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Abstract: Present wideband and spectrally-efficient communication systems require linear transmit-
ters. As power amplifiers are naturally nonlinear, the linear transmitter is often achieved by applica-
tion of a digital predistorter (DPD). DPDs require system bandwidth to be higher than communica-
tion bandwidth. We provide an evaluation of influence of the reconstruction and anti-aliasing filter on
quality of predistortion process. Our results show that the generally accepted rule is too demanding
and the actual required filters bandwidth is lower. This has direct impact on required sampling rates
of system converters.
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1 INTRODUCTION

Modern wireless communication systems are demanded to provide still more and more data through-
put. This demand is usually satisfied by increased communication bandwidth and utilisation of
spectrum-efficient modulations. The most of these modulations are linear, e.g. quadrature amplitude
modulation (QAM), orthogonal frequency-division multiplexing (OFDM), or filter bank multicarrier
(FBMC) and its variants as candidates for 5G cellular networks, and require usage of linear power am-
plifiers (PA). The linear PAs are usually low power-efficient and therefore the nonlinear compensated
or linearised PAs are often used.

Digital predistortion (DPD), a linearisation technique, is based on sensing the PA output, comparing it
with the desired signal, and introducing a correction of the transmitted signal (predistortion) to get the
desired signal at the PA output. A typical representative of such DPD can be a base-band predistorter
depicted in Fig. 1. All the signal processing is performed in the digital domain which assumes an
analogue-to-digital converter (ADC) to be used for sampling the PA output and a digital-to-analogue
converter (DAC) to generate the transmitted signal. In an ideal system with a linear PA, the required
sampling rate of ADC and DAC would be twice the communication bandwidth B only. However the
PA nonlinearity spreads the spectrum of the transmitted signal and the sampling rate of ADC therefore
needs to be higher to cover the spread spectrum. Similarly, the sampling rate of DAC has to be higher
to successfully cancel the spread spectrum by the nonlinear PA.

A generally accepted rule says that the required bandwidth of a system with DPD is at least three
up to five times the communication bandwidth [1, 2]. This rule also predetermines the minimum
system sampling rate. Following this rule is easily feasible in narrow-band systems, but it would be
challenging for wide-band systems where the communication bandwidth is higher than few hundred
megahertz. Such wide channels are already used, e.g. Long-Term Evolution (LTE) Advanced spec-
ifies an aggregation of carrier components resulting in the overall bandwidth up to 100 MHz or the
IEEE 802.11ad allows channel bandwidth to be up to 1.88 GHz.Even wider channels will become
popular with communications in 60-GHz bands, e.g. 8-GHz channel is planned for IEEE 802.11ay.
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Figure 1: The diagram of base-band DPD

As the general rule of 3-5 times bandwidth becomes hard to achieve in wide-band systems, various
techniques to reduce the system bandwidth for a viable DPD were discovered [3, 2]. Frank in [4] have
shown that sampling frequency of twice the maximum frequency of the PA input should be sufficient
for the general Voltera system identification. Cottais and Wang in their work [5] studied an influence
of instruments bandwidth in the PA linearisation process. Except these two works, looking into the
required ADC sampling frequency and the overall system bandwidth influence, to the authors’ best
knowledge, there is no complete evaluation of influence of direct path (DP) reconstruction filter and
feedback (FB) anti-aliasing filter on the quality of linearisation process available in the literature.

In this paper, we evaluate influence of anti-aliasing and reconstruction filters on the quality of lineari-
sation process. Such evaluation is important for optimisation of ADC and DAC sampling rates, and
hence for minimisation of system power-consumption and cost.

2 SYSTEM MODEL FOR EVALUATION OF FILTERS INFLUENCE

For the purpose of the influence evaluation of the anti-aliasing and reconstruction filters in the FB and
the DP, low-pass filters (LPF) are added to base-band model of the DPD from Fig. 1. To easily change
the filters bandwidths, equivalent digital filters are used instead of real analogue filters. Additionally
the ADC, DAC, modulator, and the demodulator are purposely neglected. The resulting model is
shown in Fig. 2.
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Figure 2: The simplified base-band DPD model with anti-aliasing and reconstruction filters

2.1 MATHEMATICAL DESCRIPTION OF MODEL USED FOR EVALUATION

The memory polynomials have been chosen to model the PA as these models are often used in the
literature [6]. The reconstruction filter is modelled by an M-th order infinite impulse response (IIR)
filter. The base-band output y(n) of the PA is expressed as

y(n) =
K

∑
k=1

Q

∑
q=0

bkq

M

∑
m=0

dmx(n−q−m)|x(n−q−m)|k−1 (1)

where x(n) is the input signal into the reconstruction filter, dm is a coefficient of the reconstruction
LPF, K and Q represent the maximum PA nonlinear order and memory length respectively, and bkq
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is a coefficient of the PA polynomial model. Correspondingly the equation for the FB signal can be
written as

yFB(n) =
H

∑
h=0

fhy(n−h) (2)

where fh is a coefficient of the H-th order anti-aliasing IIR LPF.

The LPFs coefficients are calculated for Chebyshev 2nd-type approximation with given order and
attenuation of 40 dB in the stop-band. The low pass frequency is set accordingly to the simulation
runs.

The used DPD is based on the simplified 2nd-order dynamic deviation reduction (DDR) based Voltera
series model [7]. The DPD output x(n) is expressed as

x(n) =

K′−1
2

∑
k=0

Q′

∑
q=0

b′2k+1,1,q|z(n)|2kz(n−q)

+

K′−1
2

∑
k=1

Q′

∑
q=1

b′2k+1,2,q|z(n)|2(k−1)z2(n)z∗(n−q)

+

K′−1
2

∑
k=1

Q′

∑
q=1

b′2k+1,3,q|z(n)|2(k−1)z(n)|z(n−q)|2

+

K′−1
2

∑
k=1

Q′

∑
q=1

b′2k+1,4,q|z(n)|2(k−1)z∗(n)z2(n−q)

(3)

where z(n) is an input signal to be predistored, K′ and Q′ are the maximum DPD nonlinear order and
memory length respectively, and b′k,i,q is a coefficient of the DPD model.

2.2 INFLUENCE EVALUATION

To evaluate influence of the filters on the predistortion, we use the normalised mean square error
(NMSE) and the adjacent channel power ratio (ACPR). We evaluate ACPR for the 1st adjacent channel
which is 1B wide and with 1.1B offset, and for the 2nd adj. channel which is 1B wide too and with
2.2B offset.

The evaluation process consists of 1. generation and modulation of two random data series for PA
identification and evaluation, 2. adjusting the signals maximum amplitude to be a constant, same
for all modulations, 3. application of the reconstruction filter in the DP on the identification signal,
4. calculation of the PA output (Eq. 1) using the signal for identification, 5. application of the FB
anti-aliasing filter on the output signal to obtain the FB signal (Eq. 2), 6. finding the PA’s coefficients
for the DPD by the indirect method, 7. predistortion of the evaluation signal to obtain the predistorted
signal (Eq. 3), 8. filtering of the predistorted signal by the DP reconstruction filter, 9. calculation of
the PA output (Eq. 1), 10. evaluation of NMSE and ACPR for the current filters, 11. setting new filter
bandwidths and continuing from step 3. The whole process is repeated NREP times to avoid data
dependency.

3 EVALUATION RESULTS

Evaluation started with sweeping the FB anti-aliasing filter bandwidth first, and then continued with
sweeping of the DP reconstruction filter. These runs were executed independently to allow examina-
tion of the influence of individual filters. The other parameters were set constant over simulations.
Particular values are K = K′ = 7; Q = Q′ = 0; M = H = 8; NREP = 20. The PA model coefficients

407



have been extracted from measurements of a real PA of the Doherty type with LDMOS NXP transis-
tors 1. The evaluation was performed for the FBMC modulation, OFDM with the quadrature phase
shift keying (QPSK) as a subcarrier modulation, QPSK, and the QAM16

Figure 3: NMSE for linearised PA with swept bandwidth of anti-aliasing and reconstruction filters

Fig. 3a depicts the NMSE for the linearised PA in relation with the bandwidth of FB anti-aliasing
filter. The dashed lines represent the NMSE level for the signals without DPD. For the FBMC and
the OFDM a DPD with BFB > 0.8B already improves the PA output, BFB > 1.5B is sufficient for fair
linearisation and BFB > 2B does not improve the linearisation anymore. The QAM16 and the QPSK
require slightly higher BFB due to side lobes which they have in the frequency amplitude spectrum.
The ACPRs for the 1st adjacent channel in relation with BFB basically follow the corresponding
NMSE trends in Fig. 3a. For the 2nd adjacent channel, ACPR decreases steeper and reaches the
maximum improvement already for BFB ≈ 1.

Fig. 3b shows the NMSE in relation with the bandwidth of the DP reconstruction filter. It can be
noticed that the required DP bandwidth is much less influenced by the modulation and that the im-
provement is observed up to BDP ≈ 3. Development of the ACPR for the 1st and 2nd adjacent channels
with BDP is depicted in Fig. 4. With the increasing DP bandwidth, distortion in the 1st adj. channel
is decreasing, but at the same time the DPD introduces new distortion in the 2nd adj. channel for the
used PA model.

4 CONCLUSION

In this paper, the influence of DP reconstruction and FB anti-aliasing filters on quality of PA linearisa-
tion has been evaluated for various modulations. It has been shown that the generally accepted rule of
the 3-5 times communication bandwidth for the FB filter is an excessive requirement. The evaluation
has revealed that reconstruction filter has to have higher bandwidth than the FB anti-aliasing filter.
While already 1.5B is sufficient for the FB, using the FBMC or the OFDM, the DP requires approx.
3B for efficient linearisation.

1For the extraction of the PA coefficients the OFDM signal with 1024 subcarriers, 8 MHz channel bandwidth at carrier
frequency of 660 MHz was used. Measurements were performed using direct-conversion radio architecture with 8-times
oversampling.
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Figure 4: ACPR for the 1st (width 1B, offset 1.1B) and 2nd (width 1B, offset 2.2B) adjacent channels
for linearised PA in relation to the reconstruction filter bandwidth
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