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Synthetic Aperture Radar (SAR) is a well-proven imaging
technique for remote sensing of the Earth. However, conventional
SAR systems are not capable of fulfilling the increasing demands
for improved spatial resolution and wider swath coverage. To
overcome these inherent limitations, several innovative techniques
have been suggested which employ multiple receive-apertures
to gather additional information along the synthetic aperture.
These digital beamforming (DBF) on receive techniques are
reviewed with particular emphasis on the multi-aperture signal
processing in azimuth and a multi-aperture reconstruction
algorithm is presented that allows for the unambiguous recovery
of the Doppler spectrum. The impact of Doppler aliasing is
investigated and an analytic expression for the residual azimuth
ambiguities is derived. Further, the influence of the processing on
the signal-to-noise ratio (SNR) is analyzed, resulting in a pulse
repetition frequency (PRF) dependent factor describing the SNR
scaling of the multi-aperture beamforming network. The focus is
then turned to a complete high-resolution wide-swath SAR system
design example which demonstrates the intricate connection
between multi-aperture azimuth processing and the system
architecture. In this regard, alternative processing approaches
are compared with the multi-aperture reconstruction algorithm.
In a next step, optimization strategies are discussed as pattern
tapering, prebeamshaping-on-receive, and modified processing
algorithms. In this context, the analytic expressions for both the
residual ambiguities and the SNR scaling factor are generalized
to cascaded beamforming networks. The suggested techniques
can moreover be extended in many ways. Examples discussed
are a combination with ScanSAR burst mode operation and the
transfer to multistatic sparse array configurations.
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I. INTRODUCTION

Remote sensing of the Earth’s surface demands
sensors that are capable of continuous global coverage
and, in addition, provide detailed imagery. Important
applications are e.g., disaster management, land and
sea traffic observation, wide area surveillance, and
environmental monitoring. Conventional synthetic
aperture radar (SAR) systems cannot meet these rising
demands as the unambiguous swath width and the
achievable azimuth resolution pose contradicting
requirements on system design [1]. A good azimuth
resolution ±az requires a high Doppler bandwidth BD
that results from a long synthetic aperture which is
illuminated by a short antenna of length La (cf. (1)).
Hence, a high pulse repetition frequency (PRF) is
needed to sample the Doppler spectrum according to
the Nyquist criterion. In contrast, to unambiguously
image a wide swath of width Wg on ground, a large
interval between subsequent pulses is favorable what
corresponds to a low PRF (cf. (2))

±az ¼
La
2

¼
vs
BD

¸
vs

PRF
(1)

Wg <
c

2 ¢ PRF ¢ sin(£i)
(2)

where £i represents the incident angle, vs the sensor
velocity, and c the speed of light. To obtain a figure
of merit that combines swath width and resolution, the
reciprocal of (1) is multiplied with (2). This yields
expression (3) that does not depend any more on
adjustable system parameters, which means that the
SAR parameters underlie a trade-off, as the resolution
can only be enhanced at the cost of a decreased swath
width and vice versa

Wg

±az
<

c
2 ¢ vs ¢ sin(£i)

: (3)

Alternative SAR imaging modes push this trade-off
only further into one direction or another without
resolving the underlying system-inherent constraint:
the spotlight mode yields a high resolution, but no
sufficient coverage [2] while burst modes as ScanSAR
[3, 4] and TOPS-SAR [5] map a wide swath but
provide only a coarse resolution.

Consequently, new system concepts are needed
to fulfill the increasing demands of future SAR
missions. The most promising concepts employ
multi-channel SAR systems where the receiving
antenna is either split into multiple subapertures
with independent receiver channels or the receiver
apertures are distributed on multiple platforms
leading to a multistatic SAR. References [6]—[37]
list the various approaches in chronological order.
All methods are based on the simultaneous reception
of the backscattered signal with mutually displaced
receiving apertures. The additional information
permits to overcome the aforementioned inherent
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Fig. 1. Multi-aperture system with formation of different beams
(top) and corresponding block diagram with DBF on receive
principle (bottom). Each aperture is interpreted as individual

channel whose signals are digitized and stored before combined
coherently a posteriori.

limitations of conventional SAR systems. The basic
concept of a multi-aperture SAR system is illustrated
in Fig. 1. Each of the N receiver channel’s signals
is mixed, digitized, and stored. Then, a posteriori,
digital beamforming (DBF) on receive is carried out
by a joint spatiotemporal processing of the recorded
subaperture signals. In azimuth dimension this enables
a coherent combination of the N subsampled and
hence aliased signals to a single output signal that is
sampled with N ¢ PRF and free of aliasing. Compared
with a mono-aperture system operated with PRF, the
additional samples increase the effective sampling
by a factor of N and allow either for an improved
resolution or a reduction of the PRF without an
increase of azimuth ambiguities, thereby enabling the
mapping of a wide swath.

In the following, a brief overview over different
multi-aperture systems and processing strategies is
given. More details can be found in the corresponding
references. Concerning classical side-looking
multi-aperture SAR systems, the development started
with proposing an array antenna in elevation to
suppress range ambiguous returns [9] and the idea
of splitting the antenna in azimuth direction to
reduce azimuth ambiguities [10] followed by the
combination of both [11]. Then, the complexity of
the systems increased and interest turned to more
sophisticated processing strategies enabling so-called
“software-defined radars,” where the multi-aperture
SAR signal is processed in azimuth, elevation, or both
dimensions [13—17, 20—23].

Regarding the azimuth dimension, [20], [24], and
[33] specify dedicated algorithms for multi-aperture

SAR processing. The approach presented in
[24] and further elaborated in [30] introduces a
phase correction that is applied to the raw data to
resample the signal in azimuth, while the technique
proposed in [20] introduces an algorithm based on a
generalization of the sampling theorem that allows for
the unambiguous recovery of the azimuth spectrum
from multiple aliased subaperture signals. The method
is elaborated in several follow-on papers [27, 28,
31, 32, 36]. Finally, [33] and [34] bring up another
space-time approach for application in small satellite
constellations forming a sparse array. The basic idea
is to minimize the overall noise power by a trade-off
between a spatial filtering of the azimuth signal to
suppress Doppler ambiguities, which corresponds
to the method presented in [20], and a matched
filter.

Besides, alternative concepts not directly building
on conventional SAR are brought up, as a squinted
SAR configuration in combination with beamforming
[8]. Further, a very general approach based on
a multi-satellite constellation forming a sparsely
distributed radar sensor is developed and an optimum
way of processing in the space-time domain is derived
in [12] and [19]. Furthermore, [26] presents the “SAR
train” that consists of a multi-satellite constellation
which is distributed in along-track direction and uses
spread spectrum waveforms for transmission.

The paper is organized as follows. Basic properties
of the spatial sampling of multi-aperture SAR systems
are summarized in Section II. The DBF algorithm
in azimuth introduced in [20] is briefly recalled in
Sections IIIA and IIIB. The new contributions of
the paper start in Section IIIC with an illustrative
interpretation of the multi-aperture processing,
followed by a detailed analysis on how signal,
ambiguities, and noise are affected by the DBF
network in Sections IIID, IIIE, and IIIF, respectively.
Then, in Section IV, a system design example is
presented that allows for verifying the theory derived
in Section III and demonstrates the potential of
the multi-aperture reconstruction algorithm with
respect to different performance parameters and in
comparison with alternative techniques of processing
the azimuth signal. In a next step, error sources are
identified and innovative strategies are derived in
Section VA. Optimization concepts as pattern tapering
on transmit (Section VB), prebeamshaping on receive
(Section VC), and adapted beamforming networks
(Section VD) are presented and their performance
is shown. In the case of prebeamshaping on receive
and adapted beamforming networks, the theoretical
examination of residual errors, ambiguities, and the
scaling of the signal-to-noise ratio (SNR) is extended
to the class of cascaded beamforming systems. The
paper closes with a discussion containing an outlook
on further issues like ScanSAR in multi-aperture
systems and sparse array systems.
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Fig. 4. Left: Block diagram of multi-channel SAR system with “reconstruction” of N subsampled channels by filters Pj(f).
Right (zoom): Each Pj (f) consists of N bandpass filters Pjm(f) valid on a sub-band of width PRF.

Hs,j(f) = Hj(f) ¢ Hs(f) (11)
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The multi-aperture response can hence be
separated into the influence of the multi-aperture
system described by Hj(f) and the conventional SAR
impulse response given by Hs(f). Further, for single
platform systems the same azimuth antenna pattern
a(t) and A(f), respectively, can be assumed for all
channels. This yields the block diagram of Fig. 4,
where us(t) and Us(f), respectively, describe the scene
reflectivity. Filtering of the scene with A(f) ¢ Hs(f)
yields the monostatic SAR signal in Doppler domain,
U(f), with its time domain representation u(t). The
multi-aperture SAR signal of channel j is then given
by Uj(f) and uj(t), that are related to U(f) and u(t)
by Hj(f) according to (13) and its time domain
representation hj(t), respectively

Uj(f) = Hj(f) ¢ U(f): (13)

B. Theoretical Background

The multi-aperture reconstruction algorithm is
founded on a generalization of the sampling theorem
according to which N independent representations of
a signal, each subsampled at 1=Nth of the signal’s
Nyquist frequency, allow for the unambiguous
“reconstruction” of the original signal from the aliased
Doppler spectra of the N representations. This means
that a band-limited signal U(f) is uniquely determined
in terms of the responses Hj(f) of N linear systems
with input U(f), sampled at 1=Nth of the Nyquist
frequency. The functions Hj(f) may be chosen in
a quite general way, but not arbitrarily [38, 39].
Transferred to a multi-aperture SAR system, U(f)
gives the monostatic SAR signal while the functions
Hj(f) represent the ‘channel’ between the transmitter
and each receiver j with respect to the monostatic
impulse response (cf. Fig. 4 and Section A). Note
that in principle the complete multi-channel SAR
signal model of (9) including the two-way patterns

of the respective channels can be used for a complete
reconstruction of the scene reflectivity, but for reasons
of simplicity only the quadratically approximated
system model of A is considered in the following.

The received signals are sampled in azimuth by
PRF and hence the maximum signal bandwidth is
N ¢ PRF. A compact characterization of the whole
system is then given by the matrix H(f), that contains
all channel representations Hj(f) shifted by integer
multiples of the PRF according to (14)

H(f) =

2

66664

H1(f) ¢ ¢ ¢ HN (f)

H1(f + PRF) ¢ ¢ ¢ HN (f + PRF)

...
. . .

...

H1(f + (N ¡ 1) ¢ PRF) ¢ ¢ ¢ HN (f + (N ¡ 1) ¢ PRF)

3

77775
:

(14)
Then, as shown in [39], the inversion of H(f)

yields a matrix P(f) that contains in its rows N
functions Pj(f) that are decomposed by the columns in
N functions Pjm(f) defined on sub-bands m of width
PRF that make up the Doppler spectrum (cf. Fig. 4
and (15)). As we will see later, the scaling by N is
reasonable from an energy point of view. Note that
in the considered case H(f) is invertible as long as
samples of different receive apertures do not coincide
spatially

P(f) = N ¢ H¡1(f)

=

2

66664

P11(f) P12(f + PRF) ¢ ¢ ¢ P1N(f + (N ¡ 1)PRF)

P21(f) P22(f + PRF) ¢ ¢ ¢ P2N(f + (N ¡ 1)PRF)

...
...

. . .
...

PN1(f) PN2(f + PRF) ¢ ¢ ¢ PNN(f + (N ¡ 1)PRF)

3

77775
:

(15)
The aliased frequencies in the Doppler spectra

of the individual channels are then suppressed and
consequently the original signal U(f) is recovered
by filtering each of the multi-aperture channels j
with its appropriate “reconstruction” filter Pj(f) and
subsequent coherent combination of all weighted
receiver channels (cf. Fig. 4). To complete Fig. 4, the
conventional monostatic SAR focusing filter Pmf(f) is
included.
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C. Illustration of Principle

In this section, an illustrative approach to explain
the principle and limitations of the multi-aperture
reconstruction algorithm is given. Consider a system
according to Fig. 4 with exemplary N = 2 apertures
and U(f) describing a monostatic SAR signal
while Uj(f) = Hj(f) ¢ U(f) represents the signal at
receiver j. At first, assume U(f) spectrally limited
to [¡PRF,PRF]. Then, Fig. 5 on the left shows the
spectrum of the band-limited signal “seen” at the
receiver j before sampling (top) and its periodic
continuation after sampling with PRF (middle)
yielding Ũj(f), given in (16). For convenience we
introduce the notation Ujk(f) = Uj(f + k ¢ PRF) where
the index k indicates a shift by k ¢ PRF in Doppler
domain

Ũj(f) =
1X

k=¡1

Uj(f + k ¢ PRF) =
1X

k=¡1

Ujk(f)

=
1X

k=¡1

U(f + k ¢ PRF) ¢ Hj(f + k ¢ PRF):

(16)
As can be observed, for any frequency, the

subsampled and aliased signal consists of not more
than two (in general N) shifted and superimposed
spectra, as not more than one spectrum (in general
N ¡ 1 spectra) of the periodic continuation overlaps
with the original spectrum. Hence, the spectra Ũ1(f)
and Ũ2(f) can be weighted and combined in such
a way, that the component of the original spectrum
is recovered (cf. (17), top), while the back-folded
component is cancelled (cf. (17), bottom). With Pjm(f)
denoting the reconstruction filter for receiver j on the
Doppler frequency interval m (cf. Fig. 4), this requires
the following equations to hold in the interval I1 (cf.
Fig. 5, middle, left):

P11(f) ¢ H1(f) ¢ U(f) + P21(f) ¢ H2(f) ¢ U(f)
!=N ¢ U(f)

P11(f) ¢ H1(f + PRF) ¢ U(f + PRF) + P21(f)

¢ H2(f + PRF) ¢ U(f + PRF)
!=0:

(17)

For a uniform sampling, no processing needs to
be applied, i.e., the samples of all signals have to
be simply interleaved and hence it seems reasonable
to set the arbitrary normalization factor equal to N,
as this ensures a magnitude equal to 1 of the filters
Pjm in this special case. Setting up the corresponding
equations on the interval I2 and shifting them to I1
yields (18) which allows for setting up the linear

Fig. 5. Signal spectrum at receiver j before (top) and after
(middle) sampling with PRF and after reconstruction (bottom)

taking into account all receivers. Left shows signal band-limited to
[¡PRF,PRF] that is correctly recovered while the bandwidth on

the right exceeds [¡PRF,PRF] entailing erroneous contributions ek .

system of (19) that corresponds to (15)

P12(f + PRF) ¢ H1(f + PRF) ¢ U(f + PRF)

+ P22(f + PRF) ¢ H2(f + PRF) ¢ U(f + PRF)

!=N ¢ U(f + PRF)

P12(f + PRF) ¢ H1(f) ¢ U(f) + P22(f + PRF) ¢ H2(f) ¢ U(f)

!=0 (18)

H(f) ¢ P(f) = N ¢ 1 , P(f) = N ¢ H¡1(f): (19)

In a next step, we analyze a scenario where
the bandwidth of the signal exceeds N ¢ PRF. For
N = 2, an example for the spectrum of such a
signal is given in Fig. 5 on the right, before (top)
and after (middle) sampling. In contrast to the
band-limited case, the sampled signal Ũj(f) consists
of up to three contributions, as the spectra of the
periodic continuation may overlap. For the general
case, this means that more than N spectra may
coincide at a certain Doppler frequency. From the
mathematical point of view this results in a linear
system of equations that is underdetermined and
consequently the original spectrum can in general
not be reconstructed exactly. As shown in [28], a
complete suppression of the contributions from the
shifted spectra is not achieved, because the filters
Pj(f) are determined as if the signal bandwidth was
limited to §N ¢ PRF=2. Hence only the ambiguous
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energy within the band [¡N ¢ PRF=2,N ¢ PRF=2] of
the original signal is cancelled by the reconstruction.
All energy outside this band is not well suppressed
and finally gives rise to ambiguous contributions ek
in the reconstructed signal (cf. Fig. 5 bottom right)
that is specified in the following section. How the
ambiguous energy can be reduced, e.g. by selecting
appropriate sub-bands or weighting of the azimuth
spectrum during the reconstruction is discussed in
Section V.

D. Signal Power

In the following, the signal power is defined
as the mean energy of the unambiguous signal,
which is limited by the system bandwidth in azimuth
Is = N ¢ PRF and eventually further confined by
the processed Doppler bandwidth BD · Is. To
determine the signal power, at first the output signal
power of the reconstruction network is determined.
Remember that the filters Pj(f) are chosen such that
the “original” signal received by a single aperture
U(f) is reconstructed. Recall furthermore that the
spectral weighting of U(f) depends only on its
envelope defined by the joint pattern A(f) of the
transmitter and a single receiver element. This
means that we basically obtain a signal that is not
dependent on the reconstruction filter network up to
a constant scaling factor of N as given in (17). This
factor accounts for a digital summation yielding an
amplitude gain increased by a factor of N with respect
to a single channel and consequently the power is
amplified by N2 compared with the input signal power
ps,el. Then, the signal power ps is determined by the
mean squared value of N ¢ U(f) limited to the system
bandwidth in azimuth IS = [¡N ¢ PRF=2,N ¢ PRF=2]
(cf. (20)). The limitation to IS is expressed by the
rectangular window function rect(f=Is) and the
calculation of the mean value within this interval is
indicated by the operator E[:]1

ps = N2 ¢ E[jU(f) ¢ rect(f=IS)j2] = N2 ¢ ps,el: (20)

If the signal is focused with a defined bandwidth
BD only this part of IS is used for the compression,
what can be understood as an additional lowpass filter
of width BD that is applied to the signal. This filtering
is equivalent to a fixed integration time resulting in an
azimuth spectrum of width BD. For the case where
the system is operated with a constant duty-cycle,
the average transmit power per time is constant.
This means that the resulting energy after focusing
is independent from the PRF, as e.g. the decreasing

1Note that for deterministic signals as U(f) the operator E[:] is
identical to an integration over frequency normalized by the interval
width, while for stochastic processes E[:] describes the expectation
value. As both give a measure of the power, in the following the
same operator symbol is used to provide a consistent notation.

energy per sample for a higher PRF is compensated
by the fact that more samples are gathered within the
integration time and then combined during azimuth
compression. We obtain (21), giving ps,BD that
describes the signal power after focusing with BD,
where the mean value is calculated on the original
interval Is and a “white” scene is assumed which
means that jU(f)j can be described by the signal
envelope A(f)

ps,BD
= N2 ¢ E[jU(f) ¢ rect(f=BD)j2]

= N2 ¢ E[(A(f) ¢ rect(f=BD))2]: (21)

E. Residual Reconstruction Error, Error Power, and
Azimuth Ambiguities

Section C illustrated that energy outside the
band [¡N ¢ PRF=2,N ¢ PRF=2] of the original signal
is not cancelled by the algorithm and disturbs the
unambiguous reconstruction of the multi-aperture
SAR signal. With knowledge of the overall
configuration and the antenna patterns, this section
derives the spectral “error” that remains from these
aliased parts after the system of reconstruction filters.
The further development considers the sampled
signal at receiver j in (16) and focuses on the kth
continuation of the original spectrum Uj(f + k ¢ PRF) =
Ujk(f). It is now of interest, how the ambiguous
parts of U(f), i.e., the contributions outside the
original frequency band [¡N ¢ PRF=2,N ¢ PRF=2],
are folded back by the sampling. As the further
processing of Ujk(f) by the filters Pjm(f) is defined
on sub-bands m of width PRF, the original band is
split into respective intervals Im = [(¡N=2 + m ¡ 1) ¢
PRF,(¡N=2 + m) ¢ PRF], where m = 1, : : : ,N. The
ambiguous contributions of Ujk(f) are located at
frequencies that deviate more than §N ¢ PRF=2
from the center frequency ¡k ¢ PRF, i.e., jf + k ¢ PRFj
> N=2 ¢ PRF. Further, only contributions within
[¡N ¢ PRF=2,N ¢ PRF=2] are of relevance, yielding
the following expressions for the bands where the
ambiguous parts are located:

N
2

PRF ¡ k ¢ PRF · f ·
N
2

PRF, k > 0 (22)

¡
N
2

PRF · f · ¡
N
2

PRF ¡ k ¢ PRF,

k < 0: (23)

Consequently, depending on k, certain
sub-bands of the spectrum are not cancelled
by the reconstruction algorithm and have to be
considered when determining the error. Assuming
a symmetrical pattern, i.e., A(f) = A(¡f), the
problem is symmetrical and it is sufficient to
concentrate on k > 0 and (22). In this case,
sub-bands Im up from index m0 = maxfN ¡ k + 1,1g
contribute to the error. Note that choosing m0 = 1
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Fig. 6. System model for single channel of multi-aperture system. After reception of Uj(f), receiver noise is added. Then RF signal is
amplified and digitized before filtering and coherent combination of all channels.

the average energy per time or frequency, respectively.
The normalisation to the respective interval width
is included in the mathematical operator E[:] that
represents the mean value for deterministic signals
and the expectation value for stochastic processes. For
reasons of simplicity, considerations are carried out
in frequency domain and after sampling in Doppler
frequency domain, both designated by f. After
sampling, only Doppler frequency is considered, as
reconstruction by the filters Pj(f) is carried out in
Doppler domain.

First, consider how the beamforming network
affects the noise power. In channel j, the thermal
noise contribution after sampling is gj ¢ fj ¢ nj(f)
while nqj(f) accounts for the quantization noise.
After digitization, filtering with Pj(f), and coherent
summation of all channels j, (28) describes the overall
noise n(f) in the reconstructed data. The output noise
power pn is then defined by the mean square value of
n(f) given by expression (29)

n(f) =
NX

j=1

Pj(f) ¢ (nj(f) ¢ gj ¢ fj + nqj(f)) (28)

pn = E[jn(f)j2]

= E

2

64

¯̄
¯̄
¯̄

NX

j=1

Pj(f) ¢ (nj(f) ¢ gj ¢ fj + nqj(f))

¯̄
¯̄
¯̄

2
3

75 :

(29)

As nqj and nj are uncorrelated [40], the overall
noise power pn simplifies to the sum of the noise
powers induced by thermal receiver noise components
pn,rx,j and the quantization (pn,q). Assuming mutually
uncorrelated nj , the squared sum representing the
receiver noise power in (29) simplifies to the sum of
squared values (cf. (30))

pn =
NX

j=1

E[jnj(f) ¢ Pj(f)j2] ¢ Gj ¢ Fj| {z }
Thermal noise pn,rx,j

+E

2

4
¯̄
¯̄
¯

NX

j=1

Pj(f) ¢ nqj(f)

¯̄
¯̄
¯

2
3

5

| {z }
Quantization noise pn,q

=
NX

j=1

pn,rx,j + pn,q: (30)

The power of nj(f) can be expressed by the power
at the point of reception, pn,el,j , i.e., the power of
nj,B(f), as the sampling changes only the power
spectral density of the noise without affecting its
power or spectral appearance

pn,el,j = E[jnj,B(f)j2] = E[jnj(f)j2]: (31)

Finally, we assume all subaperture elements j
to be identical, which means that we expect the
same characteristics for Gj , Fj , gj , fj and thermal
noise of same power pn,el,j for all elements. Further,
the assumption of spectrally white receiver noise
allows for separating the noise power and its spectral
weighting given by the Pj(f), which yields the
following expression for the system’s output noise
power pn that consists of pn,rx and pn,q

pn = pn,el ¢ G ¢ F ¢
NX

j=1

E[jPj(f)j2]

| {z }
Thermal noise pn,rx

+E

2

4
¯̄
¯̄
¯

NX

j=1

Pj(f) ¢ nqj(f)

¯̄
¯̄
¯

2
3

5

| {z }
Quantization noise pn,q

= pn,rx + pn,q: (32)

Due to the mutual correlation of the quantization
errors in the channels j, the scaling of the error by the
network can be stronger than the amplification of the
thermal noise. Generally, we expect that the number
of bits will be chosen such that the quantization noise
in the output signal will be negligible compared with
the thermal noise, which means that the overall noise
can be approximated by pn,rx defined by the input
noise power and an amplification factor determined
by the reconstruction filter network (cf. (32)).

In a next step, the influence of the reconstruction
network on the signal power is investigated. Taking
into account the power gain G of the LNA and
considering the scaling of the signal power by N2 by
the beamforming network (cf. Section D), the signal
power after reconstruction ps is given by scaled input
noise power ps,el according to (33)

ps = ps,el ¢ G ¢ N2: (33)

Combining (32) and (33), the following expression
for the scaling of the SNR by the network is obtained
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Fig. 9. Characteristic of SNR scaling factor ©bf versus PRF due
to signal reconstruction with consideration of processed Doppler
bandwidth of 7.6 kHz (solid) and for whole bandwidth (dashed).

signal. This yields a Doppler frequency-dependent
phase difference between the desired and the
actual signal that is corrected by the processing.
Finally, a space-time approach is evaluated that is
based on a frequency-dependent adjustment of the
weighting coefficients of the azimuth channels to
steer nulls in the joint antenna pattern to the angles
corresponding to the ambiguous Doppler frequencies.
This null-steering corresponds to a spatial filtering
of the data to suppress ambiguous frequencies in
the azimuth signal [27, 33]. Fig. 8 on the bottom
shows that the best suppression is achieved by
the reconstruction algorithm and the null-steering
approach. As shown in Appendix C, under certain
approximations this approach is already included in
the reconstruction algorithm. For a more detailed
comparison of different processing methods, refer to
[36].

Regarding the azimuth resolution, all algorithms
remain below 1 m for the optimum PRF of 1350 Hz,
but only the multi-channel processing approaches
(phase correction, null-steering, reconstruction
algorithm) provide a constant resolution over the
whole PRF range, while the resolution degrades
for increasing offset from the optimum PRF if no
dedicated processing is applied and the samples are
just interleaved.

Next, the noise equivalent sigma nought (NESZ) is
determined. In a preliminary step, the SNR scaling
factor ©bf , which describes the variation of the
SNR caused by the DBF network in dependency
of the PRF, is evaluated (cf. Fig. 9). ©bf worsens
with increasing deviation from the optimum PRF
due to the rising mean square value of the Pj(f)
that tends to infinity when the PRF entails spatially
coinciding samples and the whole system bandwidth
in azimuth is considered. This effect is mitigated by
the increasing oversampling caused by rising PRF
values in combination with a constant BD entailing
for the image a reduced part of the input noise power
(cf. Fig. 9, solid line). The improvement for uniform
sampling is directly given by 10 ¢ log[BD=(N ¢ PRF)] =
¡0:95 dB.

In addition, one has to account for the azimuth
loss factor Laz that considers the decay of the joint
Tx/Rx azimuth pattern which attenuates the recorded
signal while the added noise power remains spectrally
white [45]. Hence, the SNR becomes dependent
on the Doppler frequency. Assuming a normalised
rectangular filter of bandwidth BD for focusing
in azimuth, Laz is expressed by (39), where A0(f)
represents the normalised weighting of the Doppler
spectrum by the joint Tx/Rx azimuth antenna pattern.
A transmit antenna of 3 m and a receiving antenna of
1.6 m yield a loss of Laz = 2:7 dB

Laz =
BDR BD=2

¡BD=2 jA0(f)j2df
: (39)

Finally, the well-known expression for the NESZ
[1] is extended by the SNR scaling factor of the
reconstruction filter network ©bf,BD

(cf. Section IIIF)
which comprises a possible gain by oversampling,
but does not account for the changed input SNRel
with the PRF. As ©bf,BD

is normalized to PRFuni, an
additional compensation factor ©bf,NESZ = PRF=PRFuni
is required. Effectively, this considers the noise
power at PRF with respect to PRFuni according to
the changed number of samples. Note that all other
losses (system, atmospheric, etc.) and the receiver
noise figure are summarized in the loss factor L ¢ F.
The description and values of all parameters can be
found in Table II

NESZ =

256 ¢ ¼3 ¢ R3
0(£i) ¢ vs ¢ sin(£i)

¢k ¢ T ¢ Brg(£i) ¢ ©bf,BD
©bf,NESZ ¢ L ¢ F ¢ Laz

Ptx ¢ Gtx(£i) ¢ N ¢ Grx,j ¢ ¸3 ¢ c0 ¢ dc
:

(40)
Under consideration of the above parameters

and the respective transmit pattern we obtain the
following characteristic of the NESZ versus ground
range (cf. Fig. 10, top). In the case where an arbitrary
swath of 100 km can be imaged, the variation of the
NESZ for a swath centred at a certain range is given
by the best and worst value within the swath (cf.
Fig. 7, bottom). Note that this takes into account the
adaptation of the chirp bandwidth and the effective
transmit antenna height with varying ground range.
The steps in the curve result from the steps in the
PRF and the corresponding SNR scaling factor of the
reconstruction network. In both cases the NESZ is
below the required ¡19 dB.

V. OPTIMIZATION POTENTIALS

In a further step, strategies for optimizing the
SAR system performance are developed. The first
section identifies the main error sources, analyzes
their impact on the respective performance parameters
and derives general strategies to minimize the errors.
Then, in the following sections, specific techniques
according to those strategies are developed and the
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Fig. 10. Top: NESZ versus ground range for coverage by 6
distinct swaths. Bottom: Best (solid) and worst (dotted) NESZ for
arbitrarily located swaths. Ground range gives pointing location of

transmit antenna beam.

results of the optimized system are presented. As
main performance parameters to be optimized, we
focus on the signal-to-noise ratio, suppression of
ambiguous energy, and geometric resolution. The
optimization aims at improving the SNR and the
ambiguity suppression while keeping the resolution
at a constant level.

A. Error Sources and Optimization Approaches

1) Error Sources: In Section IIIE it was presented
that the ambiguous energy in the signal after
reconstruction is determined by two aspects. First (as
in any conventional SAR system) the joint antenna
characteristic of transmit and single receive aperture
contains information from azimuth angles that
correspond to Doppler frequencies outside the band
Is = [¡PRF ¢ N=2,PRF ¢ N=2]. These contributions
are subsampled and give rise to azimuth ambiguities
in the image. In addition, the ambiguous energy is
weighted and possibly amplified by the power spectral
densities of the reconstruction filter functions Pjm(f).
In general, this amplification is more severe, the
stronger the nonuniform sampling of the signal is.
Concerning the noise power, Section IIIF showed that
the processing by the reconstruction filter functions
may cause a degradation of the SNR, as the filters
Pjm(f) possibly amplify the noise power while
preserving the signal power. Analogically to the
ambiguities, this amplification rises with increasing

nonuniform sampling of the signal due to the inverse
character of the filter system. In this context, an
investigation of the spectral properties of ©bf shows
that the degradation of the SNR for strong nonuniform
sampling with PRF values above the optimum PRF
is dominated by the spectral sub-bands m of order 1
and N, i.e., the lowest and highest sub-band within the
system bandwidth Is. Consequently, the singularity
of the noise and ambiguity scaling for spatially
coinciding samples (cf. Section IVC) is caused by
these sub-bands, while the contribution of the other
sub-bands is not critical. This seems logical from an
information theoretical point of view as the remaining
samples when skipping the coinciding channels
still yield an effective sampling ratio that fulfils the
Nyquist criterion with respect to the bandwidth of the
inner sub-bands.

2) Optimization Potential: The above analysis
of error sources yields two main areas of possible
optimization. First, the minimization of ambiguous
energy in the received signal allows for reducing the
ambiguities in the image. This means that antenna
patterns on transmit and receive are adapted to
optimally confine the desired Doppler band, which
is the subject of a detailed analysis following in
Section B that introduces the idea of tapering on
transmit, while Section C includes the adaptation
of the receive characteristic. Besides, the azimuth
processing shows potential for improving the
performance by minimizing the error amplification
caused by the reconstruction filters. In a first simple
approach, the ratio between PRF and BD can be set in
a way to benefit from a large oversampling and allow
for eliminating frequency bands that primarily cause
the degradation of the performance. Basically this
corresponds to an appropriate lowpass filtering of the
signal to achieve acceptably moderate levels of SNR
degradation even near to singular PRFs. According
to the first paragraph it is necessary to filter the n
outermost bands at the lower and upper border of the
Doppler spectrum to suppress completely the strong
rise in noise scaling at the nth singular PRF. Hence,
the sampling ratio N ¢ PRF has to exceed the processed
bandwidth BD by a factor of N=(N ¡ 2 ¢ n) to keep the
SNR degradation low:

BD · (N ¡ 2 ¢ n) ¢ PRF: (41)

Although a very effective way of reducing the
SNR degradation, this requires a relatively high PRF
to guarantee the necessary oversampling with respect
to the processed bandwidth BD. This might cause
problems with the timing. Simply decreasing BD
for a given PRF represents the easier way to ensure
(41), but is at the cost of a deteriorated geometric
resolution. Nevertheless, a strongly improved
SNR might be obtained by a moderately degraded
resolution. So, finally this results in a trade-off
between azimuth resolution and SNR.
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Fig. 11. Basic principle of pattern tapering on transmit.
Suppression of aliased energy in combination with optimization of

signal energy.

Furthermore one can aim at improving the
conditions for the processing by matching the
phase centres and the PRF to obtain a data array
that is sampled as uniform as possible. This can be
either achieved by an adaptive management of the
PRF to obtain an improved spatial sampling, but
this approach shows only great potential in sparse
array systems and is hence only treated shortly in
Appendix D. In single platform systems, it is more
promising to adapt the phase centers to the PRF by
adding a reconfigurable preprocessing network to
the conventional beamforming obtaining a cascaded
network as introduced and elaborated in Section C.

In a next stage, the processing itself might be
modified, mitigating the negative effects of the
inverse filter by introducing a trade-off between
ambiguity suppression and SNR optimization in
the processing strategy. This comprises for example
an adapted beamforming approach that merges the
classical ambiguity suppression strategy with a beam
steering approach that optimizes the signal power (cf.
Section D). As one will see, the transition from the
techniques in Section C to Section D is smooth, as
both approaches are based on cascaded processing
networks.

B. Pattern Tapering on Transmit

As derived in Section IIID, all spectral energy
outside the band [¡N ¢ PRF=2,N ¢ PRF=2] causes
aliasing in the reconstructed signal and finally gives
rise to ambiguities. This can be avoided by confining
the Doppler bandwidth of the signal to N ¢ PRF by
an appropriate antenna pattern. In a very simple
approach, one could just enlarge the dimension of the
transmit antenna resulting in a narrower pattern. But
as this is achieved only at the expense of resolution,
a bigger antenna in combination with an adapted
tapering is to be used to provide improved ambiguity
suppression without degrading the resolution.
Furthermore, the better the pattern is limited to the
relevant Doppler frequencies, the better the emitted
power is used as less power is lost by illuminating
unwanted areas and consequently the NESZ of the
system is improved. The basic idea is visualized in
Fig. 11.

Fig. 12. AASRN versus PRF for BD = 7:6 kHz and different
transmit antenna sizes and patterns. sin(f)=f characteristic for an

aperture of 3 m (solid), 4 m antenna with cos(x) excitation
(dashed), 4.6 m antenna with (sin(f)=f)2 characteristic (dotted)

and approximately rectangular pattern (dotted dashed) for 11.2 m
antenna.

To demonstrate the potential of pattern tapering
on transmit, we consider the system of Section IV
and investigate different combinations of transmit
antenna dimensions and excitations that can be either
realized by a separate transmit antenna or by using
an active array that offers the flexibility to use parts
of the receiving antenna for transmit. Fig. 12 shows
the results for the azimuth ambiguity suppression
AASRN in comparison to the 3 m transmit antenna
with a uniform taper and hence a sin(f)=f pattern
(solid) as used in Section IV. The suppression is
already clearly improved for higher PRF values by
applying a 4 m antenna with a cos(x) excitation
(dashed) and becomes even better with a 4.6 m
antenna with a simple triangular tapering which
entails a (sin(f)=f)2 characteristic (dotted). However,
to provide an improvement in suppression also
for lower PRF values, a larger transmit antenna is
necessary. An unconventional realization is given by
the quasi-optimum–as it approximates a rectangular
pattern ¡sin(x)=x excitation in combination with a
transmit antenna of 11.2 m (dotted dashed) what
corresponds to the antenna length on receive. It
is realized by 35 elements of 0.32 m length each.
Especially the sin(x)=x-excitation demonstrates
the potential of tapering to efficiently cancel the
spurious spectral components while preserving the
resolution. Note that all scenarios show a resolution
below 1 m (BD = 7:6 kHz). A full exploitation of
the benefits of tapering requires a fine adjustment of
antenna dimensions, PRF and BD, taking into account
the trade-off between resolution and ambiguity
suppression.

In the frame of advanced concepts of transmit
antenna architectures in azimuth, a next step
comprises an antenna that allows for adaptively
varying the transmit phase center from pulse to pulse
by using only certain parts of the antenna. This would
enable a sliding phase center on transmit from pulse
to pulse that has the potential to compensate for
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Fig. 13. “Prebeamshaping on receive” network as analogue
representation of preprocessing network. Amplified RF signals of
various apertures are adaptively weighted and combined before
A/D conversion. This yields N optimized output channels that

enter the following DBF network.

a nonoptimum PRF. By choosing the direction of
the sliding phase center along or against the flight
direction, it is possible to adjust the spatial sampling
resulting from too high or too low PRF values,
respectively. The PRF range that can be compensated
is determined by the maximum displacement of the
phase center, while the fine-tuning ability of the
position, i.e., the “step size” of the phase center from
pulse to pulse, depends on the distance between single
transmit elements. Note that a shift of the phase center
is necessary every time it has reached its outermost
position. In the case of a too high PRF this requires
combining or even skipping some samples that might
overlap while in the case of a too low PRF this results
in “missing” samples within the synthetic aperture, as
a gap occurs when the phase center is switched.

C. Cascaded Beamforming Networks I–Analogue
Prebeamshaping on Receive

In the context of system optimization more
sophisticated beamforming on receive approaches
are regarded as powerful tools to adaptively improve
the system performance. In a cascaded beamforming
network the existing system is extended by a
second network that is used for analogue or digital
preprocessing of the multi-aperture SAR signals
before the reconstruction filter network introduced
in Section III is passed. In this section, we stick
to an analogue preprocessing technique of the
multi-aperture RF signals, a so-called prebeamshaping
on receive network, but the results are also valid for
a digital preprocessing step introduced in Section D.
The system is based on an antenna consisting of a
number of K independent elements. Then a network
follows, allowing for an individual and reconfigurable
weighting and combination of the elements’ signals

Fig. 14. Conventional multi-aperture system with subaperture size
d0 equal to the phase center distance (top) and system with

prebeamshaping on receive network (bottom). The multiple use of
certain elements yields mutually overlapping subapertures of
increased length d0

1, but decreased phase center spacing d1.

resulting in N “virtual” output channels j. The
weights may vary from subaperture to subaperture and
from channel to channel. This allows for “using” the
signal of a certain subaperture in more than one of the
virtual channels resulting in a spatial overlap of these
channels. The contribution of the signal of element i
to the virtual channel j is described by the complex
coefficient wij (cf. Fig. 13). In the case of analogue
preprocessing, each signal is amplified separately by
an LNA before weighting, combining, and digitizing
the RF signals.

The basic idea behind the network is to modify
the received signal in way to match it to the
reconstruction network, primarily by flexibly setting
the number and phase center position of the virtual
channels that are formed. This allows for adjusting the
spatial sample positions to the actual system PRF to
minimize the nonuniform sampling. In addition, such
networks enable to implement pattern tapering on
receive thus offering a powerful tool to e.g. suppress
ambiguities. The reconfigurable structure allows for
flexibly allocating the network resources to emphasize
a specific system parameter that finally results in
an adjustable trade-off between SNR, AASRN , and
resolution.

In the following the basic relations regarding
the formation of virtual channels are presented
to demonstrate the idea and potential of the
prebeamshaping concept. Consider a multi-aperture
antenna of overall length La = N0 ¢ d0, where d0

GEBERT ET AL.: DIGITAL BEAMFORMING ON RECEIVE: TECHNIQUES AND OPTIMIZATION STRATEGIES 579

Authorized licensed use limited to: Deutsches Zentrum fuer Luft- und Raumfahrt. Downloaded on June 22, 2009 at 12:15 from IEEE Xplore.  Restrictions apply.




























