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Abstract—Emerging wireless communications concepts, such as
cognitive radio, bring various challenges in the implementation
of radio receivers. One of the concerns is the dynamic range of
the receiver front-end, which might be insufficient in certain
situations, e.g., if strong blocker signals are present concurrently
with weaker interesting signals. Overdrive of the receiver front-
end causes signal clipping and therefore considerable amount of
nonlinear distortion is created. This paper derives a general
parametric clipping model using time-dependent Fourier series
and analyses the model in different clipping scenarios. The pa-
per also proposes a method to exploit the derived model in a
radio receiver for digital post-processing in order to mitigate
unwanted clipping distortion.

1. INTRODUCTION

Dynamic range is one of the main concerns in emerging wide-
band radio receivers for wireless communications, the ultimate
example being a cognitive radio [1], [2]. Partially the require-
ment for high dynamic range is due to the modern communi-
cation waveforms, which tend to have high peak-to-average
power ratio [3]. However, even more important reason is that
wideband radio receivers suffers from a blocker problem [4].
It is possible that the receiver front-end is not selective enough
to attenuate out-of-band blockers, which may cause inband
interference because of receiver nonlinearities. Other scenario
is a wideband receiver digitizing several signals at once,
which may cause high-power signals to block weaker signals
due to the receiver nonlinearities. Strong blocker signals can
overdrive the A/D interface and therefore induce signal clip-
ping, which heavily distorts the received waveform causing a
vast amount of nonlinear distortion.

This paper proposes that time-dependent Fourier series can
be used to model clipping occurring in the A/D interface of a
radio receiver. Similar approach is also proposed in [5], but it
considers only zero-symmetric clipping occurring equally in I
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and Q branches of a complex signal. In this paper, the clipping
model is expanded to cover also more realistic scenarios,
where clipping is non-symmetric w.r.t. zero and unequal in I
and Q branches. This is important since real radio receivers
suffer from non-idealities such as DC offset and I/Q imbal-
ance [6]. The derived clipping model is useful for understand-
ing better the clipping phenomenon and nonlinear distortion it
causes. In addition, this paper proposes a clipping mitigation
technique based on the derived parametric model.

II. A GENERAL CLIPPING MODEL

A homodyne receiver architecture is a typical structure for
modern communications receivers. A complex signal compris-
ing I and Q branches are separately digitized using two A/D
converters, which together are called an I/Q ADC. This is de-
picted in Fig. 1. Due to the differences in A/D converters and
other electrical components, the clipping may occur different-
ly in I and Q branches. Hence the following clipping model is
physically well-grounded.

The input signal for the [/Q ADC in Fig. 1 is defined here
as an analytic bandpass signal

Ui (t) = vy () + vy (1) = A(t)e ", (1)

where A(t) € [0,1] is the normalized signal envelope and
0.(t) = w.t + ¢(t) includes angular frequency w, and phase
@(t). Signal v, (t) gets clipped, if it exceeds the full-scale
range of the I/Q ADC. Therefore, the clipped output signal of

the I/Q ADC is w7 (1) = voyr (t) + joyr o(t), where

vIN,I(t)7 VL,I < ”IN,J(t) <Vur
UOUT,I(t) =1Vur ”IN,](t) >Vyr 2

Vi ”JN,J(t) <Vip

”JN,cg(t)7 VL,Q < ”zN,Q(t) < VH,Q
UOUT,Q(t) = VH,Q’ vIN’Q(t) > VH’Q 3)

Vo vIN’Q(t) <Vio

As can be seen from (2) and (3), clipping levels are defined
separately for I and Q branches. In order to create even more
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Fig. 1. Communication receivers typically use an I/Q ADC, which consists of
two separate analog-to-digital converters. Input-output characteristics are
depicted in the block diagram in order to illustrate the clipping phenomenon.

general model, for both branches the higher clipping levels

Vi o VHQ €1[0,1] and the lower clipping levels
11> Vi € [=1,0] are described independently.

'Signal clipping causes nonlinear distortion to the signal
and different distortion orders can be modeled separately us-
ing time-dependent Fourier series. Hence, the output signal
can be written as

oo
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m=—00

Vopr(t) =

where a, (1) = a, ,(t) + ja, o(t) are the time-dependent
Fourier coefficients. The same approach is also used in [5],
but this paper expands the model to more general case, where
clipping is non-symmetric w.r.t. zero and the clipping levels
are unequal in I and Q branches. Fig. 2 illustrates the signal
clipping as a function of 6, over a period of 27 and therefore
covers all the possible values 6. can have at a certain time
moment ¢. Generally, the Fourier coefficients for I branch are
calculated as

1

EIUOUT,I(t) e dg .(1). (5)
27

a’m,l(t) =

As shown in Fig. 2, the integration period is divided into five
parts, i.e., the I branch Fourier coefficients are
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and similarly the Q branch Fourier coefficients are

Acos,
Vir
: : >0,
T 0 ™ i s
2 2 2
Vit
Asind,
Vig
} } t 0,
_r 0 s ™ 3
2 2
VL.Q

Fig. 2. Illustration of signal clipping for I and Q branches. Signals are
presented as a function of the instantaneous angle ¢, over one period of
2m, i.e., the model covers all the possible values of 6.
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where the following auxiliary variables are utilized:

(1) = aurccosZHT'tI)7 (®)
TL,I(t) = arccos ;‘;Lf; ) )
Ty o(t) = arcsm%, (10)
r,o(t) = arcsin Xj‘f : (11)

In addition, the following auxiliary variables are introduced to
make subsequent equations more concise:

2

s () = sin (g, (0) = 1= (2], (12
2

SL,I(t) = sin(rL’I(t)) =4/1- (%) ) (13)
vo\2

SH,Q(t) = cos(rH’Q(t)) =./1- (ﬁ , (14)
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The final form of Fourier coefficients after calculating the
integrals are shown on the bottom of the page, where time
index ¢ is omitted in order to make the presentation more
concise. Additionally, the equations for the Fourier coeffi-
cients are represented (on the bottom of the page) in a case,
where clipping is non-symmetric w.r.t. zero but equal in I and
Q branches. Notation of + and F is used in such a manner
that the upper signs in an equation are valid at the same time
and correspondingly the lower signs. An important note about
the model is that it is assuming, for all ¢, that A( )=>Vy Ve
A()>VHQ,A()> =V, and A(t) > -V, ,, ie, the sig-
nal envelope is always clipped or at the chppmg level. When
this is not the case (the signal envelope is not clipping at the
moment), the corresponding clipping levels should be set
equal to +A(t), depending if it is the higher (+ ) or the lower
(—) clipping level, for computational purposes. When the
envelope is equal to clipping level, it means that the signal is
not clipped, but the clipping model is still valid and hence the
model can be used also for the unclipped signal parts by tun-
ing the clipping levels as described. In practice, e.g. in clip-
ping mitigation, it is often unnecessary to apply the model for
unclipped signal parts since obviously v, ,(t) = vy (%)
Simplifications of the clipping model can be carried out
even further by considering a case, where clipping is zero-
symmetric but unequal in I and Q branches, ie., V, =
Vg = *VL,p Vg = VHQ = 7VL,Q7 T](t) = TLI(t) =
Tm, ](t) TQ(t) = TLQ(t) = THQ(t)7 si(t) = sp, ](t) = sy (1),

SL,Q(t) = Cos(rL.’Q(t)) =

il[A ( t)$r1()) m = +1
RO v,sm],
0, m = 0,42, 4, ...
() = wm(nzz?—l)[mA(SI(t)COS(mTI(t)) (19
+80(t)sin(mr, (1)) m o= +3.45,..
—V, sin(mr (1))
—VQ cos(mrQ(t))],

The most simple case (also presented in [5]) is the one, where
zero-symmetric clipping occurs equally in I and Q branches,
ie, V=V, =V,, s(t) = s(t) = sp(t). It follows that the
Fourler coefﬁc1ents are then

A(t) + 2[Vs(t) — A, (1)], m = +1
0, m = 0,+2,+4,...
a, (1) = 0, m = 717+37757...(17)
4
wm(m?—1)
~[mA(t)s(t)cos(mrI(t)) m = —3,45,—7,...
—V sin(mr,(t)) ] ,

Due to the symmetry and equality of the clipping levels, the
last case presented in (17) provides the most simple model.
This is stemming from the fact that only odd-order nonlinear
distortion is caused. To be more specific, there is distortion

so(t) = s, (? = 8y o(t). Then the Fourier coefficients can only on every other odd order, i.e., on +1, -3, +5, —7.... as de-

be presente 1n a form of fined in (17).

For general case (non-symmetric w.r.t. zero and unequal clipping in I and Q branches):
Ay = su) + Vistus + Ve +3[AGrg = Sug) + VigG —1ug) + VigG —10)]}, m =0
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For non-symmetric case with equal clipping in I and Q branches (V; = VL =V 0

Sy = Spg1 = SHQ)

Vy = VH,I =Vy Q5L =81 = S0

%[A(SL = sg) + Vgrg + Vi ]» m =0
A+i[A(_rLI_TH,I)_‘_VHSH_VLSL]? m—= 11
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ﬂm(mz 3 [mA(sH cos(mrHJ) + 5, cos(mrLJ)) - Vy sin(mrH’I) +V, sirl(ranJ)]7 m = —3,45,—7,...
0 m = —1,+3,—5,...




III.  CLIPPING MITIGATION

The derived clipping model can also be used for clipping miti-
gation purposes, e.g., in a radio receiver. From the received
signal vy, (1), it is possible to extract the estimate of q, , (1),
which is here denoted as a, ;(t) and corresponds to the signal
content around 0 Hz. The extraction can be done, e.g., using a
narrow lowpass filter. If reliable estimates of the angular fre-
quency w, and the phase () can be obtained, then the only
unknown variable in the equation of the sent signal v, (),
see (1), is the signal envelope A(t). .

In the derivation of the envelope estimate A(t), the well-
known infinite series representations

2 3
l-z=1-2-2 2L _ (18)
2 8 16
3 . 5 . . 7
arccosxzz—x—lx——l S22 _1-3 5$——... (19)
2 23 245 2-4-67

are employed. A rough estimate of A(t) is obtained using only
the first two terms of (18) and (19). In case of non-symmetric
but equal clipping in I and Q, the envelope estimate is

Alt) Vi = Vi
77(2@0,1(15) —Vy - VL).

(20)

After calculating A(t), the values can be used in (1) to obtain
an estimate of unclipped signal. It is worth noticing that (20) is
exploiting the fact that a; ;(t) = 0, when clipping is not
symmetric w.r.t. zero. In a real hardware, this can considered
to be a rather realistic assumption. The estimator in (20) re-
quires knowledge about the clipping levels and these can be
estimated in practice as shown, e.g., in [7].

IV.  SIMULATION EXAMPLE AND COMPENSATION
PERFORMANCE

Fig. 3 shows a simulation example of a QPSK signal, which is
clipped non-symmetrically but equally in I and Q branches.
The original signal has a center frequency of 10 MHz and
oversampling ratio of 256 is used here only for illustrational
purposes, i.e., to show the clipping distortion without aliasing.
The clipped signal has new frequency content around zero
(among others), but not at -10 MHz, 30 MHz, -50 MHz, ... and
therefore matches with the clipping model derived in Sec-
tion II for non-symmetric but equal I and Q clipping.

The bottom part of Fig. 3 illustrates the spectrum after the
signal has been reconstructed using the mitigation technique
proposed in Section III, when perfect estimates of w,., ()
and clipping levels are assumed. It can be seen that the strong-
est distortion components are considerably suppressed. For
example, the third order distortion is here suppressed by
17 dB. However, due the rough approximations made in the
derivation of (20), the clipping mitigation is not perfect. More
accurate estimates of A(t) could be obtained, but then also an
increase in computational complexity is expected.

V. CONCLUSION

The paper derived a general signal clipping model using time-
dependent Fourier series and also proposed a simple clipping
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Fig. 3. Simulation example of a QPSK signal, which gets clipping non-
symmetrically w.r.t. zero but equally in I and Q branches. The clipping
distortion is then mitigated using the proposed method.

mitigation method based on the derived model. The mitigation
technique showed promising performance for clipping distor-
tion suppression and has potential for even better perfor-
mance, if combined with other clipping mitigation techniques
or if the derived Fourier model is exploited even more exten-
sively.
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