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Abstract
In this paper, we present a method that permits the application of a direct digital receiver based on undersampling techniques
to NMR and MRI scanners working with incoherent excitation pulses, and we evaluate the performance of such receivers in the
acquisition and reconstruction of images. The method has been tested on a BRUKER BIOSPEC BMT 47/40, and the results
show that undersampling can be used to process NMR and MRI signals, and that it correctly reconstructs images without loss of
information, extending the range of applications of ‘digital radio’ techniques to NMR and MRI systems working with highintensity magnetic ﬁelds. We also describe a series of tests performed to validate the application of undersampling to NMR systems
and an algorithm to compensate the phase ﬂuctuations due to the incoherent excitation pulses.
# 2004 IPEM. Published by Elsevier Ltd. All rights reserved.
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1. Introduction
Several studies have shown that a direct digital
receiver based on oversampling or undersampling can
replace advantageously the analog sections in traditional MRI systems [1–3]. The use of oversampling is
convenient in direct digital receivers for low-ﬁeld MRI
or Overhauser Imaging [3]. However, the application of
this technique to high-ﬁeld NMR and MRI systems is
limited by the required sampling frequency of the analog-to-digital converter (ADC) [1]. Such high sampling
rates can only be achieved with high-end (and consequently expensive) ADCs with a reduced number of
bits of resolution (eight bits in some ﬂash ADCs) and
its corresponding low signal-to-noise ratio (SNR). A
second disadvantage of these high-rate conversion systems is that they require the use of very fast digital
electronics and large storage capacities, or the use of
specialized circuits such as digital down converters [4],
which do not permit easy adjustment or compensation
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for the phase ﬂuctuations in the carrier of the excitation pulses.
As an alternative, the use of undersampling for
handling NMR signals has been proposed by Pérez
et al. [5], Green and Balcom [6] and Stortmont et al.
[7], and has been successfully applied in electron paramagnetic resonance detection [8], and in radio communications, in what has been called ‘software radio’ [9].
In these papers, it has been shown that undersampling
can be used to move a bandpass signal at a highfrequency to a lower frequency without loss of information if the process of sampling satisﬁes the bandpass
sampling theorem [10,11]. Undersampling directly
applied to the ampliﬁed NMR or MRI signal, as
shown in Fig. 1, noticeably reduces the speed and storage requirements of the data acquisition system, and
therefore the cost of equipment. Undersampling permits extension of the application of digital techniques
to a larger set of NMR systems, including low, medium
and high magnetic ﬁeld systems. However, it is necessary to take into account the fact that the direct digital
receiver structure shown in Fig. 1, which is convenient
for an MRI system working with coherent excitation
pulses, needs to be adapted for systems working with
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Fig. 1. Block diagram of the direct digital receiver proposed for an NMR system working with coherent excitation pulses. After the tuned ampliﬁer, the signal is down-converted with undersampling. The last block (detection and decimation) is used if the demodulated signal is not centered
at zero frequency.

incoherent excitation pulses, as shown below. This type
of pulse is used in many commercial systems.
This work presents the use of the undersampling or
passband sampling technique in the acquisition of
NMR signals for image reconstruction applied to commercial analog equipment working with incoherent
excitation pulses. A method of compensation for phase
ﬂuctuations between lines of the k-space, due to the
incoherent excitation pulses, is also presented. This
method permits correct reconstruction of the images
and shows that the use of undersampling does not
introduce any loss of information. Section 2 brieﬂy
introduces the theoretical basis of undersampling, Section 3 presents the experiments performed to conﬁrm
the predictions, and the results are shown and discussed in Section 4. Finally, conclusions are presented
in Section 5.
2. Theory
Bandpass signals are characterized by having no frequency components above a frequency fh or below a
frequency fl. As shown in various references (for
example [10,11]) the aliasing produced during the sampling process can be used advantageously when sampling passband signals: a sampling rate lower than 2fh
can be used, according to the bandpass sampling theorem for uniform and instantaneous sampling. This
theorem states that a bandpass signal can be reproduced from its sample values if the sampling frequency
fs satisﬁes [10]
2fh
2fl
 fs 
n
ðn  1Þ

ð1Þ

where n is an integer that satisﬁes
2n

fh
ðfh  fl Þ

ð2Þ

and
½ fh  fl   fl

ð3Þ

As has been illustrated in previous work [5,10], sampling a bandpass signal with a sampling frequency that

satisﬁes the constraints established in Eq. (1) produces
a sequence of samples that permits recovery of the
original analog signal spectrum centered at a lower frequency. In general, this latter frequency is not zero,
except in certain conditions [12]. An additional constraint is that the sampled signal must have a sampling
frequency greater than twice its bandwidth. Therefore,
it is necessary to perform a numerical demodulation to
move the signal to the baseband and realize a decimation process to reduce the sampling frequency to
that required by the Nyquist theorem. These processes
are depicted in Fig. 1 as detection and decimation.
Other characteristics of the ADCs that become
important when they are used beyond the Nyquist rate
or with undersampling have been studied in the literature [11]; one of the most relevant is the degradation of
the SNR. In general, the thermal noise and the quantization error spectra present extend well beyond the
Nyquist frequency fs (fs ¼ 2B, B being the signal bandwidth). When a quantized signal is sampled, the entire
noise spectrum is folded back into the baseband (aliasing),
and it is reasonable to take the total quantization noise
power as a measure of the noise to be expected in the
baseband [13,14]. For sinusoidal inputs, an expression
for the maximum theoretical signal-to-quantizationnoise ratio at the Nyquist rate can be derived following
certain assumptions on the noise and the input signal
[15,16]:
SNR ¼ 6:02N þ 1:76 dB

ð4Þ

where N is the number of bits of the ADC. As is well
known, for each extra bit of resolution in the ADC,
there is approximately 6 dB improvement in the SNR.
In the case of undersampling applied to relocate a
bandpass signal, the noise from all the aliased bands is
combined into the band where the signal of interest is
relocated. As in any sampled system, the periodicity of
the spectrum causes all wideband noise to be combined
in each of the fs/2 bands. Even with an ideal antialiasing ﬁlter, the SNR is not preserved in bandpass sampling because the noise from the aliased spectra will
always overlap into the signal.
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An estimation of the degradation of the SNR ratio
can be obtained, considering that the noise spectrum is
not uniform, according to the following formula [13]:


BEA
DSNR 10log
ð5Þ
fs =2
where fs is the sampling rate and BEA is the equivalent
noise bandwidth of the analog signal. This degradation
behavior has been shown experimentally [13] and in the
ﬁeld of NMR [5]. As shown in Eq. (5), the degradation
of the SNR can be reduced if the equivalent noise
bandwidth of the analog signal is reduced using a better passband ﬁltering process in the radio-frequency
(RF) stage (before the signal is applied to the input of
the ADC) and increasing the number of bits of resolution of the ADC (smaller quantization noise). When
the noise level obtained with a certain sampling frequency is unacceptable, it can be reduced by using a
higher sampling frequency.
As presented above, undersampling degrades the
SNR, but because an analog phase-quadrature detector
(the standard circuit used in NMR and MRI systems)
also introduces some degradation, there may be an
overall improvement in SNR. As an example and
according to the literature until 1997 [17–19], the
degradation produced by phase-quadrature detectors
was at least 10 dB (nowadays quadrature phase detectors with insert loss of about 1 dB can be found [20]).
Therefore, from Eq. (5), it can be deduced that by
choosing an adequate sampling frequency, undersampling could provide a SNR similar to that obtained
with an analog phase-quadrature detector. Nevertheless, this comparison is between the two components
working isolated and with an input signal with the
same characteristics. In a NMR system, these components are part of a signal processing chain in which the
noise ﬁgure of the pre-ampliﬁer will predominate
[21,22]. Digital undersampling with substantial degree
of undersampling, can be advantageous in terms of
SNR, when replacing noisy quadrature receivers.
Note that when applying digital techniques in parallel to the original analog system to acquire the NMR
RF signal, as in this work, the coherence of the excitation pulses applied to the sample during excitation is
important. The oscillating RF ﬁeld produced by the
transmitter coil when a sequence of pulses is applied at
times t1 ;t2 ; . . . ;tk with duration s1 ;s2 ; . . . ;sk can be
represented by the following function [23]
X
HðtÞ ¼
Ak ðtÞcosðwt þ uk Þ
ð6Þ
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ﬁnal phase of the received signal, especially the encoding phase in a 2DFT image reconstruction process. If
coherent pulses are used, the receiver structure presented in Fig. 1 is still valid, because in this case, the
phase of the received signal is not modiﬁed from line to
line in the scanning process. However, when the NMR
equipment uses incoherent pulses, it is necessary either
to have a reference signal or to implement a method to
compensate for the phase ﬂuctuations. If these phase
ﬂuctuations are uncompensated, a reconstructed image
similar to that shown in Fig. 2 is obtained. Then, to
reconstruct the image, it is necessary to acquire either
the reference signal used by the analog demodulation
stage in the NMR equipment, or the excitation pulse
itself to estimate the initial phase. Then, the system
structure in Fig. 1 has to be modiﬁed to include
additional stages to acquire the excitation pulses and
the echoes as shown in Fig. 3.

Fig. 2. A cross-section image reconstructed without compensation
for the received signal phase ﬂuctuations.

k

where Ak ðtÞ ¼ 0 outside the interval tk  t  tk þ sk .
These pulses are called incoherent if the phases uk are
randomly distributed, and coherent if their values can be
controlled (in particular, if they have the same value u).
These variations in phase values clearly aﬀect the

Fig. 3. Direct digital receiver proposed for an NMR system working with incoherent excitation pulses when the reference signal used
in the analog quadrature detection is not available.
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3. Materials and methods
The proposed method for acquiring MR images with
undersampling, including the compensation for phase
ﬂuctuations due to the incoherence of the excitation
pulses, was tested on a BIOSPEC BMT 47/40 MR system (BRUKER, 4.7 T, 200 MHz for 1H), which is an
analog system up to where the baseband signal is
v
obtained and digitized. It operates using incoherent 90
v
and 180 excitation pulses.
In our experiments, digital signals were acquired
with an oscilloscope (Tektronix TDS-524A with GPIB
interface) that has an analog bandwidth limited to 500
MHz per channel, sampling rates up to 500 Msamples/
s, and storage capacity up to 50,000 samples per channel. Data were transferred to a personal computer via
the GPIB interface after acquisition. One of this oscilloscope’s limitations is that it has a resolution of eight
bits per sample, which limits the maximum theoretical
SNR for every scale to 49.92 dB (Eq. (4)).
The NMR signal (passband, center frequency of
200.36 MHz) was acquired at the input of the BIOSPEC scanner’s phase-quadrature detector, where the
amplitude of the signal is limited to 100 mV to avoid
saturation of the detector, and the bandwidth is 50
kHz or less, depending on the conditions of operation
(mainly sequence and FOV). For comparison purposes,
the signal at the output of the analog receiver was also
acquired immediately before the AD converters and
after the analog ampliﬁcation and ﬁltering processes.
At this second point, the echo signal is in quadrature.
The connections used are shown in Fig. 4.
Two diﬀerent phantoms were used in the developed
experiments: the ﬁrst was a 49.5 mm diameter spherical
phantom made of glass and ﬁlled with water, with a
bubble, and the second was a quality control multipurpose phantom with a complex structure and ﬁlled
with a H2O solution which has a T 1 ¼ 200 ms. This
phantom is supplied by the system manufacturer
(BRUKER). In the experiments, the echo signals were

Fig. 4.

Interconnection of the equipment used in the experiments.

generated using a spin-echo sequence with TR ¼ 1500
ms and TE ¼ 6 ms. For the spherical phantom, other
important data were FOV ¼ 60 60 mm2 and slice
thickness ¼ 5 mm, and for the quality control phantom
these were FOV ¼ 70 70 mm2 and slice thickness ¼
4 mm. The acquired data were sent to the computer via
the GPIB interface during the TR interval, for processing oﬀ-line.
The images of the transverse section of the phantoms
were acquired with a resolution of 128 128 pixels.
The k-space signals were acquired at the RF output
using an undersampling rate of 5 Msamples/s. In all
cases, each signal was acquired during an interval of
2.3 ms and its acquisition started with the leading edge
of the read pulse. The values of the parameter set for
the operation of the NMR system and the oscilloscope
permitted us to fulﬁll the conditions established by the
passband sampling theorem, as per Eqs. (1)–(3).
In all cases, it was necessary to develop a method to
compensate for the phase ﬂuctuations due to the incov
herence of the 90 excitation pulses. As it was not possible to access the reference signal used in the
quadrature detection by the BRUKER equipment, it
v
was necessary to acquire the 90 excitation pulses
directly using a second oscilloscope channel. For this
reason, the oscilloscope was programmed with a preevent time of 7.7 ms. These excitation pulses allowed us
to implement the phase compensation algorithm, and
they were acquired and sent to the PC together with
the corresponding echo for each of the k-space line.
The reconstructed images were compared with those
reconstructed with the data acquired after the quadrature receiver at 2.5 Msamples/s (for the spherical phantom) and with the image supplied by the scanner under
normal conditions (for the quality phantom) to determine whether the information coded in phase and frequency had been correctly recovered.
The undersampled signals were processed as follows:
(1) Carrier frequency detection, by locating the position
of the maximum in the magnitude spectrum of the
FID signal, was obtained during the calibration
process of the BRUKER system.
(2) Baseband shifting, by multiplying each signal by a
complex exponential expð2pfc n=fs þ ui Þ, where fc is
the carrier frequency of the signal, fs is the sampling rate and ui is the phase value that permits
compensation for the phase ﬂuctuation of the carrier of the excitation pulses. This phase was
obtained using the method outlined in the ﬂow diagram in Fig. 5 and described next [24]. The chosen
value of the phase u is that which produces a positive amplitude, mpi greater than the absolute value
of the negative amplitude, jmni j, of the in-phase
v
component from the 90 excitation pulse. It also
has the minimum area under the quadrature
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(3) Decimation: 128 complex values of each signal,
including its quadrature components, were kept to
match the scanner data size. These values were
stored in a 128 128 matrix, which corresponds to
the k-space.
(4) Computation of magnitude and phase images: by
applying a complex two-dimensional Fast Fourier
Transform (FFT), two 128 128 matrices (magnitude and phase) were computed and stored. In the
case of the quality control phantom, only the magnitude matrix was computed.
(5) Calculation of SNR: an estimation of the SNR in
the magnitude image was made using the following
equation [25]:
 
S
rr
;
; r¼
SNR ¼ 20log
r
0:655
qﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃﬃ
ð7Þ
S ¼ s2 þ r2s  2r2

Fig. 5. Flow diagram of the algorithm used to select the adequate
phase for detecting the echo signal. This phase produces an envelope
with maximum positive real part and minimum imaginary part.

component. This value is computed using a search
procedure, which starts with a value ui ¼ 3:1 and
runs over the interval 3:1  ui  3:1, increasing
in steps of 0.1. At each step and after multiplying
the pulse by the complex exponential and decimating, if the ﬁrst condition holds, then the area under
the quadrature component is computed and compared with the value of the previous step. If the
new value is smaller than the previous value, then
this new value replaces the previous value, and, at
the same time, its corresponding phase value is
selected as a better approximation to the ﬁnal
phase, u. If the new value is greater than the previous value, then the old value is retained. A better
value of the phase is obtained by repeating the procedure over the interval [u  0:2, u þ 0:2], using a
step size of 0.01. Finally, the procedure is repeated
in the interval [u  0:02, u þ 0:02], with a step size
of 0.001. Later, the phase of each of the acquired
echoes is corrected using this phase, u, obtained
v
from the 90 pulse. As can be seen, this process
tries to obtain a maximum real component and a
v
minimum imaginary component of the 90 pulses.
It is important to note that we could have established other conditions for the real and imaginary
components, provided that these conditions were
retained for the entire process.

where s and rs are the signal mean values and the
signal standard deviation in a 20 20-pixel region
of highest homogeneity, respectively, and rr is the
noise standard deviation in a 20 20-pixel background region. It is important to note here, that
Eq. (7) is only valid for conventional RF coils, as it
is the case here. When using phased arrays, diﬀerent noise statistics should be considered [26,27].
The signals acquired after the analog mixer (oversampled) were processed using only the last three steps.
4. Results and discussion
If the phase relationship between the lines of the kspace is preserved, then it is possible to reconstruct
images, as shown in Figs. 6–8. The reconstructed images show similar structures and dimensions; however,
in the examples shown, the image obtained from the
undersampled data contains more background noise.

Fig. 6. Reconstructed magnitude images of a sphere ﬁlled with
water and a bubble. (a) Data acquired after RF stages using undersampling (5 Msamples/s). (b) Data acquired after quadrature receiver
using oversampling (2.5 Msamples/s).
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Fig. 7. Reconstructed phase images of a sphere ﬁlled with water and
a bubble. (a) Data acquired after RF stages using undersampling
(5 Msamples/s). (b) Data acquired after quadrature receiver using
oversampling (2.5 Msamples/s).

Evaluating the images shown in Fig. 6 using Eq. (7), an
SNR of 22.6 dB is obtained for the undersampled
acquisition (Fig. 6(a)) and an SNR of 28.1 dB for the
oversampled acquisition (Fig. 6(b)). Although, apparently, these data do not encourage the use of undersampling, it should be noted that this is a diﬃcult
case—sampling a signal of more than 200 MHz at only
5 Msamples/s. In any case, this diﬀerence in SNR
between the images is in full agreement with Eq. (5).
Obviously, a better SNR can be obtained by using a
higher sampling rate.
The artifact in the center of the image in Fig. 6(b) is
due to low-frequency noise (approximately 1.2 kHz) in
the analog receiver section that processes the imaginary
part (a malfunction of the equipment at the time of the
experiments). This artifact does not appear in the
image reconstructed from the undersampled data,
because data were acquired from the signal before the
analog receiver section. This conﬁrms that we avoid the
problems due to the many sources of noise that may
appear during the analog quadrature detection when a
direct digital receiver is not used to handle the NMR
signals.

Fig. 8. Images of quality control phantom obtained (a) using undersampling at 5 Ms/s, translation to zero center frequency and compensation of phase and decimation and (b) using the standard
BRUKER equipment.

Although Fig. 6(a) shows that the method for recovery of the phase information is correct—at least for
objects with a very simple structure—Fig. 7(a), the
reconstructed phase image, gives a better demonstration by showing that the phase relation between the
lines is correct. The diﬀerence between the images in
Fig. 7(a) and (b)—speciﬁcally, the bands inside the circle in Fig. 7(a)—is due to the diﬀerent procedures for
handling the signals, which give diﬀerent initial phases.
As the phases of the reference signals used in the detection process in both cases (direct digital receiver based
on undersampling and analog quadrature detector) are
diﬀerent, the position of the magnetization in the rotating plane, as viewed by the two systems, has diﬀerent
orientation.
Using the 128 signals acquired from the quality control phantom, its modulus image was reconstructed.
This image and the corresponding image obtained by
the BRUKER equipment are presented in Fig. 8(a) and
(b), respectively. There is good correspondence between
these two images, but that obtained using undersampling contains more noise. This noise is due to the
low resolution of the oscilloscope’s ADC, and the very
low sampling rate. This example shows that even in the
case of objects with a very complex structure, a direct
digital receiver based on undersampling allows us to
recover the images, if the correct method is used to
compensate for the phase ﬂuctuations introduced by
v
the phase ﬂuctuations in the carrier of the 90 pulses.

5. Conclusions
This work presents undersampling as an alternative
means of processing NMR and MRI signals to reconstruct the magnitude and phase images. Even in diﬃcult conditions, such as those shown here (very low
sampling rate, low number of bits), the images are correctly recovered. Our experimental results have allowed
us to conﬁrm that the SNR decreases owing to the
folding back of the aliased spectra. However, the
method has other advantages, as it eliminates some
analog electronic circuits, replacing them with digital
processing; it is then possible to ensure that real and
imaginary parts are quite symmetric, and that periodic
adjustment of the quadrature channels is not required.
In addition, as can be seen in the images, this technique overcomes some of the problems that may
appear when using analog circuits in radio-frequency
processing—for example, low-frequency noise generated by various noise sources and dc oﬀsets. On the
other hand, with undersampling, the speed and storage
requirements are considerably reduced in comparison
with digital systems working with the Nyquist criteria
and oversampling. Finally, it has been shown that the
information coded in frequency and phase is correctly
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recovered after using undersampling; and that in an
NMR system working with incoherent excitation pulses, a compensation method, similar to that proposed
here, can recover the phase information.
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