time'); 

ylabel('amlitude'); 

hold on; 

t=(0:1.0*10^(-9):30*10^(-9)); 

x= A*(exp(-(t-r)/m) - exp(-(t-r)/n) + B*exp(-(t-r)/o)); 

y = awgn(x,30, 'measured'); 

y = y/2; 

stem(t,y,"r"); 

 

Effect of sampling on the faithful reproduction of the signal. 

 
 

 

Let us explore the world of Digital Signal Processing, by considering a few of the  

recursive algorithms. 

 

The first order Digital Integrator (Low-Pass), with time constant 𝜏 is thus defined 

as  

 

𝑦𝑛 =  𝑦𝑛−1 +  τ ∙  𝑥𝑛−1 
such that 

𝑦𝑛 =  𝑏1  ∙  𝑦𝑛−1 + 𝑎0 ∙  𝑥𝑛−1, 

 

where  

 

𝑏1 = 𝑧 & 𝑎𝑜 = 1 − 𝑧, 
 



where the quantity 𝑧, controls the voltage between two successive adjacent samples and 

hence is related to the time constant of the integrator, such that  

 

𝑧 =  𝑒−1/𝑅𝐶 
 

 

Similarly, we can implement a Digital Differentiator (High-Pass), with time constant 

𝜏 is thus defined as 

 

𝑦𝑛 =  𝑏1  ∙  𝑦𝑛−1 + 𝑎0 ∙  𝑥𝑛 +  𝑎1 ∙  𝑥𝑛−1   
 

 

where , 

𝑏1 = 𝑧 ;  𝑎0 =  
1 + 𝑧

2
 ;   𝑎1 =  − 

1 + 𝑧

2
 

 

 

 

 

The implementation of the Low-pass and High-pass filters in the Digital domain is 

presented in the figure below 

 

Digital Low pass Filter Digital High Pass Filter 
clear all; 

t=1:5000; 

y=1:5000; 

for n=1:5000 

if n>2000 

x(n)=100; 

else 

x(n)=0; 

end 

if n<2000 

x(n)=0; 

end 

end 

figure(1); 

plot(t,x); 

title('Step Input'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([0,5000, 0,105]); 

tau1=input('enter the time constant for rc 

circuit'); 

z = exp(-1/tau1); 

b1 = z; 

a0 = 1 -z ; for n=2:5000 

y(n) = a0 * x(n) + b1*y(n-1); 

end 

figure(2); 

plot(t,y, "color", "blue"); 

title('Reccursive Low Pass Filter'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

hold on; 

clear all; 

t=1:5000; 

y=1:5000; 

for n=1:5000 

if n>2000 

x(n)=100; 

else 

x(n)=0; 

end 

if n<2000 

x(n)=0; 

end 

end 

figure(1); 

plot(t,x); 

title('Step Input'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

axis([0,5000, 0,105]); 

tau1=input('enter the time constant for rc circuit'); 

z = exp(-1/tau1); 

b1 = z; 

a0 = (1+z)/2 ; 

a1 = -(1+z)/2 ; 

for n=2:5000 

y(n) = a0 * x(n) + a1*x(n-1) + b1*y(n-1); 

end 

figure(2); 

plot(t,y, "color", "red"); 

title('Reccursive High Pass Filter'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 



tau1=input('enter the time constant for rc 

circuit'); 

z = exp(-1/tau1); 

b1 = z; 

a0 = 1 -z ; 

for n=2:5000 

y(n) = a0 * x(n) + b1*y(n-1); 

end 

plot(t,y, "color", "red"); 

legend({"1.6 microsecond", "0.800 

microsecond"}, "location", "north"); 

 

hold on; 

tau1=input('enter the time constant for rc circuit'); 

z = exp(-1/tau1); 

b1 = z; 

a0 = (1+z)/2 ; 

a1 = -(1+z)/2 ; 

for n=2:5000 

y(n) = a0 * x(n) + a1*x(n-1) + b1*y(n-1); 

end 

plot(t,y, "color", "blue"); 

legend({"1.6 microsecond", "0.8 microsecond"}, 

"location", "north"); 

  

  
 

 

 

As discussed earlier a 𝐶𝑅 − (𝑅𝐶)𝑛 filter is achieved by cascading, a 𝐶𝑅  differentiator, 

followed by a number of 𝑅𝐶  integrators.  As detailed by M Nakhostin [IEEE 

Transactions On Nuclear Science, Vol. 58, No 5, 2378 (2011]], if the 𝑅𝐶 = 𝜏, time 

constants are the same, then the recursive algorithm for a 𝐶𝑅 − 𝑅𝐶 filter is given by 

 

𝑦[𝑛]𝐶𝑅−𝑅𝐶 = 2𝛼𝑦[𝑛 − 1] − 𝛼2𝑦[𝑛 − 2] + 𝑥[𝑛] − 𝛼(1 + 𝑎𝑡)𝑥[𝑛 − 1] 
 

where 𝑎 =   
1

𝜏
 & 𝛼 =  𝑒−𝑡

𝜏⁄   & 𝑥[𝑛] is the input pulse, with 𝜏 as the time constant. 

 

As shown in the figure below we do have a response similar to the analog filters. 

 
clear all; 

for n=1:5000 

if n>1000 

x(n)=100; 

else 

x(n)=0; 

end 

if n<1000; 

x(n)=0; 

end 

end 

tau=input('please enter the value of time 

constant'); 

T=1/(75);%sampling time 

figure(1); 

plot(y,"color", "blue"); 

hold on; 

tau=2*tau; 

T=1/(75);%sampling time 

k=exp(-T/tau); 

z=k*(1+(T/tau)); 

for n=1:5000 

if n>0 

c1=x(n); 

else 

c1=0; 

end 

if n-1>0 



k=exp(-T/tau); 

z=k*(1+(T/tau)); 

for n=1:5000 

if n>0 

c1=x(n); 

else 

c1=0; 

end 

if n-1>0 

c2=2*k*y(n-1); 

c3=x(n-1); 

else 

c2=0; 

c3=0; 

end 

if n-2>0 

c4=((k)^2)*y(n-2); 

else 

c4=0; 

end 

y(n)=c1+c2-z*c3-c4; 

end 

 

c2=2*k*y(n-1); 

c3=x(n-1); 

else 

c2=0; 

c3=0; 

end 

if n-2>0 

c4=((k)^2)*y(n-2); 

else 

c4=0; 

end 

y(n)=c1+c2-z*c3-c4; 

end 

plot(y,"color", "red"); 

legend({"Tau", "2*Tau "}); 

title('Output of CR-RC filter'); 

xlabel ('time' 

 
CR-RC filter using recursive algorithms 

 

 

Jordanov and co-workers [Nucl. Instrum & Meths, A345, (1994), 337-345] have 

detailed the analytical form for the pre-amplifier pulse from a HPGe detector. The pulse 

is given by 

 

𝑉(𝑡) =  
1

𝜏 − 𝜃 
 (𝑒−𝑡

𝜏⁄ −  𝑒−𝑡
𝜃⁄ ) 

 



where the finite rise time of the pulse is represented by 𝜃.  The simulated pulse is 

presented in the figure below : 

 
clear all 

t=1:5000; 

TAU=input('enter the value of tau'); 

THETA=input('enter the value of 

theta');%finite rise time of the pulse 

A=exp((-t)/TAU); 

B=exp((-t)/THETA); 

C=(TAU-THETA); 

x=(1/C)*(A-B); 

figure(1); 

plot(t,x,'r'); 

title('HPGe Pre-amplifier Pulse'); 

xlabel ('time(ns)'); 

ylabel ('amplitude'); 

hold on; 

TAU=2 * TAU; 

THETA=2*THETA; 

A=exp((-t)/TAU); 

B=exp((-t)/THETA); 

C=(TAU-THETA); 

x=(1/C)*(A-B); 

plot(t,x,'b'); 

legend({"tau, theta", "2*tau, 

2*theta"});  
                                    

 

Octave code to simulate a pre-amplifier pulse from a HPGe detector 

 

 

We now apply the 𝐶𝑅 − 𝑅𝐶, recursive filter on the simulated HPGe pulse.  The results 

are presented below 

 
clear all; 

t=1:5000; 

TAU=input('enter the value of tau'); 

THETA=input('enter the value of 

theta');%finite rise time of the pulse 

A=exp((-t)/TAU); 

B=exp((-t)/THETA); 

C=(TAU-THETA); 

x=(1/C)*(A-B); 

figure(1); 

plot(t,x,'r') 

title(' HPGe Preamplifier Pulse'); 

xlabel ('time)'); 

ylabel ('amplitude'); 

tau1=input('please enter the value of time 

constant for plot 1'); 

T1=1/(75);%sampling time 

k1=exp(-T1/tau1); 

z1=k1*(1+(T1/tau1)); 

for n=1:5000 

figure(2); 

plot(t,y,'r') 

title(' Output of CR-RC Filter for HPGe'); 

xlabel ('time)'); 

ylabel ('amplitude'); 

hold on ; 

tau1= 2*tau1; 

T1=1/(75);%sampling time 

k1=exp(-T1/tau1); 

z1=k1*(1+(T1/tau1)); 

for n=1:5000 

if n>0 

c1=x(n); 

else 

c1=0; 

end 

if n-1>0 

c2=2*k1*y(n-1); 

c3=x(n-1); 

else 



if n>0 

c1=x(n); 

else 

c1=0; 

end 

if n-1>0 

c2=2*k1*y(n-1); 

c3=x(n-1); 

else 

c2=0; 

c3=0; 

end 

if n-2>0 

c4=((k1)^2)*y(n-2); 

else 

c4=0; 

end 

y(n)=c1+c2-z1*c3-c4; 

end 

c2=0; 

c3=0; 

end 

if n-2>0 

c4=((k1)^2)*y(n-2); 

else 

c4=0; 

end 

y(n)=c1+c2-z1*c3-c4; 

end 

plot(t,y,'b') 

legend({"tau", "2*tau"}) 
 

 

  
Octave script for CR-RC filter on a HPGe pulse. 

 

As seen from the output, we observe a undershoot on the pulse, which demands that we 

apply the Pole Zero Cancellation technique to remove the undershoot, so that we do not 

record an erroneous amplitude of the pulse which rides on this part.  

 

The pulse processing to obtain the timing information is out of the scope of the present 

manuscript.  


