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COMPACT MODEL NONLINEAR COMPENSATION OF
BANDLIMITED RECEIVER SYSTEMS

TECHNICAL FIELD

[0001] This disclosure generally relates to a compensator architecture and more
particularly to a compensator architecture with a decomposing circuit and a plurality of

filter elements.

BACKGROUND

{0302} Linearity is a fundamental requirement in many modern radio systems. It
enables the application of increasingly more sophisticated digital signal processing
algorithms to increase available data-rates and channel capacity in commercial wireless
applications. Furthermore, there exists a relationship between linearity and the ability to
apply digital signal processing {DSP} techniques to signals being processed in a radio
systern. Briefly, the more linear an RF receiver, the hagher the level of sophistication
which mav be used to digitally process the signals. The ability o apply sophisticated DSP
techniques is desirable since it feads {0 increases in available data-rates and channel

capacity in applications such as commercial wireless applications.

[0003] Linearity is also an important metric in the radar and signal intelligence
application space. Thus, as trends towards use of increasingly more advanced algorithms
to increase performance in radio systems, linearity becomes correspondingly more

important.

[0004] At the same time, complementary metal oxide semiconductor (CMOS) scaling
poses tremendous difficulties to traditional analog methods of improving system linearity.
Available analog dynamic range is limited due to decreasing voltage supplies in modern
CMOS as well as the degradation of transistor analog characteristics with each passing
generation, making linearity improving circuits such as op-amps, for example, harder to
implement with adequate performance. However, since scaling also makes digital
circuitry less expensive and more powerful, it becomes meaningful to explore digital
nonlinearity compensation as a means to recover at least some performance lost due to

nonlinearity of analog circuitry.

[0005] Digital receive-side nonlinear compensation has recently become of interest in

applications demanding high dynamic range. Some receivers include an analog-to-digital



WO 2019/018739 PCT/US2018/043046

converter (ADC) to quantize an analog signal at an output of the receiver. Thus, if
nonlinear distortion introduced by the receiver and ADC can be predicted and recreated
based upon observed sampled output via an appropriate nonlinear model, then this
recreated distortion can be subtracted away from the original digitized data stream, leading

to a corrected output having significantly lower nonlinearity induced distortion.

[0006] In bandlimited receiver systems, strong frequency selectivity is required. Thus,
such systems include very sharp bandwidth-defining elements such as input band-select
filters and intermediate frequency (IF) or baseband filters. Introducing these bandpass
elements leads to significant increases in the complexity of a nonlinear compensator. It
would therefore, be desirable to provide an efficient technique to deal with this effect in

order to satisfactorily implement the digital nonlinearity correction concept.
SUMMARY

[0007] The concepts, systems, and techniques disclosed herein are directed toward a
compensator architecture decomposing an input digital into a positive and negative
frequency signal component and applying characteristics of filter elements matched to the

nonlinear frequency response of the decomposing to the decomposed signals.

[0008] According to one illustrative embodiment, a nonlinear compensator may include
a decomposition circuit and a plurality of filter elements. The decomposition circuit may
have a nonlinear frequency response characteristic and the decomposition circuit may be
configured to receive an input signal and decompose the input signal into decomposed
signals corresponding to positive and negative frequency signal components of the input
signal. Each of the plurality of filter elements may be configured to receive at least
portions of the decomposed signals and apply filter element characteristics to the
decomposed signals with the filter element characteristics that are matched to the

nonlinear frequency response of the decomposition circuit.

[0009] In one variation of the illustrative embodiment, the plurality of filter elements

may be configured to reduce the number of tones to characterize the nonlinear system.

[0010] In one variation of the illustrative embodiment, the plurality of filters may
comprise at least one of at least one nonlinear operation element or at least one linear

operation filter.
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[0011] In one variation of the illustrative embodiment, the at least one nonlinear
operation element may comprise at least one static nonlinear mathematical operation

element.

[0012] In one variation of the illustrative embodiment, the at least one linear operation
filter may comprise at least one of at least one static linear filter or at least one adaptive

linear filter.

[0013] In one variation of the illustrative embodiment, the decomposition circuit may
comprise at least one long memory filter. In some embodiments, the long memory filter is
a Hilbert filter to decompose the input signal into the decomposed signals. In other
embodiments, the decomposition circuit may further comprise a down-conversion circuit
including at least one long memory filter having a low pass filter characteristic to
decompose the input signal into the decomposed signals. Herein, the decomposition

circuit may further comprise a decimator.

[0014] In one variation of the illustrative embodiment, the decomposed signals may be
interpolated by a fractional factor F, where F is a fraction greater than 1. In addition, the
decomposed signals may be decimated by a fractional factor F, where F is a fraction

greater than 1.

[0015] According to another illustrative embodiment, a method for compensating
signals may include the steps of receiving an input signal and decomposing, by a
decomposition circuit having a nonlinear frequency response characteristic, the input
signal into decomposed signals corresponding to positive and negative frequency signal
components of the input signal. The method may further include receiving at least
portions of the decomposed signals, by a plurality of filter elements, wherein the
characteristics of the plurality of filter elements are matched to the nonlinear frequency
response characteristic of the decomposition circuit and applying the characteristics of

each of the plurality of filter elements to the decomposed signals.

[0016] One variation of the illustrative method may further include the step of reducing

the number of tones to characterize the nonlinear system by the plurality of filter elements.

[0017] One variation of the illustrative method may further include the step of

interpolating the decomposed signals by a fractional factor F, wherein F is a fraction
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greater than 1. In addition, the method may further include decimating the decomposed

signals by a fractional factor F, where F is a fraction greater than 1.

[0018] According to yet another illustrative embodiment, a receiver system may include:
a continuous-time nonlinear system that processes an input signal and produces an
intermediate signal, wherein the intermediate signal is a digital signal; a decomposition
circuit configured to receive the intermediate signal and having a nonlinear frequency
response characteristic to an input signal provided thereto, said decomposition circuit
configured to decomposes an input signal provided thereto into decomposed signals
corresponding to positive and negative frequency signal components of the input signal;
and a plurality of filter elements each of which is configured to receive at least portions of
the decomposed signals and apply filter element characteristics to the decomposed signals
with the filter element characteristics being matched to the nonlinear frequency response

of the decomposition circuit.

[0019] In one variation of the illustrative embodiment, the continuous-time nonlinear

system may comprise input circuitry, a device-under-test, and output circuitry.

[0020] In one variation of the illustrative embodiment, the input circuitry may comprise
an input driver, a power combiner, a balun, or a filter. In addition, the output circuitry

may comprise an output filter or an Analog-to-digital converter (ADC).

[0021] The details of one or more embodiments of the disclosure are set forth in the
accompanying drawings and the description below. Other features, objects, and
advantages of the disclosure will be apparent from the description and drawings, and from

the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0022] The foregoing features may be more fully understood from the following

description of the drawings in which:
{0023} FIG.1 is a block diagram of a generic model of nonlinear compensation;

[0024] FIG. 2 is a block diagram of a digital compensator according to the concepts

described herein;
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{0025} FIG 2A is a block diagram of a continuous-time nonlinear system which the
digital compensator in FIG. 2 matches;

[0026] FIG. 3 is a block diagram of a first illustrative embodiment of an efficient

compensator according to the concepts presented herein;

[0027] FIG. 4 is a block diagram of a second illustrative embodiment of an efficient

compensator according to the concepts described herein;

[0028] FIG. 5 is a flowchart of compensating non-linear signal according o the concepis

described herein;

[0029]  FIG. 6 illustrates a comparative example illustrating the effect of bandpass filters

on required memory of Volterra compensators:

[0030] FiG. 7 illustrates a higher order frequency response (HOFR) and required time

domain Volterra compensator for setup A and setup B of FIG. 6;

[0031] FIG. § illustrates application of a Taylor equalizer to a two-tone stimulus in setup

B of FIG. 6;

[0032] FiG. 9 illustrates source of differences in the HOFR for setup A and setup B of
FIG. 6; and

[0033] FIG. 10 illustrates a structure of an Hilbert compensator for setup B of FIG. 6.

DETAILED DESCRIPTION

[0034] All relative descriptions herein, such as left, right, up, and down, are with
reference to the Figures, and not meant in a limiting sense. Additionally, for clarity,
common items and circuitry, such as integrated circuits, resistors, capacitors, transistors,
and the like, have not been included in the Figures, as can be appreciated by those of
ordinary skill in the pertinent art. Unless otherwise specified, the illustrated embodiments
may be understood as providing example features of varying detail of certain
embodiments, and therefore, unless otherwise specified, features, components, modules,
elements, and/or aspects of the illustrations can be otherwise combined, interconnected,
sequenced, separated, interchanged, positioned, and/or rearranged without materially
departing from the disclosed concepts, systems, or methods. Additionally, the shapes and

sizes of components are intended to be only illustrative and unless otherwise specified, can
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be altered without materially affecting or limiting the scope of the concepts sought to be

protected herein.

[0035] The concepts, systems and techniques described herein are directed toward
compensator structures for systems having fixed bandpassing elements. In accordance
with the concepts, systems and techniques described herein, it has been found that splitting
a signal into its positive and negative frequency components and applying a cascade of
linear filters, static nonlinearities, and linear filters having selected characteristics results

in equalizer structures which are more efficient than prior art to create equalizer structures.

[0036] Referring now to FIG. 1, a generic model of nonlinear compensation may include
continuous-time portion 101 and discrete-time portion 102. The intermediate signal 105
from a continuous-time nonlinear system 104 is to be compensated digitally by a discrete
time compensator 111. The continuous-time nonlinear system 104 may include a device-
under-test (DUT) 107 that equalizes the input continuous signal, input circuitry that may
include any input drivers, power combiners, baluns, or filters, and output circuitry that
may include any output filters, analog-to-digital converter (ADC) that samples and hold
frequency response and ADC nonlinearity. The input signal 103 is converted into a digital
signal as the input signal is processed by the continuous-time nonlinear system 104,
Accordingly, the intermediate signal 105 is a digital signal. The intermediate signal 105
from the continuous-time nonlinear system 104 may be compensated by a nonlinear
compensator 111. The intermediate signal 105 may sample the signal after distortion of
the DUT 107 and ADC in the output modifiers 108. The nonlinear compensator 111 may
compensate the distorted to signal to generate output signal 114 that has less nonlinear

distortion than the intermediate signal 105.

[0037] Two challenges are significant for this problem. For many applications in
receive side compensation, the signal statistics are truly unknown, thus nonlinear
compensator 111 must be a generic model that works for all input conditions. This
requirement may have conflict with the requirement in Digital Pre-Distortion (DPD),
where the overriding concern is with adjacent channel power ratio (ACPR) so that it is
acceptable to have the very non-physical situation of different compensator coefficients
for different input signals (e.g. WCDMA vs LTE) or even power levels. The second
challenge is the fidelity requirement. Since the compensator is a canceller, it reduces
distortion via subtraction, whereas most linearity metrics are measured in dB. As a result,

an equalizer must be 90% accurate to improve linearity 20dB, and 99% accurate to
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improve linearity by 40dB. Furthermore, as the characteristics of the continuous-time
nonlinear system 104 changes due to configuration, temperature, supply, aging, etc., the

equalizer must also accurately track it in order to maintain performance.

[0038] For the problem represented in FIG. 1, the dominant method of implementing a
nonlinear compensator involves using a discrete time representation of a Volterra series
model and then modifying or “pruning” the coefficients. The Volterra series is a generic
model of nonlinearity that is capable of representing any weakly nonlinear system with
fading memory. It also has the desirable characteristic of being linear in coefficients,
which makes it pair very well with existing least squares based methods of adaptive filters.
One drawback of a Volterra model is that it has many degrees of freedom and the number
of parameters to fit increases super-linearly as the memory of the system increase. Several
approaches to basis reduction has been described in the literature, such as using a subset of
the Volterra kerel. This subset may involve individual kernel elements, lines, or cubes of
coefficients as well as more exotic subsets such as generalized memory polynomials or
dynamic deviation. The basis space may be further pruned by methods such as greedy
algorithms or picking the largest values. These methods can lead to satisfactory results,
but create inefficient models where potentially many hundreds of independent coefficients
are used to fit a nonlinearity that is physically created through far simpler mechanisms

with much fewer degrees of freedom.

[0039] Other alternative approaches that have been recently explored involve neural
networks, which execute a cascaded identification procedure involving cascades of linear
filters and memoryless nonlinearities. These approaches have similar drawbacks to the
Volterra coefficient based methods in that it is a “black box™ approach and the result may
have little physical correspondence to the system. Due to the lack of physical

correspondence, systems identified with one input type may fail to generalize to other

input types.

[0040] To address the limitations above mentioned, described herein is an illustrative

embodiment of a nonlinear compensator according to the disclosed concepts.

[0041] Referring now to FIG. 2, the illustrative embodiment of a nonlinear compensator
220 may include a decomposition unit 204 and a plurality of filters 207, 208, 209. As
shown in FIG. 1, input signal 201 is processed by a continuous-time nonlinear system 202.

The continuous-time nonlinear system 202 may include input modifiers, device-under-test,
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and output modifiers as in FIG. 1. The intermediate signal 203 may include distortion

from the DUT of the continuous-time nonlinear system 202.

[0042] For example, as shown in FIG. 2A, a continuous-time nonlinear system 202 may
include a linear bandpass filter 251 placed in front of a static nonlinearity block 252 and
then sampled by an analog-to-digital converter 253. The bandpass filter 251 may define
the input frequencies that the system supports. Due to the bandpass filtering, only
intermodulation distortion may be present, while higher order spurs corresponding to the
sum products of the tones (harmonic distortion) are filtered out as well as any
intermodulation products that fall out of the input bandwidth of interest. The lack of
harmonic distortion and out of band intermodulation related spurs may impart significant
nonlinear memory into the system. However, as can be appreciated by those of ordinary
skill in the pertinent art, distortion or nonlinearity in the intermediate signal may be

introduced through other ways.

[0043] Referring now back to FIG. 2, the intermediate signal 203 coming from the
continuous-time nonlinear system 202 may be converted by the decomposition circuit 204
into a corresponding complex representation of a negative frequency signal component
205 and a positive frequency signal component 206. This decomposition is in order to
facilitate nonlinear compensation in a bandpass representation. The decomposition may
be done digitally using at least one long memory filter. The long memory filter is a
particular type of filter having many delays of finite impulse response (FIR) taps in a
range of 20 to hundreds taps. In contrast, a short memory filter has 1-5 taps. In the actual
implementation, there may be various ways of implementing decomposing digital signals
using a long memory filter. For example, the decomposing circuit may be implemented
using a Hilbert filter, which is a specific form of a long memory filter that provides Hilbert
transformation. In another embodiments, the decomposing circuit may be implemented
as a quadrature down-conversion circuit in analog or digital. The quadrature down-
conversion circuit may be followed by a sharp low pass filter, which is another type of a
long memory filter. In some embodiments, an optional decimator may be appended after
the low pass filter. The combination of the quadrature down-conversion circuit, a sharp
low pass filter and an optional decimator provides function of decomposing an input
digital signal into positive and negative frequency components corresponding to the input
signal. However, the decomposition may be done in any other methods or technologies

available, as can be appreciated by those of ordinary skill in the pertinent art. The
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decomposition unit described herein may be implemented in Application-Specific
Integrated Circuit (ASIC), programs executed on programmable processor, or as can be

appreciated by those of ordinary skill in the pertinent art, by any methods available.

[0044] The negative frequency signal 205 and the positive frequency signal 206 may be
processed by a plurality of filters 207, 208, 209. In this illustrative example, the negative
frequency signal 205 is processed by Filter-1 207 and the positive frequency signal 206 is
processed by Filter-2 208 and Filter-N 209. However, as can be appreciated by those of
ordinary skill in the pertinent art, the negative frequency signal 205 and the positive
frequency signal 206 may be processed by any combination of filters respectively. After
processed by the plurality of filters, the output signal may have less nonlinear distortion
than the intermediate signal 205. The plurality of filters may be a combination of one or
more nonlinear operations and/or one or more linear combination filters. The nonlinear
operation is usually a static mathematical operation, examples of which are as
multiplication or squaring. The linear operation filter may be a static operation filter or an
adaptive linear filter. An adaptive linear filter may perform different operation depending
on the input signal to the filter The application of the appropriate cascade of static
nonlinear operation filters and linear operation filters on the complex signal via complex
filters is to implement the memory elements. The plurality of filter elements may reduce
the number of tones to fully characterize the nonlinear system. This inventive concept will

be explained in detail with the following examples.

[0045] Referring now to FIG. 3, a block diagram of a first illustrative embodiment of an
efficient compensator according 1o the concepts presented herein is shown. In FIG. 3, a
decomposition circuit 304 in a compensator structure 300 may receive an intermediate
signal 303 coming from a continuous-time nonlinear system. The decomposition circuit
304 may convert intermediate signal 303 into its positive and negative frequency
components 305, 306. When the positive and negative frequency components are
represented as §,, ¥_, the intermodulation effect may be then created by a plurality of
filters 307, 308 representing an operation of 7,92 = J_|y_|?>. Then the signal may be
scaled via another filter performing a scaling circuit 309 that has a single coefficient c;.
The out of band intermodulation rejection may be then modeled by a further application of
a filter 310 having a filter characteristic described by A_ to the product. A filter having
characteristic of A_ is a negative frequency filter, which extracts just the negative

frequencies from the signal. Herein, the characteristics of the plurality of filter elements
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307, 308, 309, 310 are matched to a nonlinear frequency response of the decomposition

circuit using the methods described in detail in FIGs 6-10 and corresponding paragraphs.

[0046] The equalizer described above may implement the equivalent of thousands of
Volterra kemel coefficients using only two fixed filters describing the bandpass filter and
a single coefficient describing the nonlinearity. The static nonlinearity can be
characterized by testing the nonlinear response of the system for a single two-tone

combination.

[0047] Referring now to FIG. 4, a block diagram of a second illustrative embodiment of
an efficient compensator according to the concepts presented herain is shown. This
compensator structure may match with an equalizer for a direct sample ADC
implementing a fully digital receiver. In the fully digital receiver, the signal is directly
sampled at many GHz via samplers which may, be provided as an ADC (i.e. a direct
sample ADC is used in implementing the fully digital receiver), converted to in-phase and
quadrature components through digital down conversion, where it is then band-pass

filtered and decimated to create the complex IF output.

[0048] With the compensator structure 400 in FIG. 4, now the complex signal created
through a decomposition unit 405 is interpolated by a factor of two (see box 406) then
input into a chain of static nonlinear operation filters 406, 409 and adaptive linear filters

407, 409 h,and lef matched to the receiver structure. The first linear operation filter 407

having characteristic of h; may be a high pass filter that passes signals with a frequency
higher than a certain cutoff frequency and attenuates signals with frequencies lower than
the cutoff frequency. The second operation linear filter 409 having characteristic of }le
may be a low pass filter that passes signals with a frequency lower than a certain cutoff
frequency and attenuates signals with frequencies higher than the cutoff frequency. The
nonlinear operation filters 406, 408 are static operation filters since the filters always
square an input signal or combine input signals respectively. These filter responses are
found through analysis of the response of the system to multi-tone inputs. That is, the
characteristics of the high pass filter and the low pass filter 407, 409 are matched to a
nonlinear frequency response of the decomposition circuit. Since two linear filters are
sufficient to characterize the response, they may be found via two sweeps of a two-tone
input: One a sweep for spur output frequency and a second sweep for tone separation

frequency.

10
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[0049] Referring now to FIG. 5, a flowchart 500 of an example of compensating non-
linear signal is described. In step 510, an input signal from a continuous-time nonlinear
system is decomposed by a decomposition circuit into a corresponding complex
representation of a negative frequency signal and a positive frequency signal. In step 520,
a plurality of filters receives at least portions of the decomposed negative frequency signal
and positive frequency signal. Number of filters for negative frequency signal and
positive frequency signal respectively may vary depending on the type of the continuous-
time nonlinear system and desired characteristics of nonlinearity. In step 530,
characteristics of the plurality of filters are applied to the decomposed negative frequency

signal and positive frequency signal.

[0050] The functions described herein (e.g., process 500) is not limited to use with any
specific hardware and software; they may find applicability in any computing or
processing environment and with any type of machine or set of machines that is capable of
running a computer program. The processes described herein may be implemented in
hardware, software, or a combination of the two. The processes described herein may be
implemented in Application-Specific Integrated Circuit (ASIC) or computer programs
executed on programmable computers/machines that each includes a processor, a non-
transitory machine-readable medium or another article of manufacture that is readable by
the processor (including volatile and non-volatile memory and/or storage elements), at
least one input device, and one or more output devices. Program code may be applied to
data entered using an input device to perform any of the processes described herein and to

generate output information.

[0051] The nonlinear higher order frequency response (HOFR) for selecting an

appropriate nonlinear compensator structure will be described in detail with an example.

[0052] The memory effect of bandpass filters on required nonlinear compensators will

next be described.

[0053] Considering two systems in FIG. 6, a static third order nonlinear system g(x) =

x + gsx3 may be characterized by a wideband ADC in its second Nyquist zone where the
input frequencies are chosen so that f; € E, fs]. In setup A, g(.) is directly connected to

the ADC which for simplicity is assumed to be an ideal sampler. In setup B, the g(.)’s
output is first connected to an ideal bandpass filter before being sampled by the ADC.

11
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[0054] The 3" order HOFR and required Volterra time-domain compensators are
extracted via the procedure given in Section II (FIG. 7) for N = 2% and f, = 160MHz.
The HOFR of setup A is proportional to g; and homogenous throughout the entire
domain, while the HOFR of setup B exhibits both constant valued regions and regions of
zero value as well as sharp transitions between those regions. Due to the 3-IDFT
relationship between the HOFR and Volterra kernel, one would expect that the time-
domain compensator for setup A would be exceptionally simple while being much more
complicated for setup B. One can see that setup A requires a single Volterra coefficient for

compensation, while setup B contains 2500 Volterra coefficients within 50d B ax(jz,|)-

despite the nonlinearity being determined simply by a scalar parameter g5 in the physical
system. This illustrates a fundamental inefficiency of any compensator that directly
performs Volterra kernel calculations without regard to the physical system’s structure as
a single underlying physical nonlinearity parameter can simultaneously influence many
Volterra kemel coefficients. The above kemel extractions show setup A is a system that is
far easier in terms of nonlinear memory to compensate than setup B despite exhibiting

many more spurs aliasing into [0, f;] due to the lack of bandpass filter.

[0055] Applying a single coefficient (Taylor) equalizer to setup B illustrates the reason
such a large amount of nonlinear memory is needed in the compensator (FIG. 8). The
equalizer efficiently cancels spurs that are already present in the record for setup B while
generating all spurs that were eliminated due to the presence of the band-pass filter. One
may conclude that the role of nonlinear memory in the required Volterra kemel of setup B
is to prevent generation of nonlinear spurs that were already physically eliminated through
the bandpass filter. Intuitively, this must be done through an appropriate “interference
pattern” of many nonlinear memory elements, as any single Volterra kernel coefficient

km, m,m, generates output spurs at all harmonic combinations of the input data with

constant magnitude scaled by Cy ..

[0056] The details for deriving a Hilbert Compensator for the purposes described herein

will next be described.

[0057] Detailed examination of the required HOFR response ([0030]FIG.6) of
compensator K 5 for setup B shows the influence of the bandpass filter as well as

provides hints for the structure of an efficient compensator. It is noticed that:

12
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R3,B[k1 k3] =0 Vkl, kz, k3 >0 (1)

[0058] This may show that spurs corresponding to combinations of three positive
discrete frequencies are not present in setup B. This can be understood by realizing that
when the continuous time input is given in second Nyquist, the positive discrete
frequencies k4, k,, k3 > 0 correspond to negative real frequencies f3, f>, fz < 0 (FIG. 9).
The output spur associated with the continuous time system Hz g (f; ... f3) encompassing

both g(.) and the output bandpass filter can be seento fallat —3f, < fo=fi+ o+ f3 <

-3 % and is thus filtered out by the second Nyquist bandpass filter, which selects

frequencies f, € + [%, fs]. Additionally from the HOFR in regions k; ... k3 where two k
indexes are negative (this may be referred to as the intermodulation region), diagonal
planes of transition from passband to stopband behavior may be observed. This is
attributable to further bandpass filtering after intermodulation. In the continuous time

system Hj p if the sum of two positive and one negative f; falls in the range of % <f, <

fs then H; g(f; ... f3) = g3 while otherwise H; g(f; ... f3) is zero (FIG. 9).

[0059] The emphasis on the importance of positive and negative frequency
combinations in the HOFR of compensator K3,B motivates decomposing the input y[n]
into complex components ¥, [n] and y_[n] containing only positive and negative

frequency components as follows:

Pl

5. 0n] = = (v[n] + ] hilfn] = y[n]) = k. [n] * y[n]

2 %)

1 -
y-In] = n] = hilln] * y[n]) = h_[n] * y[n]
[0060] Where hil[n] * y[n] denotes convolution between a Hilbert filter and y[n]. The

Hilbert filter frequency response is given as follows:

N
Hil(k) = —j ,0<k<—=
2 3
N
Hil(k) = +j,5 <k <N

hy[.1, h_[.] defined as above are complex filters that isolates positive and

negative frequencies.

[0061] It can clearly be seen that y[n] = ¥,[n] + ¥_[n]. If one observes the response of

y[n]? in these components it is found:

13
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y[n]* =2 Re(@_[n]* + 39_[n]*9. [n]) C))
[0062] One can see that 7_[n]3 solely creates harmonic components associated with the
mixing of three negative discrete frequencies while y_[n]?¥, [n] creates harmonics
associated with the mixing of two negative and one positive discrete frequency. These
physically correspond to the mixing of three positive continuous frequencies (harmonic
distortion) and the mixing of two positive and one negative frequency (intermodulation) in
the continuous system H; z(f; ... f3). Thus, to generate a compensator which only has
response at the intermodulation frequencies, one may simply omit the §_[n]® component

from the compensator.

[0063] The additional output filtering effect seen by the diagonal transition in the
intermodulation region of K5 z[k; ... k3] (FIG. 7) can be obtained by noting that if the

discrete frequencies generated by the operation y_[n]?¥ , [n] fall outside the range of

k, € E, N ] then it corresponds physically to the output spurs from continuous system

Hj3 p falling outside the range of f, € [%, fs] and thus an additional application of A_[.] is

required after nonlinear spur generation. The efficient second Nyquist compensator output

for the system of setup B can thus be shown to be:

Yeln] = 2 Re (h_[n] « Bgs 5_[n)I5_[n]|?)) )

where it is noted that y, [n] y_[n] = |y_[n]|?.

[0064] The required compensator structure is shown in FIG. 10. With respect to [n], the
nonlinear compensator has a linear filter-memoryless nonlinearity — linear (LNL) filter
structure which is not identifiable through least squares methods [1]. However, with
respect to the transformed quantity ¥_[n] the compensator is Hammerstein and thus is
linear in coefficients. Eq. (5) can be recognized as a memory polynomial to those familiar
with digital-predistortion (DPD) [1]. However in DPD, the available data is already
complex (since it is the envelope to be modulated on a carrier), whereas in this example
the real signal y[n] is decomposed into complex components to facilitate compensation,

an insight that is not readily apparent without the insights gained from HOFR analysis.

[0065] The compensator structure of Eq. (5) is physically satisfying in that it only has
one underlying nonlinearity parameter, much like the physical system. The nonlinear
Volterra memory required in FIG. 7 is implemented through the memoryless

multiplication operation of §_[n]|¥_[n]|? after application of the negative frequency filter

14
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h_[.] on the input y[n] as well as through output filtering of 3gs¥_[n]|¥_[n]|? by A_[.].
Since h_[.] involves a Hilbert transform, it is a linear filter whose impulse response in
principle is non-zero valued at all odd indices. Subsequent memoryless nonlinear

operations expand the memory of h_[.] efficiently into higher dimensional Volterra space.

[0066] Any receiver system requiring linearity can make use of these techniques. Such a
technique finds use in applications including, but not limited to, radar, SIGINT,
COMMINT, and commercial wireless that can utilize the improved digital nonlinearity
compensation structures shown here. The proposed technique also finds application in
systems in which digital linearity enhancement techniques for receivers in an array are

necessary.

[0067] Having described preferred embodiments, which serve to illustrate various
concepts, structures and techniques, which are the subject of this patent, it will now
become apparent that other embodiments incorporating these concepts, structures and
techniques may be used. Accordingly, it is submitted that the scope of the patent should
not be limited to the described embodiments but rather should be limited only by the spirit

and scope of the following claims.

[0068] Accordingly, other embodiments are within the scope of the following claims.

15
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What is claimed is:

1. A nonlinear compensator compnsing

a decomposition circuit having a nonlinear frequency response characteristic, the
decomposition circuit being configured 1o receive an mput signal and decompose the input
signal provided thereto info decomposed signals corresponding to positive and negative
frequency signal componentis of the input signal; and

a plurality of filier elernents each of which is configured to receive at least portions
of the decomposed signals and apply filter element charactenistics to the decomposed
signals with the filter element characteristics being maiched to the nonlinear frequency

response of the decomposition circuwit.

2. The nonlinear compensator of claim 1, wherein the plurality of filter elements is

configured to reduce the number of fones to characterize the nonlinear system.

3. The nonlinear compensator of claim 1, wherein the plorality of filters comprises at
teast one of
at least one nonlinear operation element; or

at least one hinear operation filter,

4 The nonlinear compensator of claim 3, wherein the at least one nonlinear operation

element comprises at feast one static nonlinear mathematical operation element.

5. The nonlinear compensator of claim 3, wherein the at least one linear operation
filter comprises at least one of’
at least one static linear filter; or

at least one adaptive linear filier.

16
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6. The nonliear compensator of claim 1, wherein the decompaosition circuit

comprises at leasi one long memory filter,

7. The nonlinear compensator of claim 6, wherein the long memory filter is a Hilbert

filter to decornpose the input sigoal into the decoraposed signals.

8. The nonlinear compensator of claim 6, wherein the decomposition cireut further
comprises a down-conversion circutt including at teast one long roemory filier having a

tow pass filter characteristic o decompose the input signal into the decomposed signals.

9. The nonlinear compensator of claim 8, wherein the decomposition circut further

comprises a decimator,

10 The nonlinear compensator of claim 1, wherein the decomposed signals are

interpolated by a fractional factor F, where F is a fraction greater than 1.

1L The nonlinear compensator of claim 1, wherein the decomposed signals are

decimated by a fractional factor F, where F 15 a fraction greater than 1.

i2. A raethod for corapensating signals, the method comprising
ecetving an mput signal;
decompasing, by a decomposition circuit having a nonlinear frequency respouse
characteristic, the input signal infto decomposed signals corresponding to positive and

negative frequency signal componentis of the input signal;

17
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receiving at ieast portions of the decomposed signals, by a plurality of filter
elements, wherein the characteristics of the plurality of filter elements are matched to the
nonlinear frequency response characteristic of the decomposition ciraut; and

applying the characienistics of each of the plurality of filier elements to the

decomposed signals.

13. The method of claim 12, further comprnising reducing the number of tones {o

characterize the nonlinear sysiem by the plurality of filter elements.

14 The method of claim 12, further comprising interpolating the decomposed signals
by a fractional factor F, where F s a fraction greater than 1.
13 The method of claim 12, further comprising decimating the decomposed signals by

a fractional factor F, where F is a fraction greater than 1

16. A receiver sysiem, the recetver system comprising

a continuous-time nonlinear system that processes an input signal and produces an
mtermediale signal, whergin the itermediate signal 1s a digital signal

a decomposition circuit configured to receive the intermediate signal and having a
nonlinear frequency response characierisiic to an mput signal provided thereto, said
decoraposition circutt configured to decomposes an input signal provided thereto mio
decomposed signals corresponding to positive and negative frequency signal components
of the input signal; and
a plurality of filter elements each of which 15 configured to receive at least portions

of the decomposed signals and apply filter element characteristics to the decomposed

18
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signals with the filter element characteristics being maiched to the nonlinear frequency

response of the decomposition circiut,

17 The recerver svstem of claim 16, wherein the continuous-time nonlinear svstem

comprises input circuitry, a device~under-test, and output civcuitry,

18. The receiver system of claim 16, wherein the input cireuitry comprises an inpui

driver, a power combiner, a balun, or a filter.

19 The receiver system of claim 16, wherein the output circuitry comprises an oufput

filter or an Analog-to-digital converter (ADC).

19
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