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Abstract

In this paper, we propose a modified clipping scheme for iterative decoding of superposition coding system by losing

less power than clipping scheme. Our proposed scheme in superposition coding systems™. @ shows good performance in
peak-to-average power ratio (PAPR) and system performance with the same Clipping Ratio especially in low Clipping
Ratio case. Finally in order to alleviate the performance degradation due to clipping noises, we combine a soft
compensation algorithm that is combined with soft-input-soft-output (SISO) decoding algorithms in an iterative manner

proposed by W2 Simulation results show that with the proposed scheme, most performance loss can be recovered.

Keywords : clipping, superposition, iterative decoding

I. Introduction

The traditional trellis coded modulation (TCM)™ is
uniformly distributed in a spaced constellation for
every signaling point. In an additive white Gaussian
noise (AWGN) channel, there is an asymptotical gap
of about 1.53 dB (the so-called shaping gap) between
the achievable performance of TCM (and other
schemes based on uniform signaling®™®) and the

channel capacity[G].

To narrow this gap, Gaussian
(that produces

distribution) can be applied using shaping techniques,

signaling signals with Gaussian

such as assigning non-uniform probabilities on
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different signaling points[G]. The related advantage is
referred to as shaping gainm. 1Superposition coding
is an alternative approach to bandwidth efficient
coded modulation®. With coding,
several coded sequences (each referred to as a layer)

superposition

superimposed  before  transmission.
the transmitted signal exhibits an
approximately Gaussian distribution that matches to

are linearly

Consequently,

an AWGN channel. This provides anlternative means
to achieve shaping gain. The work in [8] shows that
such a concept is realizable with practical encoding
and decoding methods. Simulation results show that a
superposition coding scheme can operate within the
shaping gap[g], surpassing the theoretical limit of the
uniform signaling based methods. However, there is a
practical concern on superposition coding: an ideal
Gaussian distributed signal has an infinite peak
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power even its average power is finite. The resultant
high peak-to-average power ratio (PAPR) may cause
a problem for radio frequency amplifier efficiency[g].
Clipping is a straightforward technique for PAPR
reduction but it may lead to performance degradation
[8]. The same PAPR problem also exists in other
schemes for achieving shaping gain[gl. In this paper,
we will present a modified clipping issue that loss
less than clipping scheme due to clipping Gaussian
signals for superposition codes, that SNR(signal to
noise ratio) can be improved We will show by
comparison of modified clipping and clipping of
mutual information analysis that the theoretical
penalty due to clipping is marginal for practical
PAPR values. This
advantage of the superposition codes. We will then
practical method the
performance loss due to clipping by exploiting the
characteristics of clipping noises. It can be easily

demonstrates the theoretical

combine a to recover

incorporated into the overall iterative receiver
structure based on the low-cost multiuser detection
principles developed in [10~11]. Compared with other
clipping schemes, the proposed method can achieve

noticeable performance improvement.

II. Transmitter and PAPR

1.
Here, we consider a k— layer superposition coding

Encoding

system. The encoding scheme is shown in Figurel.

A binary sequence wis partitioned into K
subsequence {u(k)}. The kth subsequence s
encoded by a binary encoder{ ENC— K) at the

kth layer, resulting in a coded hit seguence

M ={cH} of length J with ¢ ={0,1}. An
interleaver 1I, of length J is then applied to produce
k) = {bgk)} which subsequently
transmitted through the channel after modulation. The
randomly interleaved version b* of c(k),
Interleaver 1I,, is then mapped to a quadrature
shifting keying(QPSK)
+ xIm _jWhere i = v/—1. The subscripts

sequence is

from

phase

e

sequence

k
—‘T%{e)]
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Fig. 1. Encoder of a supemosition coding system.

Re and Im are used to denote the real and imaginary
parts of complex numbers, respectively. We will

assume that zf, ;& {+1,—1} and so does zf, ;.
The output signal at time jis a linear superposition
of independent coded symbols:

Epke”w ®

Where p,(p, > 0) is anamplitude factor and
6,(0 < 0, <m/2) a rotation angle for layer-k. The
overall rate is R=2), 'R, in bits/symbol, where
Riis the rate of the kth binary component code.
Appropriate p,’s, which are necessary to facilitate

the detection at the receiver, can be determined by

power allocation methods™.

2. Peak—to—Average Power Ratio and clipping
scheme
Let E(-)denote the mathematical expectation andl
the absolute value. The PAPR of z; is defined as

2

max(’x. )
j 7
PAPR=

E(

)
2

)

xj

We assume that all code bits c Jare independent,

identically distributed G.id) RV’s (random variables).
It can be verified that, the PAPR is maximized when
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all ,'sare equal. As an example, for a 5-layer

system  with A =10.1634,02380,03467,05051,0.7358}
the maximum PAPR=597dB is reached at
0,=0,vk On the other hand, if we set

6, =kmr/10, Vk, then the PAPR is reduced to
5.39dB. In order to further suppress PAPR, we clipz;

to a:_j before transmission according to the rule:

lz;]< A

— Z
T;= {A]xj/lxj|, |lz,|> A @)

Where A >0 is the clipping threshold (a real
value). Then, the clipped signal x_J is transmitted
over an AWGN channel, and the PAPR of the
transmitted signal is A%/ E(|E|2) The received
signal can be written as y; = x_j+ w;.

Where w; are samples of circularly symmetric
complex Gaussian random process with zero mean

and variance o per dimension. The ratio of energy
per bit (E,) to the noise power spectral density

(N, =20?) is given by Eb/No = E(lffr)/zo'z

3 Effect of Clipping on the Achievable Rates

We now investigate the impact of clipping on the
performance limits of superposition coding systems.

The

system is a Gussian process and its power is
Ejz,]*)= 207
The clipping ratio « is defined as in [13].

output signal of the superposition coding

A
P.

n

__ 4
\/50‘5

~@

Where P,, =202 is the input power of the
systems signal before clipping. To simplify our
computation, its distribution of envelope of the
signals (Gaussian RV’s) that is Rayleigh distribution:
plz;1)= |z,|/o2exp(— |z*/20?) the total output
power P, which is the sum of the signal and
distortion components, is given by [14]

s 258 & JHHE 22F I
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P:Ex—j[}ﬂ
[l
=(1-¢7) B, =(1-¢7") 207 @

The relation of unclipped and clipped signals can
be obtain by this formula, while the clipping ratio is
very low then and shows very good performance in
PAPR but the power of the clipped signal is in
high-level loss.

Otherwise, while the clipping level is very high the
PAPR performance is worse than low-level clipping
but little loss in its power. Consider a complex
AWGN channel Y= X+ W, where X and Y are
the input and output signal, respectively, and W an
independent circularly symmetric complex Gaussian
random variable with zero mean and variance o per
dimension. For a given distribution of X, the
maximum reliable transmission rate can be quantified
by the mutual information [12],

X, Y)=H(Y)— HYIX) = Elog P(Y) —log(2rec?)
where h(-) is the entropy function.
X, V)= log(1+ E(1X1%)/25°)

For most cases of interest, E(logP(Y)) (and
hence XX, Y)) can be computed by numerical
integration methods. Here X is the clipped signal, the
channel capacity can be calculated by (5).

(5)

X, V)= log(1+ (1—ev"’2).SNR) @)

Where SNR(signal to noise ratio) is defined

SNR = 03/02.
II. Modified clipping scheme

The power efficiency in different levels has been
investigated in last section that the power of clipped
Gaussian signals loss much in low «. At first we

denote that the variance of original signal T; 1Is

E(|z,]?)= 202 and the variance of clipped signal z,
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is E|z,)=207. Obviously, the power of z, is
more lower than the power of x; when the clipping
level value A is very low. Then, we can denote that
the mathematical formula of the relation between T,
and z; is 202 < 20

the

To suppress PAPR and to

improve performance degradation due to
sacrificing power of ¢ %, We now introduce our
modified clipping scheme , that is shown in Fig.2,
which enlarge the power of un—clipped signals which

amplitude is lower than A. We can show the formula
— 2 =2 2

and Fig2 that E(%[) < E(%[) <267 Tpat can be

easily proved by the inequality (8).

Obviously, the useful variable for calculating the
power of the transmitted signals is the envelope of
(Gaussian RV’s) that is Rayleigh
distribution. Where the distribution is given by
p(|xj|) l /0' exp(— /20')

The modified clipping formula be shown below

f(l
A

Ix,.!Sf<|x,I><A

the signals

14
|>A

J

)

In order to demonstrate our proposed scheme has
efficiently improved performance in PAPR and mutual
information closed to the channel capacity, we briefly
prove our assumption using previous definitions and

conclusions. Then, we can use the definition
AZ
L<A|x|2 p(x)dx + 4 L p(x)dx

PAPR =

®)

Let PAPR1 be the mathematical equation of
clipping scheme and PAPR2 be the mathematical
equation of modified clipping scheme.

From the figure of ocur proposed scheme, we can
obtain easily the power inequality between the
clipping our modified
lz* < f2(lzl) < A2, By the conclusion in last section
and this inequality, we can see that our proposed

scheme and scheme

| =X H 45 @ TC ®
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Fig. 2. Function of proposed scheme.

scheme that loss less than clipping scheme with the
same clipping ratio and get the following equality:

[, e < [, 2 shpeorar

As a comparison, we also examine the mutual
information and get more improvement in it by the

definition with the condition of Ed?,r) > E(%[)

1. Design Constraint Criterion

The achieved PAPR and mutual information for
our proposed scheme that is shown in the simulations
and proved is more improved. In the case of proposed
scheme, we must follow power constraint at the

=12 2
transmitter £ (‘xj‘ )S20, it not our design must be
a failed scheme. The design criterion can be obtained
by using (4)

LSA 4 (’x|)P(x)dx - L)g |x‘2P(X)dx < 20-33—72 ©)

The optimum design can be deduced form the
formula by choosing suitable value A and function

f(zl) while Ed?' ) =26 As an example shown in

section 1, for a 5layer system with

p =10.1634,02380,03467, 05051, 0.7358 }
* b

the maximum

PAPR=5.97dB is reached at® = 0:Vk  We set A=126
mentioned in [1~2], with clipping scheme, and the
resultant PAPR 30dB. The

is optimum
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Fig. 3. Comparison of mutual information with A=1.26.

designed parameters and function can be get by [9]
with A=126, and get the PAPR 1.09 dB.

Here, for our proposed scheme many function
In order to

combinations can be proposed.

complement and compute, linear combination is
introduced in our design and its linear combination
function given here for a clipping level A. Here, a
simple way to find the optimum clipping scheme, 1)

Set a middle point |z;|= A4/2 between arrange from

0 to A. 2) With help of computer, a point I? j| can
be calculated from A/2 to A with minimum interval
A/100 increasing for satisfying (9). 3) Connect all
points calculated by computer,
algebra give the function blew.

following linear

2x)| ,0<|x,|<0.63
% =1033]x [+0.83,0.63<|x | <126 (10)
126 ,|x|>126

The simulation shows that we can get good
mutual information performance almost closed to the
channel capacity. We can construct lots of f(lzl)
functions following our modified scheme criterion but
in order to simplify systematic complexity linear
function should be proposed.

IV. lterative Decoding

turn
superposition coding

attention
system. As

Now we our to practical

discussed in

£
ok

(167)
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the
performance incurred by clipping is not severe for
high-level clipping threshold A. However, if the
clipping effect is not treated, performance would

previous sections, we have shown that,

degrade significantly even when A is moderate, as
will be shown by simulation examples later. The
following observations suggest possible approach
toward a solution:

If |y,|, the amplitude of received signal, is large,
then the probability is high that «; has been clipped.

If |y,|, is small, then the clipping probability is
small,

We may exploit this fact to compensate for the
clipping effect. This is the underlying rationale for

‘compensation algorithm (SCA) presented below.

1. The Basic Receiver Structure

The basic receiver structure has been introduced
in Fig.]1 without the compensation for clipping effect.
We can .treat the superposition coding system as a
perfectly coordinated multiple-access system by
viewing one layer as one user. The similar idea of

multiuser detection principle can be applied.
Specifically, due to the similarly between the
superposition coding system, we employ a suboptimal

As
illustrated in Figl, the receiver consist of one
elementary signal estimator (ESE) and k soft-input
soft-output  (SISO) decoders (DECs).
I, andIl; '(de-Interleaver),
operating iteratively. The messages passing between
the ESE and the DECs are the so-called extrinsic
information values. Since the SISO decoders perform
standard a posteriori probability(APP) decoding, we
will only focus on the ESE which performs SISO
detection to generate the a posteriori log-likelihhood
ration(LLRs) for all bits"™”, We first ignore the
clipping effect and concentrate on the detection for

iterative receiver similar to that in [10].

They are
connected by the

layer-k. Rewrite (4) as

Y, =x +w = pe’ xj_k) + {j(_k) (11
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Where

b £k , Trepresent the

interference—plus-noise with respect to :vg»k), we

generate

S(k) _
Vi

—i6,

=e

¥, =prP + £ (12

Where 65’“) = e‘“)kg}’“’

an additive complex Gaussian variable.

. We approximate fﬁk) as
Then the
output LLR(eEbE(:cg“e)J) a ]E{—i-l —1}) for can

be computed as follows. (z!*)

Im,; Can be computed in a

=+1)
=-1)

Where Var(-) denoted the variance function. The

similar way)

Pr( j)(i)
e (X ) = ln[ o

(k)
Re,j

(k)
l xRe,j

I x

A(k)

Pr(y,,,
£ (k)
Re,j )

#(k)
Re,j)

(13)

A (k)
Re,j - (

Var(

computational ~ detail for  E({ W )= and
Var(C®) ;) =1 are shown in [10],[11].

2. Soft Compensation algorithm

Next we derive the SCA which performs a joint
process to treat the inter-layer interference and
clipping noise. Again, we focus on the layer-k. We
rewrite (4) as

i8,
y,=x,tz,+w =pe *xj_k) +fj(.k) (14)

Where E(k) denotes the distortion consisting of two
terms, §(k) = (k) + z; with ((’“) given by (13 and z;
the clipping noise. From (3) z; is given by

’
z =
' ij/|xj|—xj,

Consider the detection of z\ .; based on (12) and

(13). The detection procedure has an exponential
complexity and hence is not practical (especially

|x.ISA
J

x> 4 (15)

3 ==X H 45 H TC H
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when k is large). Instead of we can adopt the
following sub-optimal SCA with complexity only
slightly higher than the basic detection algorithm in
Section 4.1. As

performance loss can be recover by SCA. The

will be shown later, most the

proposed algorithm is similar to (10), we generate

A (k)

(k)
PW=ey =px+ &)

where ¢ gk) =e_i9’“§;k). We again approximate

by an additive complex Gaussian variable.

L lxy =+1)
| x© =-1)

38

Similar to (12, we have

A(K)
ESE Re,j A (k)

Pr( Rej Re,j
1 () (i -e B E0)
2\ (Var &) 2(var' (€9))

(30 +p,~E &)Y
2(var (&)

(16)

Where EV(E{) ) and E-(EY),) denotes the

means of 5§{’z{j under the hypothesis that x(R’“e)_, ;

is
either +1 or -1, respectively. Var™ (§Re ;) and
Var~ (fRe ;) are defines similarly [10~11].

Recdlling (15) and assuming that A is known at
the receiver, we can derive the following simple
HCA:

(a) Initialization:

Set the estimation of z; as z

(b) Main iteration:
i) Taking {g;j:yj—gj} as the received

;=0,Vj.

sequence, generate a hard estimation u of u based
on (10).

ii) Taking u as the data sequence, construct as
estimation {:Z j} of {a:]} using the encoder shown in
Fig.1

iii) Compute{g ]-}using (14), and then go back to
stepi.
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V. Numerical Results

In this section, simulation results are shown to
demonstrate the performance of the modified clipped
superposition coding system with k=5. The rare-1/2
doped code [12] with dada length 10° is closen as
the component code for each layer. We set k=5. The
corresponding total rate R=5 bits/symbol, and the
PAPR with out clipping is 54 dB. We set A=1.26.
Modified clipping shown in (15) for this system to
reduce the PAPR to 1.09dB. The iteration Number in
the component decoders is set to 200, and the
number of iteration between detection and decoding
is set to 6.

— no clipping
—#~ PAPR 3.68dB SCA
-1 —+ maodified clipping8SCA | ]

Eb/No(dB)

33 4. HetE MAL AlEo|Md Aot
Fig. 4. Simulation of our proposed scheme.

VI. Conclusions

We have proposed a modified clipping scheme for
a peak-power-limited superposition coding system.
Through computation of the mutual information
closed to the power compensating in clipped input
signal, we have shown that noticeable shapping gains
can be achieved with reasonable clipping thresholds.
In order to alleviate the clipping effect for practically
coded, a soft compensation algorithm proposed in [2]
is combined in our system. The simulation results
shown that a good trade-off between PAPR and
performance can be achieved with the proposed
scheme.
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