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ABSTRACT This paper presents and demonstrates the design of a filter-less transmitter architecture with
digitally assisted harmonic cancellation. A neural network is used to model the harmonics as well as IMD
for digital predistortion applications. This neural network-based harmonic modeling does not require any
reference signal to be injected at the input of PA, thereby reducing the complexity in characterizing the
harmonics. An in-house 10 W PA operating from VHF to L-band has been designed and characterized for
its harmonic suppression. This PA is used along with agile RF transceiver AD9361 from Analog Device and
Xilinx embedding platform using Zynq ZC-706 system-on-chip for implementing the entire transmitter. The
receiver of AD9361 captures the nonlinearity of the PA in terms of harmonics as well as intermodulation
distortion (IMD) components for modeling and predistortion. The proposed architecture can handle all types
of distortions due to hardware as well as PA nonlinearity. Besides, it is also able to cancel the harmonics using
a harmonic injection in the feed-forward configuration. This transmitter architecture has the advantages
of being low cost, filter-less, wideband, frequency agile, reconfigurable and less bulky compared to the
conventional scheme. The proposed scheme is demonstrated to transmit 5 MHz LTE signal at different
frequencies over the range of 100 MHz to 400 MHz. In such a case, the second and third harmonics appear
over the frequency range from 200 MHz to 1.2 GHz, which are within the amplification range of PA, yet
they are suppressed without using any filter at the output. More than−40 dBc harmonic rejection is achieved
over the entire operating range of this filter-less transmitter. The adjacent channel leakage ratio (ACLR) is
always better than −45 dBc after applying digital predistortion.

INDEX TERMS Power amplifier, software-defined radio, filter-less, harmonic injection, neural network,
non-linear characterization, digital predistortion, feed-forward cancellation.

I. INTRODUCTION
The rapid evolution of wireless standards demands a radio
platform that is transparent to all the existing standards. Since
these standards may not operate with the same frequency
spectrum and modulation schemes, a multi-standard/multi-
mode software-defined radio (SDR) is considered as one
viable solution [1]. The radio functionalities of SDR can be
rapidly configured to any standard with software control. The
radio frequency (RF) transmitter in such SDR must operate
over a wide range of radio spectrum for backward compatibil-
ity. This enables the handling of existing as well as upcoming
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wireless standards simultaneously. Moreover, it can also
provide backward compatibility to the old generation of wire-
less communication. Therefore, the upcoming RF transmit-
ter architecture must offer wide bandwidth with operating
range, even extending to multi-octave frequencies. In addi-
tion, the tactical radios operating in VHF/UHF band also
require multi-octave RF transmitters [2]–[5]. The key prob-
lem in such multi-octave transmitters is to handle harmonics
generated within the band of operation. These harmonics are
generated due to the non-linear power amplifier (PA). One
conventional way is to operate PA well below from its satu-
ration in the linear region, but this results in poor DC to RF
conversion efficiency. This poor efficiency not only results in
wastage of energy but also requires costly as well as a bulky
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FIGURE 1. Conventional multi-octave transmitter.

mechanism for heat dissipation and cooling to ensure reliable
operation. Nevertheless, merely operating PA in the back-off
region may not fulfill the harmonic suppression requirements
for several applications. In the case of multi-octave PAs, any
harmonic falling within the operating range will be amplified
and, therefore, must be removed before transmission. Using
an RF filter can suppress these harmonics. However, a multi-
octave transmitter requires switched filter bank to select an
operating band/channel while rejecting its harmonics. Fig. 1
shows a typical architecture of SDR with multi-octave oper-
ating range using a switched filter bank to select a channel
at any instance of time. One can see that the baseband signal
is generated digitally, which can be reconfigured to handle
any modulation scheme. A radio parameter control unit with
user interface can help in digitally configuring such radio,
as shown in Fig. 1. This can be a microcontroller or an
Advanced RISC Machines (ARM) processor, depending on
the functions that have to be carried out in SDR. One can
see in Fig. 1 that the local oscillator (LO) of quadrature
modulator (QMD) is also reconfigurable with digital con-
trol. This can upconvert the baseband signal to any carrier
frequency over the multi-octave band. The PA can operate
over the multi-octave frequency range and can amplify any
signal fed over this range by QMD. Once setting the car-
rier frequency ω0 by the LO of QMD, the switched filter
bank is also configured to the same operating frequency to
create a pass-band at ω0, while other frequencies especially
harmonics 2ω0, 3ω0· · · ·mω0 are rejected due to stop-band of
the filter. Here, m is an integer representing the order of the
harmonic. One can see from Fig. 1 that to handle n-channels,
single-pole n-throw (SPNT) switches can be used, which are
bulky as well as costly, especially when the multi-octave
transmitter is covering UHF/VHF range. Fig. 1 also shows
that the spectrum of harmonics is spread and is not similar
to the spectrum of the signal at the fundamental frequency.

Moreover, the spectral leakage is also present near the band
at ω0 due to PA nonlinearity. Since the spectral leakage is
very close to the signal band, the filter cannot suppress it.
Thus, linearization technique such as digital predistortion
(DPD) is employed to suppress this spectral regrowth around
the desired signal before the transmission [6]–[8]. DPD is
one common scheme for linearization, where the nonlinear
behavior in terms of intermodulation distortion (or spectral
regrowth near the band) is captured and modeled to generate
an inverse model of the PA. The baseband signal, when pro-
cessed through this inverse model, can predistort the signal
in such a manner that when it passes through, the PA will
compensate for the non-linear distortions generated by the
PA. Since DPD requires capturing the non-linear behavior
of PA generating IMD, one can also think of capturing and
modeling the non-linear behavior of PA generating harmon-
ics. This non-linear model can imitate the behavior of PA
and generate the exact harmonic content of PA digitally,
which can later be used to cancel the harmonics at the
PA output. This digitally controlled harmonic cancellation
techniques can omit the switched filter bank, as shown in
Fig. 1, and result into filter-less multi-octave transmitter
architecture [9]–[15]. This filter-less multi-octave transmitter
architecture can present frequency agile and miniaturized
solution in VHF/UHF bands particularly suitable for SDR
application. The harmonic modeling in [9]–[11] requires
additional reference signals to be injected at the input of
the PA. Therefore, to employ these models in feed-forward
cancellation requires the signals injection at both the input
and output at harmonic frequencies. This results in more
complex and bulky architecture as the number of harmonics
increases. Besides, this may add to power consumption in
the case of high power transmitters. Therefore, most of these
works are validated up to 2nd harmonic cancellation. The
models reported in [12]–[15] claims that they do not require
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the injection of the reference signals at the input of PA for
harmonic modeling. This is because of their special and
rare scenario where the concurrent multi-band transmission
happens at harmonically related frequencies. In such a case,
the signals transmitted in second and third band coincide
with the 2nd and 3rd harmonics of the signal transmitted in
the first band acting as reference signals for the harmonic
modeling.

This paper presents a new filter-less transmitter archi-
tecture capable of compensating 2nd and 3rd harmonics
generated by PA using a digitally assisted feed-forward har-
monic cancellation scheme. The key contribution of this work
is the modeling of harmonics using a real-valued focused
time-delay neural network (RVFTDNN), which does not
require any reference signal at the input of the PA for har-
monic modeling. Thus, it can also be used in any generic
case of concurrent multi-band transmission without any spe-
cific relation between the concurrent transmission bands. The
harmonic models are independently optimized in terms of
the number of layers and the number of neurons in each
layer. Moreover, an appropriate optimization algorithm has
been chosen for fast convergence. These harmonic models
are then used to generate harmonics in auxiliary paths which
are combined at the PA output for feed-forward harmonic
cancellation scheme.

The proposed scheme is validated using a commercial
DSP/FPGA board and agile RF transceiver AD9361 from
Analog device. Since this board has a limitation in terms
of DAC bandwidth as well as independent tuning of LOs;
the 2nd and 3rd harmonics are canceled one by one. Later,
the simultaneous cancellation of 2nd and 3rd harmonics using
wideband DACs and one auxiliary path is validated with
instrument-based test-bed. To compensate for IMD, DPD is
also performed for linearization. It is worth mentioning that
although DPD and PA design at VHF are well-established
techniques, they are also discussed for completing the overall
filter-less transmitter implementation. Therefore, this work
implements and validates new filter-less transmitter architec-
ture capable of compensating all types of distortions, includ-
ing IMD, as well as harmonics. The scheme is implemented
to validate it as simpler solution than other feed-forward har-
monic cancellation architecture handling multiple harmonics
over the multi-octave operating range. The experimental val-
idation also benchmarks the new filter-less transmitter archi-
tecture against the conventional architecture using switched
filter bank.

This paper is organized as follows. Section II describes the
proposed design architecture for filter-less transmitter design.
Later, the design, simulation, and measurement results of the
wideband PA are discussed in Section III. The measurement
set-up has been proposed in section IV. This includes cap-
turing the fundamental and harmonic components of the PA
output. This section also describes the methodology for a dig-
itally supported feedforward technique for harmonic cancel-
lation and behavioral modeling. The proposed architecture is
benchmarked with the state of the art in section V. Section VI

reports the measurement results of PA with proposed
filter-less transmitter architecture followed by a conclusion
in Section VII.

II. FILTER-LESS TRANSMITTER ARCHITECTURE
The filter-less transmitter must embrace two digital tech-
niques i.e. canceling the harmonics generated and lineariza-
tion for mitigating IMD terms. The DPD technique for
linearization can easily be implemented using signal pro-
cessing in the baseband unit. However, a feed-forward har-
monic cancellation requires a multi-channel transmitter to
inject the modeled harmonic content at the output of PA for
feed-forward cancellation. These techniques are discussed in
the following sections.

A. FEED-FORWARD HARMONIC CANCELLATION
The feedforward harmonic cancellation requires the har-
monic generation and injection path in the transmitter.
Fig. 2 shows the architecture of the wideband multi-octave
filter-less transmitter. One can see that this architecture has
an auxiliary channel which injects the digitally generated
harmonics after PA. Since these harmonics are generated
digitally, an appropriate phase and amplitude can be assigned
to them in the baseband. An error amplifier (EA) will amplify
the generated harmonics to an appropriate power level such
that they can cancel the harmonics generated due to the
PA at its output. In many cases, one auxiliary channel can
handle multiple harmonics, as shown in Fig. 2, due to the
large bandwidth availability in the upcoming digital to analog
converter (DAC) technology. In such a case, one wideband
combiner is sufficient to inject the amplified harmonics after
EA in the main PA output for feed-forward cancellation.
However, if the DACs have limited bandwidth, the number
of auxiliary paths may have to be increased to generate
harmonics independently. In such a case, these harmonics
can be combined before EA, and still, one wideband com-
biner is needed after PA. This will save the power loss at
the output of PA. Also, in many cases, the requirement of
harmonic cancellation is up to 3rd harmonic only, where
such configuration presents an excellent alternative to the
bulky conventional transmitter with the switched filter bank.
A digital feed-forward cancellation of harmonics depends on
the following two factors: (a) accuracy of the harmonic model
(b) channel distortion and delay presented to the injected
harmonic signals in the auxiliary channel. The accuracy of
the harmonic model can be increased by using an effective
modeling tool such as a neural network (NN). To compensate
for the channel distortion and time delay in the auxiliary chan-
nel, the harmonic signals to be injected must be generated
using the accurate harmonic model. A detailed analysis of
the signal modeling, including capturing the signal and time
alignment is described in section IV.

B. DIGITAL PREDISTORTION FOR IMD CANCELLATION
In order to cancel out the IMDs generated by PA, a DPD
is used to improve adjacent channel suppression near the
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FIGURE 2. Feedforward topology for digital harmonic cancellation in multi-octave filter-less transmitter architecture.

FIGURE 3. Schematic of 10-watt power amplifier.

fundamental signal. First, the IMD components generated
due to the nonlinearity in PA are captured. Second, the PA
nonlinearity generating these components are modeled using
the captured data. Third, an inverse model is then trained,
which is used to predistort the baseband signal before sending
it to the DACs in the main channel. The predistorted signal
at the fundamental frequency is upconverted to the selected
operating frequency using a QMD in the main path. This
signal, when passed through PA, will compensate for the IMD
components resulting into the linearized and amplified ver-
sion of the original signal. The parameters of the predistorter
are calculated by indirect learning architecture. In this paper,
a NN algorithm is also used for the predistorter modeling,
which is discussed in section IV.

FIGURE 4. Photograph of PA prototype with 10 W GaN HEMT device.

III. WIDEBAND MULTI-OCTAVE POWER AMPLIFIER
DESIGN
The primary objective of the PA design is to achieve broad-
band operation with output power around 10 W. Therefore,
a 10 W Cree device (model number CGH40010) is used
for this purpose [16]. Fig. 3 shows the schematic of the PA
circuit designed. The device is biased in class AB mode.
The device is made unconditionally stable by using using
a parallel RC (resistor and capacitor) circuit with R1 and
C2 and a resistor R2 in the input, as shown in Fig. 3. After
biasing and stabilization, the optimum load can be predicted
as Ropt = (Vdd -Vk )2/2Pout , where Vdd is the drain bias, Vk
is the knee voltage, and Pout is the output power. However,
the input is conjugate matched. Fig. 4 shows the photograph
of the PA design fabricated onmicrostrip based printed circuit
technology. The circuit is printed on a 20 mil thick Rogers
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FIGURE 5. Measured and Simulation results of PA prototype over the
frequency range.

RO4350B dielectric laminate with permittivity εr = 3.66
and loss tangent of 0.0031. The PA is tested with continuous
wave (CW) signal generated from a signal generator and
measuring the output power from the spectrum analyzer.
Fig. 5 shows the output power, gain, power added efficiency
(PAE), and drain efficiency (DE) measured over a frequency
range of 20MHz to 400 MHz. This figure also shows the
corresponding simulated results for comparison. Fig 5 shows
that the simulated output power is 39.2±0.2 dBm, with
61-69% DE and 60-68.7% PAE over the frequency range
from 20 MHz to 400 MHz. The corresponding measured
output power, and DE is around 39.2±0.2 dBm and greater
than 59% respectively over this frequency range. The 58-74%
PAE is achieved in the frequency range. The gain measured
at saturation is 23.5 with ±2.5 dB variation over the entire
frequency range.

Fig. 6 shows the simulated and measured harmonic
distortions over the fundamental frequency range of the
PA. One can see that the 2nd and 3rd harmonic sup-
pression is around −15dBc and −20 dBc, respectively
in simulation. The measurement results show the min-
imum suppression of 2nd and 3rd harmonics power as
−13 dBc and−18 dBc, respectively over the entire frequency
range.

Fig. 7 shows the carrier to 3rd order intermodulation dis-
tortion suppression (C/IMD3) for various frequencies within
the operating range. The figure shows the C/IMD3 for IMD
components at both lower and upper frequencies. These
are represented as C/IMD3_L and C/IMD3_U respectively,
in Fig. 7. The two tones with frequency spacing of 10MHz
are used to obtain this IMD3 response. One can see that
near saturation (0-dB back-off), both the C/IMD3_L and
C/IMD3_U are nearly same around −15 dBc for various
frequencies over the frequency range. It reaches at −30 dBc
at 10-12 dB backoff. Later the adjacent channel leakage
ratio (ACLR) of the PA is also measured with modu-
lated LTE signals and discussed in section VI. The DPD
will also be used to linearize and improve the ACLR in
section VI.

FIGURE 6. Variation in magnitude of harmonic suppression with respect
to fundamental Vs. frequency.

FIGURE 7. Measured C/IMD3 results over the frequency band.

FIGURE 8. The output spectrum of input 5 MHz LTE signal.

IV. FILTER-LESS TRANSMITTER DESIGN
After CW measurement, the PA is driven with a 5 MHz
long term evolution (LTE) signal. The LTE signal being used
here has a peak-to-average power ratio (PAPR) of 9.5 dB.
The output spectrum of the PA at 100 MHz is shown
in Fig. 8.
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FIGURE 9. Full Setup of distortion-free, harmonic less digitally assisted power amplifier.

One can observe from Fig. 8 that the magnitude of 2nd

and 3rd harmonics are more significant than the rest of the
harmonics. Also, the bandwidth of 2nd and 3rd harmonics are
two and three times, respectively, of that of the fundamental
component. The same behavior is also observed for the rest of
the frequencies over the band. Hence, the authors havemainly
focused on canceling the 2nd and 3rd harmonics of the PA.
However, it is worthmentioning that other harmonics can also
be canceled in a similar manner if required. One can see from
Fig. 8 that there is spectral regrowth around the fundamental
signal owing to the IMDs. As discussed earlier, both the
digitally controlled feed-forward harmonic cancellation and
DPD requires modeling of PA nonlinearity. In order to model
this nonlinearity, a system is required to capture harmonics as
well as the fundamental signal with IMD components. Based
on these captured harmonic components, a behavioral model
of PA nonlinearity is first developed, which will produce the
correct injected signals for feedforward harmonic cancella-
tion. In general, these injected signals are inverted replica
of the harmonics generated by the PA, and an appropriate
amplitude and phase calibration can help in canceling PA
harmonics using these injected signals.

Similarly, the fundamental signal with IMD components
captured is used to generate inverse model for DPD appli-
cation. Fig. 9 shows the block diagram of filter-less trans-
mitter with provision for capturing non-linear distortion

components. One can see that there is an observation receiver
for capturing fundamental signal with IMDs and harmonic
components generated by the PA. These signals are captured
at the output of PA using a low-loss coupler and received
using the receiver in the transceiver board. The LO of the
receiver can be tuned to capture either fundamental with IMD
components or harmonics one by one for behavioral model-
ing. An AD-FMCOMMS5-EBZ transceiver board from Ana-
log device is one of the options which have been used in this
work [17]. This transceiver board has multiple AD9361 agile
radio transceivers chips, which are synchronized with the
same baseband clock.

The models generated using the training data from these
captured signals can be implemented in the digital domain for
feed-forward cancellation and DPD. The original baseband
signal, when processed through these models in the digital
domain, will generate harmonic components for feed-forward
signals as well as predistorted signals for IMD cancellation.
This is also shown in Fig. 9. One can see that the DPD
model is applied in channel transmitting the fundamental
signal, whereas, the harmonic generation model is employed
in the baseband of the auxiliary transmitter path used for feed-
forward cancellation. Since the feed-forward cancellation and
DPD both are open-loop systems; therefore, instant capturing
of the fundamental with IMD components and harmonics
may not be required. One can generate respective models
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off-line and can implement/update them in a regular interval
of time. It is worth mentioning that there should be no inter-
ruption in transmission while generating and updating these
off-line models.

The following sections discuss behavioral modeling of
nonlinear distortions and harmonics of PA using NN.

A. BEHAVIORAL MODELING OF DISTORTION AND
HARMONICS OF PA USING NEURAL NETWORK
The baseband input signal described as Vin = I + jQ is fed
at the input port of the PA. The I and Q are the in-phase
and quadrature-phase of the input signal. Here, a 5MHz LTE
signal with PAPR of 9.5 dB is used as the input signal.

The receiver captures the amplified output of the PA. The
relation between output Vout and the input baseband signal
Vin is given as

Vout = G(Vin) (1)

where G is the gain of the PA. It is a complex entity which
represents the amplitude and phase change in the modulated
output signal corresponding to the amplitude of the baseband
input signal. Ideally, G should be constant with the input
voltage drive. However, in the practical scenario, the PA
operation is nonlinear, introducing gain and phase distor-
tions represented by its AM/AM and AM/PM characteristics,
which is shown in Fig. 10. Fig. 10(a) represents the non-
linear gain response, which is called AM/AM distortion.
This is due to PA’s nonlinearity. Fig. 10(b) shows the phase
difference between the output signal and the input signal,
which is called AM/PM distortion. These non-linear gain and
phase compression characteristics will produce IMD as well
as harmonics, which depends on the input signal power. For
modeling of these harmonics and IMD’s, the output of PA is
captured, as shown in Fig. 9. The modeling process is a two
step approach (1) delay compensation and (2) NN modeling,
which is discussed below in detail.

1) TIME DELAY COMPENSATION AND ALIGNMENT
For inverse modeling, accurate time delay compensation is
required. Therefore, time alignment is performed using the
frequency delay method [18]. Let x(n) is the input signal, y(n)
is the output signal. Similarly, yn is the nth output harmonic,
and the corresponding time aligned input signal xn is obtained
by nth exponent of the input signal x. The cross-correlation is
given by:

F
(
xn ∗ yn

)
= F

(
xn
)
· F (yn) (2)

where F represents the Fourier transform and (2) can be
rewritten as:

F
(
xn ∗ yn

)
= K · F

(
xn
)
· F (yn) ej(2π f τ+ϕ) (3)

whereK is the gain, τ is the time delay, ϕ is the phase rotation
of harmonic with respect to xn. The value of cross-correlation
in (3) is maximum when 2π f τ + ϕ = 0. Thus, the time
adjusted signal is given as:

yadj = yne−j(2π f τ+ϕ) (4)

FIGURE 10. Measured (a) Gain distortion (b) Phase distortion with input
power.

where n is set to 1 for the fundamental signal, whereas
for the 2nd and the 3rd harmonic it should be set to 2 and
3 respectively.

2) NEURAL NETWORK FOR MODELING
The RVFTDNN topology is shown in Fig. 11. This NN
topology is a black-box modeling approach and can model
the complex signal along with other impairments. When
a PA is operating in the nonlinear region, there is sig-
nificant distortion in the output I/Q data. Besides distor-
tion due to PA, there is also a possibility of impairments
like DC offset and I/Q imbalance due to the transmit-
ter. Therefore, to overcoming these types of imperfection,
the NN algorithm is used, which is capable of model-
ing DC offset, I/Q imbalance, and nonlinearities, as shown
in Fig. 11 [19].

The feed-forward neural network (FFNN) is a popular tool
for modeling, which has an input vector signal of the order
1 × 2(p + 1) as shown in Fig. 11. This input vector signal
contains the real value of present and previous input signals,
which is given by

X (n) = [Iin(n), Iin(n− 1) . . . . . . Iin(n− p),

Qin(n),Qin(n− 1) . . . . . .Qin(n− p)]. (5)

where n is the present training sample and p is the memory
length of the FFNN network. The resultant output vector is
represented as

Y (n) = [Iout (n),Qout (n)] (6)
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FIGURE 11. Architecture of RVFTDNN.

where Iout (n) and Qout (n) are the real and imaginary parts of
the output Y (n), respectively.

3) FORWARD COMPUTATION
The feed-forward mechanism is used in RVFTDNN, which is
shown in Fig. 11. In this figure, there are three types of layers:
(a) input layer (b) output layer (c) hidden layer. The hidden
layers are connected to each other as well as to the input and
output layers. During forward computation, the input data to
the next hidden layer (k+1)th is calculated by using the output
of the present layer (k)th multiplied with the weights (wk+1ij ).
This is represented by

netk+1i =

N∑
j=1

wk+1ij ykj + b
k+1
i (7)

where netk+1i is the ith neuron of (k + 1)th layer. N denotes
the total number of neurons in the present layer ((k)th layer),
wk+1ij represents the synaptic weight connecting the ith neuron
of the next ((k + 1)th) layer to jth output (ykj ) of the present
((k)th) layer. bk+1i indicates the bias of ith neuron of (k + 1)th

layer. The output of ith neuron of (k + 1)th layer can be
calculated as:

yk+1i = f (netk+1i ) (8)

where f is a nonlinear activation function (hyperbolic tangent
function), which maps the nonlinearity between −1 and 1.
Initial weights are chosen randomly, which converse itera-
tively towards their optimum output.

4) BACKWARD COMPUTATION
The backward computation is used for error calculation
between the desired output and the estimated output of NN.
This error will train the data in order to minimize the error
between computed and desired output. The error energy

(cost function) in forwarding pass is given by

9 =
1
2N

∑N

n=1
{[Iout(n)− Îout(n)]2+[Qout(n)−Q̂out(n)]2}

(9)

whereψ is the total mean square error, Îout(n) and Q̂out(n) are
the calculated estimated output using forward computation,
Iout(n) and Qout(n) are the desired output pairs. Assuming δki
as the local gradient for the ith neuron of k th layer, it can be
written as (10)

δki = eki f
′(netki ) k = Present Layer (10)

eki =

{
ti − yki , k = Output Layer∑Nk+1

j=1 wk+1ij δk+1j , k = Hidden Layer
(11)

where eki is the error term for the ith neuron in the k th layer
and f ′(netki ) is the 1st derivative of the activation function.
For finding the convergence condition, one must minimize
the error energy, which is given in (9). The backward com-
putation is responsible for adjusting the bias and synaptic
weights of the network. For weight updation of each layer,
several well defined numerical optimization techniques have
been used in past such as gradient descent (GD) method,
resilient propagation (RP) method, conjugate gradient (CG)
method, Fletch-Reeves version of conjugate gradient (CGF),
Levenberg Marquardt (LM) method, etc. [20]–[23]. The per-
formance of the different algorithms for forward modeling
of harmonics is studied in the same situation (assuming
2 hidden layers and each has 8 neurons) for the same input
training data. The cost of different algorithms in terms of
mean squared error is shown in Fig. 12. One may conclude
that Levenberg Marquardt (LM) algorithm has lowest cost
function and highest convergence rate. So, in this paper,
the LM algorithm is used. This algorithm is a numerical
optimization of the Gauss-Newton method [24]. The weight
update equation of LM algorithm at (i+ 1)th iteration can be
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FIGURE 12. Convergence of various NN optimization algorithm for
forward modeling of harmonics of PA.

written as

W(i+1) = Wi − [JT (X )J (X )+ µI ]−1JT (X )e(X ) (12)

e(X ) = [eI (1)eQ(1)eI (2)eQ(2), . . . . . . . . . . . . .eI (N )eQ(N )]

(13)

where J (X ) is the Jacobian matrix of performance calculated
using input vector X,W is NN coefficient matrix for any layer
given as

W = [wk+111 wk+112 . . . . . .wk+1ij bk+11 . . . ..bk+1i ] (14)

where wk+1ij and bk+1i denotes number of weights and biased
respectively for any layer. In (12), I denotes the identity
matrix, and µ represents the step size for the weight update
equation. A very high value ofµ provides the steepest descent
solution, whereas a small value of µ leads to Gauss-Newton
solution, which avoids falling into local minima. In this algo-
rithm, firstly, the network parameters are initialized. Then
the average sum of square error is computed using (9). The
updation of weights takes place by calculating the Jaco-
bian matrix and the error gradient vector. After this step,
the network parameters are updated, and the mean square
error is computed. If the mean square error is greater than
the previous step, then the initial value of weight vector
has to be changed. Otherwise, if the mean square error is
found to be less than its previous value, the weight vector
is adopted, and µ is stepped down for the next iteration.
This training will continue for several iterations until the
desired performance is achieved. The convergence curve with
the iterations is shown in Fig. 12. The convergence is also
depends on the number of neurons that exists in the hid-
den layers in RVFTDNN. The effects of number of neu-
rons in convergence for the same training data and same
condition (number of Epochs = 200, and number of hidden
layers = 2, each layer has same neurons) is shown in Fig. 13.

FIGURE 13. Convergence of model with respect of number of neurons in
the each layer.

FIGURE 14. The architecture of DPD using ILA.

One may have depicted that after the eight neurons, the
performance is not effected much. So, in this paper, 8 neurons
in 2 hidden layers are used for modeling of harmonics and
IMD’s.

B. INVERSE MODELLING FOR PREDISTORTION
The distortion characterization and harmonic cancellation
setup is shown in Fig. 9. The predistortion scheme requires
a behavioral model of the distorted captured signal. Then the
inverse of this model is implemented in the digital domain
to predistorter the signal, which is fed to the transceiver
board. This whole technique is known as Indirect Learning
Architecture (ILA) [25], [26]. Fig. 14 shows the architecture
of ILA.One can see, x(n) is the input signal to the predistorter.
This predistorted output is represented as xd (n), which is the
input signal for PA. The amplified output y(n) is scaled down
by a factor G (y(n)/G) in the feedback path for modeling of
predistorter. In this iteration, the output of model (u(n)) is
compared with the input signal of PA xd (n), which generates
the error estimation signal e(n). This e(n) will train the pre-
distorter model. The predistortion model is updated in each
iteration until the desired NMSE is achieved.
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In the first iteration, the predistortion has no data to pro-
cess. Thus, whatever input is given to the predistorter will
appear at the output in the same form.

Xd (n) = x(n) (15)

u(n) = ξ [y(n)/G] (16)

Ideally, assuming that predistorter is perfect, u(n) should
be equal to x(n), therefore inverse modeling requirement
becomes

x(n) = ξ [y(n)/G] (17)

x(n) and y(n) are the known data from measurement. The
nonlinear predistortion model coefficient of ξ can be esti-
mated with the help of adaptive digital signal processing
(ADSP).

In this paper, the feed-forward NN (FFNN) is used to
calculate the ξ . For calculating the optimum number of neu-
rons and optimization algorithm, analysis similar to previous
section is carried out. Since, the DPD based on NN is well-
established [9], [18], [19] the details are not included here.
Once coefficients of the model are extracted from the input
and output of PA, they are updated in the predistorter in the
digital domain.

The distortionmitigation potential of a digital predistortion
technique depends on the accuracy of the model, which is
trained to learn the inverse characteristic ξ as given in (17).
The performance of any model can be defined in term of
normalized mean-square error (NMSE) expressed as

NMSE = 10 log10


N∑
i=1

(Î − I )2 + (Q̂− Q)2

N∑
i=1

I2 + Q2

)

 (18)

where I /Q are the desired output values of the model and Î /
Q̂ are the predicted output values from the model.

NN is a black boxmodeling technique capable of modeling
any data. Thus, for modeling of fundamental distortion and
harmonic signal, NN based model is used in this paper. In this
model, after the extraction of the weights for the NN based
predistorter, the original baseband signal (I and Q) is passed
through a predistorter. The output of the distorter is fed at
the input of the PA. This pre-distorted signal is trained to
compensate the interference and nonlinear distortion. In an
ideal case, the predistorter is nothing but an inverse function
of non-linearity and interference. Thus, the output signal from
the pre-distorter is free from all types of distortion.

As similar to predistorter, the NN is applied for modeling
of harmonic signal. This modeled out-of-phase harmonic
signal is passed through the auxiliary branch to cancel out
the harmonic of PA.

The level of suppression of distortions in fundamental
component and cancellation of harmonics depend on the
accuracy of a model, which is measured in terms of NMSE.
In this paper, NMSE of the model is observed around−30dB.

V. BENCHMARKING FILTER-LESS TRANSMITTER WITH
THE STATE OF ART
The filter-less transmitter architecture has themain advantage
of frequency agility and miniaturized solution in VHF/UHF
bands, particularly suitable for SDR application. For lin-
earization such as IMD cancellation, both the architectures
require digital signal processing such as DPD. The filter-less
transmitter architecture utilizes this unavoidable signal pro-
cessing for harmonic cancellation by incorporating some
additional digital functionality. There are several limitations
in the conventional transmitter using a switched filter bank,
which can be alleviated using filter-less transmitter architec-
ture, as discussed in the following section.

A. LIMITATIONS OF TRANSMITTER USING SWITCHED
FILTER BANK AND THEIR SOLUTION
The switched filter bank based architecture has limited flex-
ibility of channel selection and availability of the number
of channels within the operating bands. In switched filter
bank, each channel is set such that the 2nd harmonic of its
operating range should not fall within the channel. Otherwise,
harmonics will not be suppressed. Therefore, the number
of channels in the switched filter-bank is decided by the
lowest and highest frequency of operation. For example,
a commercial switched filter bank has an operating fre-
quency range from 50MHz-500MHz [27]. There are six chan-
nels available for transmission in this switched filter bank.
Channel 1 has a frequency range from 50 MHz-75 MHz,
whereas channel 2 has a transmission band from 70 MHz-
100MHz. Similarly, channels 3, 4, 5, and 6 have transmission
bands of 95 MHz-150 MHz, 145 MHz-200 MHz, 195 MHz-
300 MHz, 295 MHz-500 MHz respectively.

In the case where only limited harmonics are required to
be handled (e.g. 2nd and 3rd only) these several channels
unnecessary increases complexity in terms of the number of
filters and switches. Moreover, due to the high roll-off of the
filters, there is no flexibility of transmitting 10 MHz LTE
signal at corner frequencies of these channels i.e. 72.5 MHz,
97.5 MHz, 147.5 MHz, 197.5 MHz, and 297.5 MHz. More-
over, it is not possible to transmit signals with a high band-
width (e.g. 30MHz) even at several frequencies falling within
transmission bands of each channels. For example, it is not
possible to transmit a 30 MHz LTE signal in channel 1 due to
its limited bandwidth. Even with the bandwidth availability in
other channels, this 30MHz LTE cannot be transmitted seam-
lessly at any frequency of transmission channel. For example,
channel 2 can transmit this 30 MHz signal only at 85 MHz
carrier frequency. Similarly, this 30 MHz signal can only be
transmitted at carrier frequencies ranging from 110 MHz-
135 MHz in Channel 3, 160MHz-185MHz in Channel 4,
210MHz-285MHz in Channel 5 and 310MHz-485 MHz
in channel 6. Therefore, all the frequencies defined in
each transmission channel in case of switched filter-bank
may not be available for transmitting broadband signals.
Besides, if new frequency planning is required in the
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transmitter with channels at different frequencies, entirely
new switched filter-banks has to be developed. However, this
is not the case for the filter-less transmitter, where, one can
digitally generate harmonics and transmit fundamental signal
seamlessly over the entire frequency range of the transmitter.

In the case of switched filter banks with narrow chan-
nels as discussed above, a high roll-off is required. This
eventually increases the numbers of resonators in the filter
architecture in each channel, thereby increasing the loss and
resulting in complex and bulky architecture. The filter-less
architecture requires a broadband combiner. In the case of
harmonic injection, the two signals which are combined are
not at the same frequency; instead, they are at two different
frequencies. In such a case, if all the harmonics fall out of
band, a diplexer/multiplexer can provide an easy solution
with low loss. These diplexers/multiplexers also use filters
in each path to suppress the leakage from the other path.
However, in the case of multi-octave transmitters, where
harmonics lie within the band, it is not possible to use
diplexers/multiplexers. This is because the harmonics for one
frequency can be the same as another operating frequency.
Therefore, a diplexer designed for one fundamental frequency
may not be useful for another operating frequency. In such a
case, this work uses a wideband Wilkinson power combiner.
This combiner, although, provides a minimum 3 dB insertion
loss for the entiremulti-octave range, it can seamlessly handle
any operating frequency and its harmonics over the whole
multi-octave frequency range. In the case of the switched fil-
ter bank, the loss may be high, typically around 5-6 dB based
on the number of transmission channels and how closely they
are placed [27]–[30]. It is worth mentioning that due to the
use of EA in filter-less transmitters, its power consumption
is similar to the architecture using switched filter-bank with
higher loss. Yet, it is alleviating several limitations in conven-
tional architecture using a switched filter bank.

In addition, the switching architecture of switched filter
bank restricts concurrent multi-band transmission where the
two modulated signals are transmitted concurrently at two
carrier frequencies. This is because the switching configura-
tion will only allow the selection of one channel at a time.
However, the filter-less architecture has no such limitation
and can transmit multiple carriers concurrently at any fre-
quencies over the operating range. This is because harmonics
are generated digitally and their feed-forward addition to the
PA output, will cancel the harmonics of the PA.

B. COMPARISION OF NN MODEL WITH THE EXITING
HARMONIC RELATED SOLUTIONS
In the literature, [9]–[15] explore the cases related to har-
monic interference. The works reported in [9]–[11] use a
feed-forward harmonic cancellation technique for harmonic
suppression. All these works use additional reference signals
at the input of the PA for harmonic modeling. These signals,
although small in the amplitude, are injected at the input of PA
for estimating the time delay of harmonic signals appearing
at the output of the PA. The output harmonic signals are

TABLE 1. Coefficient comparison between various harmonic models.

cross-correlated with their corresponding reference signals to
obtain the time delay, which must be adjusted to model the
harmonics. Therefore, in such cases, the signals are injected
at both the input (for time alignment during modeling) and
the output (for feed-forward cancellation) at harmonic fre-
quencies. In the case of narrowband DACs, this requires more
auxiliary paths for injecting signals at the input as well as
the output of the PA, making the system more complex and
bulky. As the number of harmonics increases, this complexity
increases further.

The characterization of harmonics in such cases also
requires extra processing and may add to power consump-
tion in the case of high power transmitters. On the contrary,
the proposed scheme trains the NN model for capturing the
harmonic behaviour of PA without the requirement of any
additional reference signal. This is one crucial feature of the
proposed NN model, which undoubtedly reduces the hard-
ware complexity in the filter-less transmitter.

The work reported in [12]-[15] cater to the unique sce-
nario of concurrent multi-band transmission where signals
transmitted in second or third band falls over the 2nd and
3rd harmonics of the signal transmitted in the first band.
In such a case, the signals transmitted at second and third
bands concurrently acts as reference signals for 2nd and 3rd

harmonics of the signal transmitted at the first band. There-
fore, the harmonics of the signal transmitted at first band can
be modeled without injecting any additional reference signal.
One should understand that this is a specific scenario and it
is rare that every time the concurrent multi-band transmission
happens in harmonically related frequencies. Considering the
scenario, where no additional reference signal is added at
the input of PA, the Table 1 compares the complexity in
terms of the number of coefficient of the harmonic models
available in the state of the art. From the above table, one
can see that proposed RVFTDNN model has low complexity
in terms of number of coefficient of 2 dimensional harmonic
memory polynomial (2D-HMP), and 3 dimensional harmonic
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FIGURE 15. Hardware setup implementing the filter-less architecture of PA.

memory polynomial (3D-HMP) models in [12], [14]–[15].
Whereas, number of coefficients of proposed RVFTDNN are
comparable to the 2 dimensional memory polynomial (2D-
MP) reported in [13]. In addition, RVFTDNN based model
can easily handle other transmitter’s impairments such as
crosstalk, I/Q imbalance, and dc offsets. In fact, it has been
established in the literature that a single NN can compensate
for all the transmitter impairments [31].

Moreover, NN is an iterative method; therefore, its main
advantage is in terms of model training for adaptive modeling
applications. For the slow dynamic effects such as a change
in environmental conditions, the training of the model can
be done intermittently after a fixed time interval in offline
mode. The trained models can then be updated without dis-
turbing the transmission. The fast dynamic effects, such as
memory effect, can be compensated within NN modeling by
training the model for instantaneous as well as past samples.
Moreover, with slow changes such as thermal conditions,
the NN architecture (number of weights and layers) remains
the same, only the values of weights and bias updates. There-
fore, the already trained model of NN can update very fast for
accommodating slow changes such as thermal.

Also, NN models are generally backward compatible as
compared to other polynomial models, even with the change
in input signals [31]–[33]. Therefore, in terms of complexity,
processing, performance, and adaptability, NN based algo-
rithm is an excellent choice for harmonic modeling and DPD
in transmitters [31]–[33].

VI. MEASUREMENT SETUP AND MEASURED RESULTS OF
PREDISTORTION AND HARMONIC CANCELLATION
The proposed filter-less transmitter is realized using a
low-cost SDR platform comprises of embedding plat-
form ZC706 [34] along with a digitally reconfigurable
transceiver board (AD-FMCOMMS5-EBZ) from Analog

Devices. Fig. 15 shows the hardware setup implemented
for the proof of concept. The transceiver board utilizes a
reconfigurable radio chip AD9361 with DAC operating at
a sampling rate of 61.44 MSPS. The reconfigurability can
be digitally controlled using the ARM processor in ZC706.
The radio chip AD9361 also upconverts the baseband sig-
nal using QMD, and a gain block following it provides
gain to the upconverted signal. The transceiver board AD-
FMCOMMS5-EBZ has two AD9361 chips, which are syn-
chronized with the same baseband clock. This makes it quite
suitable for filter-less transmitter applications, where multi-
ple transmitter paths are required for feed-forward harmonic
cancellation. Similarly, one of the receivers of FMCOMMS5-
EBZ is used to capture a fundamental signal with IMD and
harmonics, as shown in the block diagram of Fig. 9.

One can see from Fig. 15 that there are two branches of
PA. The first branch consists of the PA chain comprising of
cascaded driver stages and PA. The second branch consists
of EA for adjusting the power level of the injected harmonic
signals in the feed-forward path for harmonic cancellation.
Since the injected harmonics are generated digitally using the
NN based harmonic model, one can tune the phase and ampli-
tude of each injected harmonic components digitally. This
can be performed in baseband by multiplying different com-
plex gain values to each harmonic component. In addition,
the AD9361 transceiver chip also has the provision of gain
control, which can also be used for tuning the amplitudes of
harmonics precisely. The EAwill provide amplification to the
power levels of these harmonics such that they can compen-
sate for the harmonics generated by the PA. The EA should
be designed to linearly amplify the harmonics to the required
power levels. As shown in Fig. 8, the 2nd and 3rd harmonics
are inherently suppressed below−15 dBc over the frequency
range. Therefore, the output power required from EA is typ-
ically 15 dB below the output power of PA. To ensure the
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FIGURE 16. Variation in magnitude of harmonics suppression with
variation in the power of the injected harmonic signal.

FIGURE 17. Variation in magnitude of harmonics suppression with
variation in the phase of the injected harmonic signal.

linearity, the EAmust be operated 10-15 dB back-off from its
saturation. Therefore, in this case, the EA comprises of two
cascaded amplifiers using 10-watt Cree device CGH40010 as
shown in Fig. 15. Although having similar topology as the
main PA, the EA operates at back-off to ensure linear opera-
tion. Therefore, its power consumption is far less as compared
to the main PA. The cancellation of harmonics at the output
of PA depends on the appropriate amplitude and phase of
the injected harmonic signal. Fig. 16-17 shows the sensitivity
of the setup with the amplitude and phase of the injected
harmonic signal, respectively. Fig. 16 shows the variation of
the amplitude of injected signals from its optimum value.
One can see that the best harmonic suppression values for
the 2nd and 3rd harmonics are around −42 dBc and −48
dBc, respectively. These are obtained at 0 offsets from the
optimum amplitude value. However, at ±2 dB offset, the 3rd

harmonic suppression reduces to around −42 dBc/−40 dBc.
Similarly, for the same variation in amplitude level from
its optimum value, the 2nd harmonic suppression reduces to
around −37 dBc/−36 dBc.
Fig. 17 shows the harmonic suppression with the variation

in the phase of the injected signal from its optimum value.
One can see that the respective maximum value of harmonic

FIGURE 18. Measured output spectrum with/without DPD and harmonic
injection @100MHz.

suppression is achieved as −42 dBm and −48 dBm for the
2nd and 3rd harmonics at 0◦ offset from the optimum value.
However, at ±10◦ variation in phase from this optimum
value, the 2nd and 3rd harmonic suppression reduces to around
−38 dBc and −44 dBc, respectively.
One can conclude from Fig. 16 and 17 that the proposed

scheme is robust and less sensitive to even high amplitude
and phase variation. This depends on the accurate modeling
of harmonic, as discussed in this paper.

Figs. 18-21 show the results of harmonic suppression
due to digital feed-forward cancellation for various frequen-
cies over the operating band of the PA. These figures also
report the adjacent channel leakage suppression due to DPD.
One can see from Fig. 18, that fundamental signal is at
100 MHz, whereas its 2nd and 3rd harmonics are at 200 and
300 MHz, respectively. Without any harmonic injection, the
2nd harmonic suppression was −22.87 dBc. However, after
injecting harmonic at the appropriate amplitude and phase
from the auxiliary channel, the harmonic suppression reaches
to −42.95 dBc. This corresponds to an improvement of
20.08 dB. Similarly, the 3rd harmonic was initially sup-
pressed to −28.18 dBc and improved to −48.5 dBc with
harmonic injection. Fig. 20 also shows the ACLR (L/U) of
−30.7/−31.5 dBc without applying DPD. The L/U repre-
sents the ACLR at the lower and upper band around the
carrier, respectively. After applying the DPD, the ACLR
(L/U) improves to−47.9 /−48.5 dBc. This corresponds to an
improvement of around 17 dB inACLRwhenDPD is applied.

Fig. 19 shows the case when fundamental is applied at
200 MHz and corresponding 2nd and 3rd harmonics are
generated at 400 MHz and 600 MHz. One can see that
the adjacent channel leakage ratio ACLR (L/U) of −31.5 /
−31.4 dBc without applying DPD. However, after applying
the DPD, the ACLR improves to −46.6 dBc in both lower
and upper bands around the carrier. This corresponds to an
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FIGURE 19. Measured output spectrum with/without DPD and harmonic
injection @200MHz.

FIGURE 20. Measured output spectrum with/without DPD and harmonic
injection @300MHz.

improvement of around 15.1 dB in ACLR when DPD is
applied. Similarly, the 2nd harmonic suppression improves
from −19.99 dBc to −41.29 when harmonic is injected
with feed-forward cancellation. This shows an improve-
ment of 21.3 dB in harmonic suppression with the proposed
scheme. Fig. 21 also shows 3rd harmonic suppression which
improves from −25.45 dBc to −46.05 after injecting har-
monic for the proposed feed-forward cancellation. This cor-
responds to an improvement of 20.6 dB.

Fig. 20 shows the transmission of the fundamental fre-
quency at 300MHz, where the 2nd and 3rd harmonic appear at
600MHz and 900MHz, respectively. One can see that the 2nd

harmonic suppression was−22.27 dBcwithout any harmonic
injection. However, after injecting harmonic at the appropri-
ate amplitude and phase from the auxiliary channel, the har-
monic suppression reaches to −42.27 dBc. This corresponds
to an improvement of 20 dB. Similarly, the 3rd harmonic

FIGURE 21. Measured output spectrum with/without DPD and harmonic
injection @400MHz.

FIGURE 22. Measured output spectrum with/without DPD and harmonic
injection simultaneously using AWG5204 @100MHz.

suppression improves from−26.94 dBc to−47.44 when har-
monic is injected with feed-forward cancellation. This shows
an improvement of 20.5 dB in harmonic suppression with the
proposed scheme. Fig. 22 also shows the adjacent channel
leakage ratio ACLR of −28.9 dBc in both the lower and
upper band around the carrier without applying DPD. How-
ever, after applying the DPD, the ACLR improves around
−45 dBc. This corresponds to an improvement of around
16.1 dB in ACLR when DPD is applied.

Fig. 21 shows the case when fundamental is applied at
400 MHz, and corresponding 2nd and 3rd harmonics are gen-
erated at 800 MHz and 1200 MHz. One can see that the adja-
cent channel leakage ratio ACLR (L/U) is −27.9/−28.3 dBc
without applying DPD. However, after applying the DPD,
the ACLR improves around −46.1 dBc in both lower and
upper bands around the carrier. This corresponds to an
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FIGURE 23. Measured results of power amplifier with/without DPD
correction (a) AM/AM distortions (b) AM/PM distortions.

improvement of around 17.9 dB in ACLR when DPD is
applied. Similarly, the 2nd harmonic suppression improves
from −22.42 dBc to −42.62 dBc when harmonic is injected
with feed-forward cancellation. This shows an improve-
ment of 20.2 dB in harmonic suppression with the proposed
scheme. Fig. 23 also shows 3rd harmonic suppression, which
improves from −20.29 dBc to −41.19 after injecting har-
monic for the proposed feed-forward cancellation. This cor-
responds to an improvement of 20.9 dB.

It is worthmentioning that although theAD-FMCOMMS5-
EBZ board used in the proposed scheme has four transmitting
channels, however, there are only two LOswhich can be inde-
pendently tuned. Therefore, it is able to transmit signals at
only two different frequencies in its four transmitter channels.
Also, each transmitter channel has limited bandwidth hence it
is difficult to transmit all the harmonics through one auxiliary
channel. Therefore, the same auxiliary channel is used for
injecting 2nd and 3rd harmonic one by one in the off-linemode
for the proof of concept. However, to validate the proposed
scheme for simultaneous cancellation of 2nd and 3rd harmonic
along with ACLR reduction using DPD, an instrument based
testbed is developed using high bandwidth DACs available in
Arbitrary waveform generator (AWG) 5204 from Tektronix.
This AWG has four channels with wideband DACs out of
which two channels are used. One channel transmits a funda-
mental LTE signal of 5 MHz at 100 MHz carrier frequency
and the other channel concurrently transmits 2nd and 3rd

harmonics. The EA and power combiner used are the same as
used previously. Fig. 22 shows the measured output spectrum

with harmonic cancellation as well as linearization. One can
see from Fig. 22, that fundamental signal is at 100 MHz,
whereas its 2nd and 3rd harmonics are at 200 and 300 MHz,
respectively. Without any harmonic injection, the 2nd and
3rd harmonic suppression was −22.15 dBc and −28.8 dBc
respectively. However, after injecting simultaneously 2nd and
3rd harmonic at the appropriate amplitude and phase from
the auxiliary channel, the harmonic suppression reaches to
−46.85 dBc and −57.2 respectively. This corresponds to
an improvement of 24.7 dB in 2nd harmonic suppression
and 28.3 dB for 3rd harmonics. The amplitude and phase
are added by multiplying each injected harmonic signal
with appropriate complex gain at baseband. The predistorted
signal after DPD is also sent to the PA at the same time
through the main path. Without applying the DPD, the ACLR
(L/U) were −28.35 / −28.12 dBc which are improved to
47.22/46.37 dBc after applying DPD. This corresponds to
an improvement of around 18.2 dB in ACLR when DPD is
applied. One can see that the performance is better in term
of harmonic suppression as compared to the Figs. 18-21 due
due to the use of higher-end instruments.

Fig. 23 shows the AM/AM and AM/PM response for
transmitting 5 MHz LTE carrier at 100 MHz before and after
employing DPD. One can see 3.8 dB distortion in gain and
13.6◦ distortion in phase has been corrected after DPD.
The characteristics of the proposed architecture is com-

pared with some related papers in Table 2. The table reports
improvement in terms of harmonic suppression using digital
cancellation with respect to the inherent harmonic suppres-
sion in PA. The schemes proposed in [9], [10] demonstrates
compensation of only one harmonic. This is perhaps due
to the use of an additional reference signal injected at the
input of PA for harmonic modeling. This additional injection
increases hardware complexity especially when number of
harmonics increases. The proposed NN model-based scheme
does not utilize any such reference signal for harmonic mod-
eling, yet its performance is comparable to [9], [10] when
the proposed scheme is validated with the instrument-based
test-bed.

The work reported in [12]–[15] exhibits good performance
and they do not require any injection of reference signal at
the input of the PA. However, the proposed scheme is appli-
cable to unique scenario of concurrent multi-band transmit-
ters where concurrent transmission happens at harmonically
related frequencies. The results reported in [15] is comparable
to the proposed work when it is validated with the instrument-
based test-bed. However, the results reported in [12]–[14] are
comparable with the proposed scheme even using a low-cost
embedded platform.

One can also see from Table 2 that the proposed work
demonstrates the performance at high power where the device
can produce high level of harmonic power and difficult to
cancel. Besides, the proposed architecture is demonstrated at
VHF/UHF band with both the harmonics handled by a single
auxiliary path. At such low-frequency ranges, the devices
have ample gain to produce prominent harmonic components
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TABLE 2. STATE OF ART PA for filter-less transmitter.

and the RF filters are too bulky to be considered as a good
option.

VII. CONCLUSION
This paper presents a new RVFTDNN based model which
does not require any reference signal injection at the input
of PA for harmonic modeling. This model is generic and can
be used for single as well as concurrent multiband transmis-
sion at any arbitrary frequencies over the specified operating
range of the transmitter. The proposed scheme is validated
with the hardware implementation of a multi-octave filter-
less transmitter operating at VHF/UHF frequency ranges. The
hardware is implemented using an in-house developed PA
and a low-cost SDR using agile RF transceiver along with
an embedded platform. This feed-forward harmonic compen-
sation is also validated with instrument based test-bed for
handling 5 MHz LTE signal transmission with simultaneous
compensation of IMD as well as 2nd and 3rd harmonics.
The proposed scheme provides good harmonic suppression
without any RF filter. Being compact form-factor due to the
absence of bulky RF switched filter bank, this architecture
can be future for high level of integration in multi-octave
transmitter design.
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