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Success in interpretation and quantification of 'H NMR spectra of low concentrated
HjO solutions of large biological molecules depends very often on the degree of suppression
of baseline distortion in the spectra (1 - S). In water solutions, the baseline artifacts are given
mainly by the corruption of the strong H2O signal occurring in the spectra even after the
application of H2O suppression techniques. There are several mechanisms, as a rule closely
interrelated, which participate in the corruption of the H2O signal (as well as all other signals
in the spectrum) and, consequently, in the baseline distortion. The analysis of the problem
showed that, in most cases, it is much more easier to remove causes giving rise to baseline
distortions than to eliminate these distortions from the spectra.

The main causes of baseline distortions are (a) incorrect use of the discrete Fourier
transform (DFT) algorithm, especially as to the periodic nature of this operation; (b)
improper setting of the start of the data acquisition, (c) unsuitable application of software
phase corrections - both zero and first order ones, (d) corruption of the intensities of the first
data points of the FID signals by the employed low pass audiofrequency filters. In the time-
domain signal, the information about the low frequency baseline artifacts (undulation, roll)
are contained in a relatively small number of initial data points.

In this communication, we deal with a time-domain technique capable of eliminating
or lowering the baseline distortions in the spectra caused by the ringing of low pass filters.
Simultaneously, the problem of a proper adjusting of the start of data acquisition is discussed.

Both these problems were for the first time analyzed more in detail by Hoult (6) for
four-pole Butterworth filters, i.e. for filters with an asymmetric impulse response. To solve
this transient response problem, Hoult suggested to synchronize the data sampling with the
crossing points of the filter ringing relative to the ideal input by carefully adjusting the delay
between the receiver on-gating and the start of data sampling. Secondly, the time delay
between the centre of the exciting RF pulse and the receiver on-gating is adjusted separately.
Quite recently, some improvements of the Hoult's technique were proposed by Fraystein (5).

Halamek et al. (7) have developed a very simple method capable of eliminating from
the spectra baseline distortions caused by finite impulse response (FIR) filters, both analogue
and digital. FIR filters are characterized by linear phase and symmetric impulse responses.
The basic features of the method proposed by Hal&nek et al. are as follows: (a) The whole
NMR signal is acquired including the transient region; (b) The first data point is placed as
close to the receiver-on time as possible, (c) The position of the first data point on the time
axis should ensure that one of the sampling points coincides with the in-phase point, i.e. the
real focus of all magnetization vectors in the signal leaving audiofilters. The linear phase
correction is performed either in the frequency or in the time domains. This technique can
eliminate the baseline distortions even where filters with sharp cutoff characteristics, i.e. with
long impulse responses, are employed.

The technique, which we have developed for the elimination or lowering of the
baseline distortions caused by the transient response of the audiofilters, likewise considers
the use of filters with a linear phase, i.e. filters with a symmetric impulse response. Bessel

482



filters belong, for instance, to this class of filters. For the analogue Bessel filters with a
cutoff frequency in hertz equal t o / , the group delay, defining the linear phase response, is
0.506//e (8) and, as a rule, it is close to 0.8// for some other types of analogue linear phase
filters (8). For digital filters, the group delay T, = T, (N-l)/2 where N is the number of
coefficients defining the filter and the sampling interval r, = l/2/c Therefore, for N even,
the group delay equals an integer number plus one-half, and for N odd, it equals an integer
number of samples r,

For analogue filters, our approach can be described by the following steps:
(a) The in-phase point (the point in which all magnetization vectors have approximately

the same phase) in the output signal is located (by adjusting properly the delay between
the in-phase point in the input signal and the receiver-on time) either in the middle of
the step (transient) response or in the points the distance of which from the middle
point is equal to multiples of TJ2.

(b) The start of the data acquisition is adjusted close to the receiver-on time so that the
mid-point of the step response either coincides with one of the samples or occurs
exactly in the centre of the sampling interval.

(c) From the signal acquired as described, a new signal is created by adding the the
samples occurring ahead of the mid-point to the samples symmetrically located behind
the mid-point of the step response. For instance, in the case of the filtered step function
with the unity amplitude we obtain, after such a rearrangement, a discrete signal in
which the samples occurring ahead of the mid-point of the step response arc of zero
and those occurring behind the mid-point of unity magnitudes. The magnitude of the
sample coincident with the mid-point equals 0.5. The rearrangement results in a
removal of the ripples from the filtered time signal.

(d) In the signal taken for the Fourier transformation, the first data point is either
coincident with the in-phase point (in case the mid-point coincides with one of the
samples) or is delayed behind this point by rji (incase the mid-point occurs in the
centre of the sampling interval).

When the mid-point of the step response and the in-phase point coincide, the first data
point in the signal taken for the Fourier transformation need not be scaled whether it
coincides with the in-phase point or lags behind it by T,/2 (in the latter case a 180° linear
phase connection is needed across the spectrum in experiments using quadrature detection
with simultaneous sampling). When the sampling point precedes the mid-point, some
attention must be paid to the choice of the scaling factor for the first data point.

For digital filtering, the treatment is, in principle, identical. However, there are some
differences regarding filters defined by either odd or even numbers of coefficients (AQ. For
N odd, the mid-point of the step response occurs between the samples h((N - l)/2) and
h(\ + (N - l)/2). For the in-phase point in the input signal adjusted to the first data point of
the filtered signal (by using a suitable delayed-focus excitation) the output in-phase point
coincides with the sample A(l + (N - l)/2). By taking this point as the first data point in the
Fourier transformed signal, a scaling factor of 0.5 must be applied to it.

For N even, the mid-point of the step response is coincident with the h(NI2) sample.
When the input-in-phase point coincides with the first data point of the filtered signal, the
output in-phase point lags by TJ2 behind the h(N/2) data point. lfh{N/2 + 1) is the first data
point of the signal taken for the Fourier transformation, no scaling of its magnitude is
required. However, a 180° linear phase correction across the spectrum must be performed.
For Neven, it appears suitable to shift the in-phase point to h(N/2) sample (the input in-phase
point can precede by TJ2 the receiver-on time). In this case, h(NI2) represents the first data
point of the signal taken for the Fourier transform. No scaling of this point is required.



For quadrature detection with sequential sampling, conclusions similar to those
derived for the simultaneous sampling are valid.

The outstanding performance of the presented procedure for eliminating the baseline
distortion caused by the corruption of the very strong on resonance H,O signal, owing to
filter ringing, is demonstrated in Figs. 1 - 6 .

Conclusion

A new method of a very efficient elimination of baseline artifacts caused by the
ringing of audiofrequency filters is described. This method can be used in NMR experiments
using quadrature detection with both simultaneous and sequential sampling. Digital filtering
with very sharp cutoff specification and, therefore, long impulse responses can be employed
even in combination with a strong signal oversampling.
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Fig.l. Simulated spectrum obtained from an undistorted FID. Lines 1, 2, 4, 5, and 7 have
intensities of 20, line 3 of 1000, and line 6 of 1.
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Fig.2. Simulated spectrum obtained by the Fourier transform of the FID signal filtered by a
digital filter (N= 107) with a step response displayed in Fig.5. and the first data point
adjusted to the mid-points of this response (the point c in Fig.5.).
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Fig.3. Spectrum obtained by the Fourier transform of a filtered FID signal using an approach
proposed by HaUmek et al. (see text).
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Fig.4. Spectrum obtained by the Fourier transform of a fillered FID signal using the approach
described in this communication.
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Fig.5. The step (transient) response of the digital filter employed in simulations displayed in
Figs. 1-4. The number of coefficieni defining this filter N= 107.
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Fig.6. On resonance (Fig.5.) FID obtained by a mirror addilion of the signal O-C to the signal
C-T (T is the FID duration)


