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Module - 14
Fourier transformation in NMR
Lecture - 14
Welcome back, in the last class, we understood lots about the Fourier transformation,
theorems of Fourier transformation, what is the Fourier transformation, what is the band
limited function and what are the theorems, like Shift theorem, Linearity theorem, Additive
theorem, Nyquist theorem, Sampling theorem, all very important theorems in Fourier

transformation.

We understood in the last class and also we just worked out especially for the Gaussian
function and showed that the Fourier transmission of a Gaussian is a Gaussian. But I did not
work out for other functions, of course, for the rectangular function, we worked out in the
beginning itself and showed it as sinc function, while we explicitly introduced Fourier
transformation. We worked it out and we thought of working out other functions, as I
mentioned to you, the Fourier transformation of Gaussian is a Gaussian.
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trensformation of Gaussies s a Gaussian. pr
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) FT of few functions

Flatlox Racion FT of Gaussian is a Gaussian <
Rectangle is a Sine”
Delta function is a DC
Exponential is a Lorentian

Exponeatial is a Lorentian

Fourier transformarion of Rectangplar function i 2 Sigs, fonction and Fourer trnsformaticn
of & delia Fnction is a DC and Fourir trensformation of an Exponcntiel i a Lorentzian
Thess arethe most of taesc thines we se in NMR spactrosccpy when we collect the e
dormaia data.
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Fourier transformation of rectangular function is a sinc function and Fourier transformation

of a delta function is a DC and Fourier transformation of an exponential is a Lorentzian.



These are most of these things we use in NMR spectroscopy when we collect the time
domain data.
(Refer Slide Time: 01:29)
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frequency spectrum is a Lorentzian

The real parg,of the spectrum is called absorptive
d the imaginary part is called dispersive
Lorentzian

S@ = §,exp (iot) cxp%

If the time constant T, is shorter, then the
signal decays more rapidly

So, now, where do we use this in NMR, where do we come across this thing to understand
Fourier transformation so much? First of all, remember, when we discussed NMR in the
beginning itself, I said we apply radio frequency pulse and collect the signal in time domain,
it is a decaying exponential. And then for converting the exponential time domain function

we do the Fourier transformation to get the spectrum.

Since it is the exponential function, when you do the Fourier transformation, you are going to
get a Lorentzian. That is why NMR spectrum is a Lorentzian spectrum, and when you do the
Fourier transformation you get real and imaginary parts; and we call the real part as
absorptive Lorentzian, and the imaginary part is called dispersive Lorentzian; and this is a
general expression, we use for Fourier transformation. Remember Fourier transformation, if
you want to get the time domain this is what the function you have to use; S of 0 exponental,
1 omega t into exponential minus t / T2. Time constant T2 is very, very short, then the signal
decays more rapidly, if it becomes shorter and shorter, then this becomes larger and larger in
the numerator. The exponential becomes quite big, as a consequence it decays very fast, just
this is what you should understand, in the NMR spectrum what is going to happen? if the
signal is decaying very slowly like this; that means, your spectrum is very, very sharp is a
Lorentzian like this, width is very small. On the other hand, if the T2 is larger, which is in the

denominator of this exponential, then what will happen? this becomes larger value, so, signal



decays very fast like this. The similar expressions we are going to discuss fora T 2 and T 1
and as we go for relaxation studies, you will see that the T1 and T2 which comes in the
denominator, you can see that there also you will find out that the signal decay is very fast in
the xy plane, you are going to get a broad signal. So, this is where you understand, the
Lorentzian and Gaussian will come into the picture.

(Refer Slide Time: 03:49)
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Fourier Transforms of few functions ()"
Single sine or cosine function transforms into a - §ig
function at the oscillation's frequency
The exponential decay exp(-wt) function transforms into
the Lorentz function with the full width at half

The exponential decay exp(-wt) function transforms into . . .
the Lornts Fneon with el itht bl maximum determined by 1/w.
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For zxample, this is the sine fonction if I take. sine or the cosinz functicn tefore 2
transformation of this single sign o a siagle cosine function only one it transforms into a
Delta function oscillation frequency. The Fourier transformation are thesz whether a sine or

cosinewilltake it will computea single fraquency, 1 il take a sirgle sien becavse there is
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For example, this is the sine function if I take, sine or the cosine function; the Fourier
transformation of this single sine or a single cosine function, only one; it transforms into a
delta function, this is the oscillation frequency. The Fourier transformation of this whether a
sine or cosine will take it, I will compute as a single frequency, I will take a single sine
because there is only a single frequency, single sine. If I take from here to here is the
frequency, only 1 frequency. Similarly cosine here to here is the single frequency, because
you can measure it. So, then it gives rise to a single line. Whereas, if I take the exponentially
decaying function, then it transforms the Lorentzian function like this, I take this exponential
decay, this is the FID of the NMR spectrum, you do the Fourier transformation. This is what
you are going to get. And this is called real part and this is called the imaginary part; the real
part is absorptive like this, and imaginary part is dispersive like this. So, this is an absorptive
part which is nothing but the real part of the Fourier transformation, this is the imaginary part
which is the dispersive component of the Fourier transformation.

(Refer Slide Time: 04:58)



A rectangular function transforms into the sinc- (9
function sin(x)/x | 4

The conventional 90° pulse used in NMR is a rectangular
pulse. Its frequency spectrum is a sinc function

A Gaussian function in the time domain transforms into
a Gaussian function in the frequency domain.

We come across this during selective
FLl pulses where only one spin is excited

—1in the ensemble,

And of course, rectangular function we discussed; it comes as a sinc function. So, sinc/c
function, you will come across these and some of that, when you are trying to do the NMR
experiment. Let us say I am going to collect the signal very fast like this. It is an
exponentially decaying function, somehow the gain of a receiver is huge, I use lot of gain of
receiver, the initial portion of the FID gets amplified like this, then the FID would not be

smooth decaying FID, it will be like this; then what does it mean?

This portion behaves more like a square pulse or a rectangular pulse, then if you do the
Fourier transformation such type of free induction decay. You are going to get in each
spectrum, at each frequency if there is especially when you have a stronger signal present in
your spectrum. Near the strong signal, you get wiggles like this, on either side of this. These
wiggles are nothing but the sinc function peaks. Please remember in the Fourier transmission
and when you do the NMR spectrum. Collect the free induction and do the Fourier
transformation, if the FID is cut in the initial portion, you are going to get the wiggles like
this, and they are because of sinc function. You will understand, all these things when you
understand Fourier transformation, you go back to the NMR spectrum and you see all these

problems, you can immediately reason out why it is happening?

That is why the understanding of this Fourier transformation is very, important for you. The

conventional 90 degree pulse which you use in NMR is a rectangular pulse like this. So



obviously, we are going to use rectangular pulse, the output has to be a sinc function. That is
the reason why we use this type of pulse and a Gaussian function in the time domain. Of
course, [ already showed you it transforms itself into Gaussian.
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Of course, this is the corab function; we call it as that differect divessiy is repeatiag iself A periodic -function, called a comb function, with th2

And Fourier ransformation of i, into a comb functioa like this, with a period is equal to 1 period T transforms into a comb function with the

period 1/T.

This is the cause of high frequency peaks appearing at

over T. This thing ] do not vent to exglain.
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Of course, this is the comb function; we call it as that different times it is repeating itself. And
Fourier transformation of it, a comb function like this, with a period is equal to 1 over T. Ok
this thing I do not want to explain.

(Refer Slide Time: 07:06)
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The Fourier transformation of this signal gives the frequency

spectrum, where the cosine part gives absorption signal and
the sine part gives dispersion signal

Dispersion

Absorption

(0]
mTI‘ requency T Frequency

Now I will take the time domain signal and do the Fourier transformation of the signal, it
gives rise to frequency spectrum. Now, this is the cosine part, this cosine part is an

absorption, look at this; in the centre of this is the frequency, omega. And the dispersion you



can see, has a phase shift in line by 90 degree. The absorptive and dispersive component has

a phase shift by 90 degree.

That means, this is a cosine part and this is the sine part of the Fourier transform signal, when
you do the Fourier transformation, you get real and imaginary part. One is a cosine part
correspond to real part, which gives rise to the absorption signal and the sine part is the
imaginary part which gives rise to dispersive signal. So, this is what we are going to get, this
the dispersive signal.
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Use of FT and its theorems in NMR

“That meaus, thisis a cosine part and this isthe sine part of the Fourier trazsform signal when
you do the Fourier transformation, you 22t real and imaginary part. Onz is a cosine part
corespond to real part, which grves [l FSE the abecrorion iznal and the sine part is the
imeginery pert which givesrise to dispersiv signal. So, his what we are going fo gt this the
dispersve signal
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Now, we use this Fourier transformation as I told you, very often in NMR spectroscopy.
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“That meaus, thisis a cosine part and this isthe sine part of the Fourier trazsform signal when
you do the Fourier transformation, you 22t real and imaginary part. Onz is a cosine part
corespond to real part, which grves [l FSE the abecrorion iznal and the sine part is the
imeginery pert which givesrise to dispersiv signal. So, his what we are going fo gt this the
dispersve signal
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In NMR the FID collected as a function of time, is ’2
Fourier transformed to obtain a frequency spectrum.
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Like I collect the time signal in the time domain and do the Fourier transformation like this,
and this is the time domain signal collected. I do the Fourier transformation to get the
frequency. I can go back; I have the frequency spectrum, do the inverse Fourier
transformation of it, then I will get back time domain signal. I can interchange between these
two, this is normally collected.

We collect the signal as a function of time, this is the equation, F of omega is equal to integral
of minus infinity to plus infinity f of t e to the power of minus i omega t dt. This is a famous
important equation of Fourier transformation of time domain in NMR. Remember that. Of
course, the inverse of that where you remove the negative part here, it is e power i omega t dt,
if you take it, then you can do the Fourier transformation of this frequency domain, you go
back to time domain signal.
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And in th2 time domair sigral the free induction decay we call it as it explaned in carlcr
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And in the time domain signal the free induction decay we call it, as I explained in earlier
class in the very first class, time domain signal is called FID. The signal intensity varies with
time. Similarly, in the Fourier transformed spectrum the intensity of the peak also varies with
the time, very easy to understand this. Let us say I have 2 frequencies present in your NMR
spectrum, 1 intensity is very large, huge free induction decay is there, signal intensity is very
large; other is very weak intensity like this, both are present. Do the Fourier transformation of
it, we will have frequency one is bigger intensity, and other is smaller intensity. The
frequencies are different and the intensities of time domain varies; correspondingly the
intensity should be also different in the frequency domain spectrum. This is what you come

across in the NMR spectrum; all peaks are not of equal intensity, different peaks have



different intensities. As a consequence, you do the Fourier transformation the frequency
spectrum also will have different intensities. So, like the time domain FID have the different
intensities, different amplitudes when the signal is collected. Similarly, here also the
frequency will be different in the Fourier transform spectrum.
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least twice in a cycle, this cyele let us say, at least twice [ have to do here, onc kerz or herz,

iffwe do cnce here axd once here, then the frequencies are completely specified, this is what The spectral (or sweep) width is determined by the digital
we discussed, in the Nyquis: theorem resolution

To characterize a frequency correctly, how many
digital points are required for each frequency?
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to get the folced frequency. That is what I told you in the Nyquist theorem; you have £ plus
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Of course folding and aliasing, why it comes we have already discussed; the theorem of
folding or aliasing using Nyquist theorem, but if I want to avoid these, what I should do is,
the free induction decay which I am going to acquire, I have to digitize at least twice. At least
twice in a cycle, this is a cycle, let us say, at least twice I have to do here, one here or here, if
we do once here and once here, then the frequencies are completely specified, this is what we
discussed, in the Nyquist theorem. So, that Nyquist theorem comes here in NMR. If you do
not digitize it properly, you are going to get the folded frequency. That is what I told you in
the Nyquist theorem; f + delta appears as f - delta that is what is going to happen here. So, to
avoid that, what you have to do? The digital resolution you have to maintain in such a way
you have to take twice the spectral width divided by the acquisition time; that is your digital
resolution. You have to manipulate these 2 parameters in such a way your digital resolution
is such that you have to digitize the signal at least twice in 1 cycle; then the frequency is
completely specified. So, to characterize the frequency correctly, I have to digitize at least
twice.

(Refer Slide Time: 11:24)
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And this is what it is Nyquist theorem. So, highest frequency in the spectrum you find out
take the highest frequency of that is what is called like band limit. I told you, whenever I see,
it should be digitized at least twice of the highest frequency, I take this spectrum with some at
least 0 to 1000 I will take and my highest frequency is about 900 at least one or twice of that
you have to digitize it twice of that. That is very important, the highest frequency you have to

take it, represent it correctly by digitizing at least twice of its frequency.

So, now come to Nyquist theorem, if you do not digitize it properly, what happens I told you
f + delta come appears as f - delta in the frequency domain spectrum, you get different
confused spectrum, you will confuse with real spectrum with the folded peaks also; you call
folding or aliasing in NMR. Remember how the Nyquist theorem comes useful in your NMR
spectrum. You have to digitize it properly at least twice. Twice the highest frequency that is
very important.

(Refer Slide Time: 12:35)



If the magnetization M is brought to transverse Qj
plane, its X and Y components decay o

The detected components of the magnetization corresponds to
cosine {Ry]) and sine (imaginary) components

My =M, Cos ot
My=M, Sin ot

The magnetization MO is brought to transverse plane and it decays into XY components; you
will have an X component here and Y component here, the detected components of the
magnetization correspond to cosine and sine because of Fourier transformation, when we
express in the complex form. We have cosine component and sine component, both are
present. So, when you take your time domain signal like this and do Fourier transformation,
you will get MO as the magnetization. In NMR, I can resolve this into 2 components; MX
and MY. MX is the X component, MY is the Y component. The X and Y are opposite you
know, they are phase shifted by 90 degree. If I have my receiver here, I get a real component
here, then this is phase shift by 90 degree, this signal will be dispersive signal. So, I am going
to get the absorptive peak here and dispersive peak here. So, this is what I was telling that
you come across this absorption and dispersion, absorptive component and dispersive
component. All those things very often we will discuss that. So, this MX component is
nothing but the cosine omega t and MY is the sine omega t.

(Refer Slide Time: 13:43)



The signal detected in the time domain is pmpurtwné’)
to these magnetization components ™ e

Sk (£) =S,Cos ot
Sy (t) = §,Sin ot

The total signal S(t) is arising from the vector S, with
components along X and Y axis

(50)= 8,0+ 8,9
S(t) = S{,( 0s of + SUSm ot
S(t) -

The signal detected in the time domain is proportional to these two constants, the total signal
comes because of sum of these things. So, for example, if | have total signal, it is a sum of SX
of t and SY of t; that is the sum of cosine component and sine component. That is why we
can write this formula as S of exponential i omega t; sum of these two.

(Refer Slide Time: 14:08)

The transverse magnetization decays with a timc‘%
constant T2 called Spin-spin relaxation time

What happens if we have many frequencies in the
spectrum?

S(t) =Sy exp (i, t) exp(-t/T,V) + W
Sozexp (io,t) exp(-t/T,) +
Sn‘3exp l’l(.!);l) exp(-l/'l'zm)

If there are 3 functions, t_h@is the contributions
from each of these signals

Now, what happens if there are many frequencies present in this spectrum. Let us say I have 3
frequencies, omega 1, omega 2, omega 3. Now, what I am going to do is individually I can do
the Fourier transformation, they are all added up. That is what I told you about the linearity
theorem. There are 3 different functions, the FID contributions from each of them are
overlapped, one FID is like this, other FID is like this, other FID is like this. They are all

overlapped, and you do the Fourier transformation individually; they are Fourier transforms.



That is where you are going to get 3 different frequencies. So, if there are many frequencies
present in the spectrum, in the time domain there are many free induction decays overlapped.
It is an interferogram and do the Fourier transformation. You are going to get that many
number of frequencies present. I took the example here with 3 frequencies, in the time
domain we have 3 free induction decays and in the frequency domain after doing the Fourier
transformation we are going to get 3 frequencies.

(Refer Slide Time: 15:08)
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is the sum of Fourier transform of these functions.
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Thus if we have N frequencies, we have N decaying
signals in time domain

FT give

Bt
Of course, this is what I said, FT is a linear process and because of this sum of the Fourier

transform of this function is sum of the frequencies you see in the frequency domain also. If
you have N frequencies, we have N decaying signals in the time domain. Let us say in the
NMR spectrum there are 10 peaks. Each peak is different; 10 different frequencies are
present, that we see the time domain signal has 10 FIDs; they are overlapped and each
frequency correspond to 1 decaying signal and the Fourier transformation gives N individual

frequencies.

This is what is the linearity theorem I explained; you to understood the Fourier
transformation so many theorems I discussed; all these theorems are used in your routine
analysis of the NMR spectrum, or while recording the spectrum; you will come across these
things. Only thing you should know what are these things; so that you know how to interpret
these things at the right time.

(Refer Slide Time: 16:03)
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Now, here is a phase correction. Rersember [ old yos, fthere i a d=ay inthe acquisition of
the sigral, whatis goine to happea? I said amplitude frequency will nof change, but there is

chaaging the phase [ 1ol you. In cae of the thooremms of the Feurier transforuation whea 1

wes trying to expleia 1 cld yeu if there is a delay in the cclecting the sigaal then what will

happen fequency will ot change only thing i phase will chenge
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Now, there is a phase correction, remember I told you, if there is a delay in the acquisition of
the signal, what is going to happen? I said amplitude and the frequency will not change, but
there is change in the phase, I told you. In one of the theorems of the Fourier transformation
when I was trying to explain I told you, if there is a delay in the collecting the signal then

what will happen? Frequency will not change only thing is phase will change.

It does happen in NMR spectrum, you send the radio frequency pulse here; immediately the
receiver start collecting the signal. But what happens is, there will be generally some delay
will be given, few microsecond or something. During that delay instead of collecting signals
from this point, in principle, you have to start collecting from this point or sometimes from
this point; its no problem. But then if there is a delay, you start collecting from this point
then what will happen? this is not exactly you are starting at 0, there is a phase error. Phase
errors will invariably be present; you need to correct this in the frequency domain.

(Refer Slide Time: 17:11)



The appearance of the spectrum depends on the r%
position of the signal at time zero

This depends on the starting point of a sinusoidal

function is called its “phasé

@ S explio) exp(iot) ex[@

A phase term gets introduced to the signal

So, how do you correct this, see the appearance of the spectrum depends upon where do you
collect the signal; it is at the point of time t = 0 you have to collect; immediately after the
pulse. If the starting point is not exactly at t = 0, you have a phase, that is called phi. So, now
I can incorporate this phase error like this, this was the exponential i omega t it is for
exponential minus t by T2; I wrote this earlier. The time domain signal is decaying because of
this. But now, there is a phase error, which also I can incorporate like this; exponential i phi
multiply by this function. So, a phase term gets introduced with the signal now, because there
is a delay in the acquisition of the signal.
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So, what happens if there is more delay? for example, if  have a receiver here, I will discuss
about this receiver phase and pulse phase in 1 or 2 classes later; we will come back and

discuss. If I have a signal here, receiver is here, you are going to get the real part here like



this, but the signal here is out of phase by 90 degrees, it is imaginary part. If on the other
hand, my receiver is here and the signal is somewhere here what will happen? It has
components of both X and Y, cosine part and sine part present with the mixed phase. The real
part is pure absorptive and imaginary part is pure dispersive. Both are mixed up, it can
happen; but then it is a clumsy spectrum, you need to do the phase correction. What do you
do for that? You have to make sure the phase difference between the real and imaginary part

is exactly 90 degrees; that is what is called the phase correction.

If you try to do that, then you can make this, like this, I am sorry other one like this or like
this. So, phase corrections if you want to do you have to make the real and imaginary part
exactly out of phase by 90 degrees.
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How do you do the correction to the phase? You can do it in the time domain or also in the
frequency domain. In the time domain what you will do is take this frequency into the
correction factor, exponential, I call it as a correction factor, this is the phase error, a phase
error I call it exponential 1 phi. Correction, I put it like this, and then multiply these two
functions, these two functions can be multiplied. Now, exponential have the property that
exponential A and exponential B, you could write as exponentially A + B. Now, I am going
to do this, if I take this function, multiply by the exponential correction factor, then I can
incorporate the correction factor plus phi error into this function. Now, logically you can

understand, if the correction factor is exactly opposite of this phase error you will remove the



error, there will not be phase error at all. So, you have to make sure the correction of this
phase error is opposite of this phase.
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And then you do that, set these phi corrections to minus of phi; the exponential of 0, here
becomes 1, then what you are going to get is exponential of a correction factor sine signal in
the time domain is without any phase error; there is no phase function involved now, because
the correction factor I added to the time domain, I have removed this phase error. So, this
gives spectrum without any phase error and the real part corresponds to the pure absorptive

and the imaginary part correspond to pure dispersive signal.

If you apply a correction to the phase, that means you have to ensure that the signal is
corrected immediately after the pulse at time t = 0. So that phase error will not creep in, but it
so happens you will not be perfect, there will be always some inherent phase errors. But then
you can apply the phase correction like this, and then you will get a signal which is free from
phase errors. And the real part corresponds to pure absorptive spectrum and the imaginary
part corresponda to pure dispersive spectrum.
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So similar to FID, we can also do the correction in the spectrum also, same way like I
multiply the free induction decay by this exponential function, the time domain signal; then I
did the Fourier transformation and I ensured that there is a phase error is removed. Do the
same thing in frequency domain; it is possible, multiply this phase error, correction factor to

the frequency domain function, that is also possible.

This one, there are 2 types of phase errors; one is called the frequency dependent phase error
other is the frequency independent phase error. This is called frequency independent phase
error. If you can do it in frequency domain. Other than this, first order correction, it is a
frequency dependent phase correction, and this can be done manually or automatically.
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And another thing what is going to happen is we always use some window functions, what
are these window functions? Of course, if you have attended my first course, you would
know how we manipulate the time domain signal to get this frequency domain spectrum with
a larger line width, smaller line width, better resolution, better signal and all those things. For

example, I have a time domain signal like this, it is decaying, no problem.

I have the signal, all through. If I have collected the signal for a length of time like this for
this much time, and then signal decays like this very fast, rest of the thing is only noise. What
is the point in keeping the noise? you will add only noise to the spectrum, what I will do is I
will multiply this one by the decaying exponential function like this; and then it will cut off
this part of the decaying exponential. So, this portion will become 0; when this portion
becomes 0, what you are going to get? you will see when you multiply by that you are going
to get less noise, because you are removing the noise by multiplying by an exponentially
decaying signal. So, this portion you cut it out. So reduce the noise, but what did you do? You
have multiplied by another exponential function which inherently adds up. It is additive
theorem I told you know, these two will add up and because of that, the line width becomes
larger. For example, the width of the spectrum let us say is 1 Hertz, you multiply this by an
exponentially decaying function with 2 Hertz, then what happens? it will add up. The line
width will become 1 + 2 hertz. So, you could play with the window functions either to reduce
the line width or to increase the line width or to reduce the noise. Like that there are all
several window functions which you multiply, which you can do after you acquire the data in
the time domain. After acquiring the data and multiply by these window functions and see the
type of frequency domain spectrum what you get. It could be highly resolved or less noise
and everything and many window functions are available to do that. Some of them are
exponential function, Gaussian function, trapezoidal function, sine bell function, shifted sine
bell function, varieties of window functions are possible. Depending upon the type of free
induction decay you are going to get, how the time domain signal you are seeing, you can use
one of these things function to get a right spectrum of your choice.

(Refer Slide Time: 24:45)
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For example, look at this signal, it is a time domain decaying signal; this multiply by an
exponential function, LB. We could filter out the noise now; I told you by multiplying by this
if there is lot of noise in the later portion of the free induction decay, it gets removed. So
multiplication of time domain by an exponential is what? It is nothing but a convolution in
the frequency domain, I told you convolution of two functions in 1 domain is the

multiplication is other domain.

In the time domain, now I am multiplying two functions, one is an exponentially decaying
function for that I am multiplying by another exponentially decaying function, I am
multiplying these two functions. That means I am convoluting these two functions in the
frequency domain. Now, you found the use of convolution theorem in NMR, which we

discussed, this is the convolution theorem.

So, we multiply by this time domain signal and ensure that later part of the free induction
decay, noise is cut off and we are going to get the better signal to noise ratio; at the expense
of the linewidth that you do not forget. Alternately, you ask me a question instead of
exponentially decaying function, what happens if I multiplyby exponentially increasing

function; instead of decay like this?

If I multiply like this very interesting thing will happen, then what will happen is, noise you

know keeps adding up here, the signal becomes very, very noisy. But there is a price for that.



See, here, you pay the price of linewidth. In this case, there is an advantage; the price you
paid was the noise. Lot of noise came but the gain is resolution, you get better signal; I mean
better resolution; highly resolved spectrum we are going to get. The line would get reduced
for that we have to play with the window functions of your choice either to increase the
signal or to decrease the signal like that.
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So, this is what is the multiplication of the time domain of an exponential corresponds to
convoluting in the frequency domain. Now what happens is in the frequency domain, each
peak is convoluted by the same exponential function; that is very important thing. If there are
10 free induction decays, 10 signals, there are 10 decaying signals in the time domain. So,

there are 10 frequencies present.

And now when we convolute it in the time domain, we are multiplying by an exponential
function in the time domain, then each of these are multiplied by the exponential function;
what that means, in the frequency domain, what is happening is each of these peaks is
convoluted by the same exponential function, the linewidth will be uniformly added up it is
not differential. There are 10 peaks you add up, let us say, I multiply the exponential decay
function by 2 Hertz, linewidth will be added by 2 Hertz for this, 2 for this, 2 Hertz for this;
each peak in the spectrum will become broader by the same amount. This is what happening
when you multiply by the exponentially decaying function, when you do this in time domain,

these are called window functions in NMR, which are used very often.



So, with this I think I touched upon a lot of things about the Fourier transformation, where I
have discussed right from Fourier series, I brought you to the Fourier transformation to
understand Fourier transformation, everything we discussed, how to get the Fourier
transformation, how a discrete function will become, when you make it continuous. I showed

you how we can make it continuous and get all the frequencies present in the time domain.

And then we discuss a lot of theorems like Convolution theorems, Similarity Theorem,
Additive theorem, Shift theorem, Nyquist theorem, Folding theorem, all those things we
discussed. And I showed how they are useful in NMR. Without your knowledge, you give the
sample to an operator, he will put the sample and type some commands to give you the

spectrum. But all these things are happening in the spectrometer.

But if you are doing research in NMR, if you are sitting with the spectrometer, if you want to
understand what is happening in a spectrum all these things you have to understand. When
you understand these things, you will know how to solve these problems. So, this Fourier

transformation theorems you will be coming across very often in the NMR spectrum.

So, with this discussion, I think I have given you a fair amount of information about the
Fourier transformation, because this being little like advanced course as compared to the
previous course, we discussed that was more elementary and for the beginners. I just wanted
to introduce little mathematics, of course without mathematics no NMR; but remember I did

not go to many of the steps in detail; because if I had to work out using a chalkboard.

You know, chalk talk I can give; but then it will take ages to work out all these things, using a
chalk talk, working out each step would have taken several more hours of my talk. So, many
of them I skipped, assuming that because these are basic simple integral functions, simple
trignometrical functions, you will use it very often and you will know that. Of course, while
working out 1 or 2 if I have made a mistake of sign or something, will find out very easily
also, because this is simple integral calculus, which I said you have already studied in high
school, PUC like that. So, with this, I am going to stop. Next, I will go to a different topic,

and let me see whether I can introduce Quantum Mechanical Analysis, of the NMR spectrum



are phase cycling. I will see what are the interesting things, I will discuss that in the next

class. Thank you very much.



