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A New Method for the Identification of a Wiener-Hammerstein
Model in a Communication Context

Vincent Corlay

Abstract—We propose a new algorithm to identify a Wiener-
Hammerstein system. This model represents a communication
channel where two linear filters are separated by a non-linear
function modelling an amplifier. The algorithm enables to recover
each parameter of the model, namely the two linear filters and
the non-linear function. This is to be opposed with estimation
algorithms which identify the equivalent Volterra system. The
algorithm is composed of three main steps and uses three distinct
pilot sequences. The estimation of the parameters is done in the
time domain via several instances of the least-square algorithm.
However, arguments based on the spectral representation of the
signals and filters are used to design the pilot sequences. We also
provide an analysis of the proposed algorithm. We estimate, via
the theory and simulations, the minimum required size of the
pilot sequences to achieve a target mean squared error between
the output of the true channel and the output of the estimated
model. We obtain that the new method requires reduced-size
pilot sequences: The sum of the length of the pilot sequences
is approximately the one needed to estimate the convolutional
product of the two linear filters with a back-off. A comparison
with the Volterra approach is also provided.

Index Terms—Wiener-Hammerstein, Estimation, Least-
Square.

I. INTRODUCTION

A. Presentation of the topic and motivations

Many communication systems are equipped with amplifiers
working near saturation to optimize their efficiency. These
amplifiers often exhibit a memory effect [6][17] and/or are
surrounded by linear filters [3]. Consequently, the channel
encountered is non-linear with memory. An instance of a com-
munication system facing this channel is a satellite repeater
[3][1].

This category of channel, modelled by the succession of a
linear filter, a non-linear function, and another linear filter, is
often called a Wiener-Hammerstein (W-H) model [11]. The W-
H model is depicted on Figure 1. In a communication context,
the non-linear function c(·) usually models the AM/AM and
AM/PM characteristics of the amplifier, as in e.g., [2, Sec.
III]. The AM/AM characteristic represents the amplitude of
the output signal as a function of the amplitude of the input
signal, and the AM/PM the phase deviation as a function of
the input amplitude. The function c(·) is in general quasi-linear
for low input power.

As an example, using the notation of Figure 1, the linear
filter h can represent the input multiplexer (IMUX) filter and
g the output multiplexer (OMUX) filter, commonly used in
satellite repeaters [1, Chap. 2]. In addition, if the amplifier has
memory, the filter h then becomes the convolutional product of
the IMUX filter and the linear filter modelling the memory of
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the amplifier. Consequently, a large variety of different filters
h and g can be encountered.
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Fig. 1: The Wiener-Hammerstein model.

In order to mitigate this non-linear channel, pre-distortion
techniques at the transmitter are often used. See [1, Chap. 3]
for a detailed review of existing algorithms. For instance, [13]
explains how to invert the low order terms of the equivalent
Volterra system, representing the non-linear channel, via the
p-th order inverse. An iterative structure is proposed in [2] to
successively change the pre-distorded signal until convergence.
The approach of the latter paper is similar to the ones relying
on the fixed-point theorem, such as [12]. Note that the W-H
model can also be used for the pre-distortion: It is supposed
that using the same structure enables to invert the channel.
As an example, [19] explains how to learn the coefficients of
such a non-linear pre-distortion algorithm via gradient descent.
Finally, with the indirect learning architecture [7][6] the pre-
distorter is directly identified, without the intermediary step
of estimating the channel. Nevertheless, the underlying pre-
distortion estimation algorithm remains similar (least-square
algorithm in [6]). Note that most of these techniques require
channel identification.

In the communication literature, e.g., the studies mentioned
in the preceding review, W-H channel models have mostly
been addressed via the use of Volterra series [4] (or a heuristic
simplification of the series). Some advantages of Volterra
series are the following:

• It enables to analyse the performance of the system, such
as the error probability [4] or mutual information [8], and
perform power allocation [9].

• It enables to identify the channel with the least-square
algorithm, see Section III and e.g., Section IV in [11].

• It enables to use some specific pre-distortion techniques,
such as the p-th order inverse [15].

Nevertheless, as argued in Section III, the Volterra model
also has drawbacks: Many coefficients are needed to accurately
model the channel. This implies that:

• A large pilot sequence is required to identify the channel
with a high-enough accuracy.

• The inference stage, where the transmitter uses this
channel model for the pre-distortion step, has a high
computational complexity.
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• The identification step also has a high computational
complexity: It involves multiplying matrices whose size
depends on the size of the pilot sequence and inverting
a matrix whose size depends on the number of Volterra
coefficients.

Note that there exist many heuristics to simplify Volterra
models. They consist in setting many coefficients to 0, as done
in e.g., [11] with the generalized memory polynomial model
or in [2] in the scope of a pre-distortion system. However,
there is no strong theoretical guaranty with this approach.

The inference stage would be less complex (the number
of coefficients to model the channel significantly lower) if
the transmitter knew individually each element of the W-H
model, i.e., the two linear filters and the non-linear function.
Moreover, this latter approach does not require approximations
on the model to have a low inference stage complexity, unlike
the heuristics used to truncate the Volterra series. For instance,
the adaptive pre-distortion technique in [2] could be used with
a different channel model and a different estimation algorithm
than the one described (memory polynomial and recursive least
square). Even if the specific form of Volterra coefficients are
required at the transmitter, it may be advantageous, in terms
of bandwidth efficiency, to transmit the distinct estimated
elements of the W-H model (estimated by the receiver) and
then to compute the Volterra coefficients from these elements
at the transmitter.

However, the distinct elements of the W-H model cannot be
identified as trivially as with the Volterra series: The standard
least-square algorithm cannot be used. Several identification
techniques for block-oriented systems are proposed in the
book [10], see also the paper [5]. Nevertheless, these studies
consider a general framework without making the a priori
assumption that the non-linear function is linear for low input
amplitude.

B. Main contributions

As shown on Figure 1, x denotes the transmitted signal,
u the signal after the first linear filter h, y the signal after
the non-linear function c(·), and w the output signal after the
second linear filter g and the additive noise e.

We propose a three-step algorithm for the identification of
the W-H model (namely, h, c(·), and g). The objective is to
minimize the normalized mean squared error (NMSE), which
is defined as follows:

NMSE = E
[
||w − ŵ||2

||w||2

]
, (1)

where w is the output obtained with x as input using the true
model and ŵ the output using the estimated model and where
the expectation is computed over the communication noise e.

The estimation of the distinct elements of the W-H model
is done in the time domain via the least-square algorithm.
This approach is usually considered to be the most efficient,
see e.g., Section V in [14]. However, arguments based on the
spectral representation of the signals and filters are used to de-
sign the pilot sequences. The algorithm (without explanation)
is summarized in Algorithm 1 (in Section IV-A1).

The first step of the algorithm consists in using a first wide-
band pilot signal x1 with a low maximum input power. This

enables to minimize the non-linearity effect of the amplifier
and identify the linear filter r = G·g∗h (where G is the gain of
the amplifier in its linear part). Let P in,sat be the input power
where the saturation is achieved. We show that the minimum
size of the sequence x1, as a function of P in,sat and to achieve
the target final expected NMSE, can be estimated as1:

Nmin(x1) ≈ NMSE · L · Wx1

Wr
· PAR(x1) · IBO · σ2

e

G2P in,sat
, (2)

where:

• L is the size of the filter r.
• The peak to average ratio (PAR) of a signal x is defined

as:

PAR(x) =
maxn |x(n)|2

σ2
x

. (3)

• The input back-off (IBO) is the ratio between max |u|2
and the maximum input power P in,sat.

• Wx1
is the bandwidth of the signal x1 and Wr the width

of bandpass frequencies of the filter r.
• σ2

x and σ2
e are the average power of the signal x and of

the additive noise e, respectively.
In the second step, we use a bandlimited signal x2, in

the bandpass frequencies of r (such that the signal is not
modified by h), to identify both the non-linearity c(·) and g
(i.e., the Hammerstein model). The challenge of this second
step is that x2 may have no energy for some frequencies where
g is bandpass. This makes the identification of g difficult
(i.e., a very high SNR is required). Nevertheless, the non-
linearity of the amplifier significantly spreads the frequencies
of the signal2 x2, which enables to save (with the considered
parameters) approximately 10 dB. By combining the theory
and simulation results, we find that the minimum size of
the sequence x2, to achieve the target final NMSE, can be
estimated as:

Nmin(x2) ≈ β · NMSE · L2 · PAR(x2) ·
σ2
e

G2P in,sat
. (4)

where:

• L2 is the size of the linear filter g.
• β is a coefficient which may depend on the parameters of

the W-H model. With our simulation parameters β ≈ 2.

Finally, the last step consists in obtaining the linear filter h
from the estimates of g and r. A third sequence x3 is used to
recover a scaling coefficient, but its size is negligible compared
to the one of x1 and x2. Moreover, x3 can be transmitted at
the same time as x2. If the size of x1 and x2 are chosen
according to (2) and (4), the estimation quality of h should be
high enough to achieve the target NMSE.

Of course, the polynomial model used to represent the
amplifier induces an error floor due to the model mismatch. If
a third-order polynomial is used, the NMSE error floor occurs
slightly below −30 dB with the considered amplifier model.

1A second slightly better estimate, relying on a more advanced pilot design,
is also provided, see (39).

2Note that the spreading is both the solution and the problem: Without the
non-linearity, it would be useless to identify the part of the spectrum of g
filtered by h.
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1) Estimation of the required total pilot-sequence length
and comparison with the benchmark Volterra approach: If
we compare the length of the sequences given by Equations
(2) and (4), we observe that the latter is significantly smaller
than the former. For instance, with the parameters chosen in
the paper we have βL2 = L. Hence, the only differences
between the two equations are Wx1

/Wr > 1 and the IBO> 1.
A reasonable value for the two quantities is ≈ 6 dB meaning
that x1 should be approximately 16 times longer than x2. That
is how we obtain the claim reported in the abstract: The sum
of the length of the pilot sequences is approximately the one
needed to estimate the convolutional product of the two linear
filters with a back-off.

Moreover, we also compare the algorithm with the Volterra
approach. The latter is evaluated via numerical simulations.
They show that the prediction of the Q-value (see (17)) can be
used to estimate the NMSE, provided that the sequence length
is high enough compared to the number of coefficients to
estimate. As a result, the ratio of the required sequence length
to estimate the channel (Volterra one divided by proposed one)
with the same accuracy, is approximated by: the ratio of the
number of coefficients to be estimated (reduced number of
Volterra kernels and size of the filter r) divided by the input
back-off used with the proposed method, see (29). Since the
number of Volterra kernels is significantly higher than the size
of the filter r, the proposed method offers a gain.

C. Organization of the paper

Section II introduces the material required for the analysis.
Section III presents the benchmark Volterra approach and
provides simulations. A comparison is made with the proposed
algorithm in terms of required pilot-sequence length and esti-
mation complexity. The new estimation algorithm is presented
in Section IV. Within this section, an overview is first provided
in Subsection IV-A. The simplifying assumptions are also
discussed. The three steps of the algorithm are then presented
in Subsections IV-B, IV-C, and IV-D. Simulation results of the
full algorithm are provided in Section V. Finally, we draw the
conclusions in Section VI.

II. PRESENTATION OF THE REQUIRED MATERIALS

A. The Wiener-Hammerstein model

Following the notations of Figure 1, we let x =
[x(1), ..., x(N)] be the input sequence of length N , u =
[u(1), ..., u(N)] the signal at the output of the first linear
filter h, y = [y(1), ..., y(N)] the signal at the output of the
non-linear function c(.), and w = [w(1), ..., w(N)] the signal
at the output of the second linear filter g and after adding
the noise e (which is also the output of the full channel).
The two linear filters are h = [h(0), ..., h(L1 − 1)] and
g = [g(0), ..., g(L2 − 1)]. A W-H model is composed of the
three following elements.

1) First linear filter: The first element is a linear filter h
of length L1. The output of this filter is u = h ∗ x:

u(n) =

L1−1∑
i=0

h(i)x(n− i). (5)

2) Non-linear function: The second element is a non-linear
function which is modelled via a polynomial as:

c(u(n)) =

K∑
k=1

γ(k)uk(n). (6)

Since this function models the AM/AM and AM/PM charac-
teristics of an amplifier, we assume that it is quasi-linear when
the amplitude |u(n)| is small enough, i.e.,

c (u(n)) ≈ G · u(n) if |u(n)| < µ, (7)

where µ is a value to specify (see e.g., Figure 2) and G the gain
in the linear region. This assumption holds as most amplifiers
exhibit a linear amplifying characteristic when the amplitude
of the input signal is not too high.

If x(n) is a carrier signal, then x(n) = 1/2 · [x̃(n)+ x̃∗(n)],
where x̃(n) = xc(n)e

j2πf0t, xc(n) being the complex enve-
lope, and x̃∗(n) is the complex conjugate of x̃(n). Standard
calculations show that the even order terms of (6) generate
only out-of-band signals, far from the carrier frequency f0. See
Example 2.18 in [3]. Hence, the even-order terms are removed
by filters of a standard communication chain. Consequently,
for a carrier signal x(n) it is common to consider only odd
order terms in (6). As a result, we shall consider only the odd
order terms in (6).

3) Second linear filter: The third element is a second linear
filter g of length L2. The output of this filter is w = g ∗ y+ e:

w(n) =

L2−1∑
i=0

g(i)y(n− i) + e, (8)

where e ∼ N (0, σ2) is a Gaussian noise. The noise is applied
only at the output of the W-H model.

4) Amplifier model and linear filters used for the examples:
As in [2], we use the Rapp model to represent the AM/AM
characteristic of the amplifier:

|y(n)| = G · |u(n)|(
1 +

(
G·|u(n)|

A0

)2p) 1
2p

, (9)

where p is a smoothness factor, A0 is the saturation amplitude,
and G the gain of the amplifier in the linear region. Then, the
output y is obtained as follows from the input u:

y(n) = sign(x(n)) · |y(n)|. (10)

For the examples in the paper, we take the parameters G =
1, A0 = 10, p = 3. Figure 2 shows the characteristic of the
amplifier with these parameters. Here, we do not consider the
AM/PM phase distortion of the amplifier. See Section IV-A2
where we discuss the assumptions.

Figure 3 exhibits the amplitude of the frequency response
of the two filters h and g considered. The figure also shows
the amplitude of the frequency response of the linear filter
r = G · g ∗h. For the sake of reproducibility of the results, the
coefficients of h and g are provided in Appendix VII-A.
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Fig. 2: Non-linear AM/AM model of the amplifier.
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Fig. 3: Amplitude of the frequency response of the linear filters
h, g, and r (denoted by H, G, and R, respectively, on the figure)

. fs denotes the sampling frequency.

B. Equations of the Hammerstein model

The proposed algorithm requires the equation of the Ham-
merstein model, namely the expression of w as a function of
u. The output w(n) is obtained from u(n) as follows:

w(n) =

L2−1∑
i=0

g (i)

(
K∑

k=1

γ(k)uk (n− i)

)
,

=

K∑
k=1

γ(k)

L2−1∑
i=0

g (i)uk (n− i),

=

K∑
k=1

L2−1∑
i=0

g′k (i)u
k (n− i),

(11)

where the coefficients g′k(i) represent the Hammerstein model.
We let

g′ = [g′1(0), ..., g
′
1(L2 − 1), ..., g′K(0), ..., g′K(L2 − 1)]. (12)

This shows that the output w can be seen as the sum of K
signals filtered by g:

w(n) = γ(1) · g ∗ u+ γ(3) · g ∗ u3 + ... (13)

C. The least-square algorithm

Consider an input signal x of size N . First, with a standard
linear filter, the output is w = x ∗ r + e = v + e, where r is
of length L, E[|x|2] = σ2

x, E[|v|2] = σ2
v , and e ∼ N (0, σ2

e).
Let xi = [x(i), ..., x(i − (L − 1))] and XT = [xT

1 , ..., x
T
N ].

The matrix XT is of size L ×N . Then, the noiseless w can

be obtained as w = r ·XT and the filter is estimated via the
least-square algorithm as:

r̂T =
(
XTX

)−1

XTwT . (14)

For the Hammerstein model (Equation (11)), we let ui =
[u(i), ..., u(i − (L2 − 1))], Φ(ui) = [ui, u

2
i , ..., u

K
i ], U =

[uT
1 , u

T
2 , ..., u

T
N ]T , and Φ(U)T = [Φ(u1)

T , ...,Φ(uN )T ]. The
matrix Φ(U)T is of size (KL2)×N . Then, the Hammerstein
model is estimated as:

ĝ′
T
=
(
Φ(U)TΦ(U)

)−1

Φ(U)TwT . (15)

D. The Q-values and the NMSE
1) The Q and Q′-values: To assess the quality of an

estimation of a linear filter, we use the Q-value introduced
in [14]. The Q-value represents the normalized squared error
between a filter and its estimate: For a linear filter r of length
L and its estimate r̂, the accuracy is computed as3:

Q =
||r||2

||r − r̂||2 . (16)

With the least-square algorithm, the expected Q-value can
be analytically estimated from the length N of the input
sequence x, the number of coefficients to estimate L, and the
SNR:

E[Q]dB = Q(N,L, SNR)dB ≈ 10 log10
N

L
+ SNRdB , (17)

where the expectation is computed over the communication
noise e and SNRdB = 10 log10 σ

2
v/σ

2
e (using the same no-

tations as the previous Section II-C): The SNR is computed
based on the energy of the signal at the output of the filter.
Equation (17) thus enables to find the length of the pilot
sequence N given Q,L, and the SNR.

This estimation holds (see (55) and (56) in [14]) if XXT ≈
IN ·Nσ2

x, where IN denotes the identity matrix of size N ×
N . In other words, this holds if x is a white Gaussian noise
sequence. Simulation results show that this estimate for the
Q-value is also valid with wideband sinusoid signals (of the
form (40)). See Figure 8.

Another implicit assumption for (17) to hold is that the
input signal has a high enough energy over all the observed
bandwidth, even the part of the bandwidth filtered by h, see
Section III.B in [14]. For instance, in Sec. IV.B in [14] it
is stated that with a bandlimited input signal “the measured
curves of Q versus N were vastly different ... due to lack
of high-frequency information in the input signal”. See also
Section IV-C. This is not surprising as the output signal carries
almost no information on the filter on the frequency range
where x has limited energy. Consequently, if the spectral
support of x is not the full band between 0 and the frequency
f/fs = 1/2, where fs is the sampling frequency, (e.g.,
because x is a filtered signal), the prediction given by (17)
does not hold.

However, it is often sufficient to have a good estimate of
the filter only at frequencies where the energy of x is large (or
in the bandpass part of the filter to be estimated). In this case,
the modified Q-value, say the Q′-value, proposed in Section
III.B of [14], can be used. It consists in modifying the Q-value

3Note that compared to the definition of the Q-value in [14], here we define
the −Q-value.
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via a frequency weighting. This weighting can be achieved by
convolving the filter to be estimated with a bandpass filter over
the frequencies of interest. Assume that x = h2 ∗x′, where x′

is a white noise sequence and h2 a (known) bandpass filter.
Let r̂′ = h2 ∗ r̂ and r′ = h2 ∗ r. Then:

Q′ =
||r′||2

||r′ − r̂′||2 . (18)

It is not proved that the Q′-value yields the same value as
the Q-value with an equivalent wideband pilot sequence, but
conjectured that it yields a similar value (Eq. (68b) in [14]).
We observed via simulations that the Q′-value is often slightly
greater than what is predicted by (17).

Of course, it is possible that one is interested in assessing
the estimation of the filter over a wider bandwidth than the
one of h2. This aspect is discussed in Section IV-C.

2) The NMSE: Optimizing the Q-value of the filter enables
to optimize the NMSE of the output signal (see (1) for the
definition). For instance, on Figure 4 (black curve) we show4

the NMSE (where the input signal x is a white noise sequence)
as a function of the Q-value of the estimate r̂ of the filter r
of Figure 3 (with 39 coefficients), i.e., here w = r ∗ x with x
is a white noise signal. We observe a linear relation between
the two quantities. This is not surprising: If r̂ = r + e, then
ŵ = (r + e) ∗ x = r ∗ x+ e ∗ x. Then, the frequency domain
formula of the NMSE= ||e ∗ x||2/||r ∗ x||2 is

NMSE =

∫
|X(ej2πf )|2|E(ej2πf )|2df∫
|X(ej2πf )|2|R(ej2πf )|2df

, (19)

where X(ej2πf ) and E(ej2πf ) represent the Fourier transform
of the signals x and r, respectively, and where the frequency
domain formula of the Q-value is

1/Q =

∫
|E(ej2πf )|2df∫
|R(ej2πf )|2df

. (20)

We see that x acts as a frequency weighting. Hence, if x is
wideband with a flat spectrum (which is the case if it chosen
as a white noise sequence) the ratio (19) remains unchanged
compared to (20).

If a bandlimited signal x′ = h2∗x is used for the estimation,
then the NMSE can be assessed over the bandpass frequencies
of h2 as:

NMSE′ = E
[
||h2 ∗ w − h2 ∗ ŵ||2

||h2 ∗ w||2

]
. (21)

On Figure 4, we also show the NMSE’ as a function of the
Q′-value. For the simulation, h2 is a low pass filter with cut-
off frequency located at f/fs = 0.4. We observe a linear
relationship. We see that the Q′-value and the NMSE’ enable
to satisfactorily take into account the bandlimited nature of
x′. One may notice that the red curve is slightly shifted
compared to the black curve: As mentioned above, with the
same parameters, the Q′-value is slightly greater than the Q-
value.

4Note that the relationship between the Q-value and the NMSE is not
discussed in [14].
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Fig. 4: NMSE as a function of the Q-value of the estimated
filter.

III. THE STANDARD APPROACH: VOLTERRA MODEL

To get the Volterra series expression, the output w(n) of
the W-H model is expressed as a function of the input x(n),
as done e.g., in [4] or Section II.C in [11]. Consequently, a
similar development as (11) should be done, with also the
consideration of the first linear filter h via (5). For instance
u3 is expressed as follows from x (where u is given by (5)):

u3(n) =

L1−1∑
i=0

L1−1∑
j=0

L1−1∑
l=0

h(i)h(j)h(l)x(n− i)x(n− j)x(n− l),

(22)

which generates L3
1 kernels h′(i, j, k) = h(i)h(j)h(k).

Then, for K = 3, (11) therefore becomes

w(n) =

L2−1∑
m=0

L1−1∑
i=0

kerk=1(i,m)x(n− (i+m))+

L2−1∑
m=0

L1−1∑
i=0

L1−1∑
j=0

L1−1∑
l=0

kerk=3(i, j, l,m)

x(n− (i+m))x(n− (j +m))x(n− (l +m)).

(23)

where kerk=1(i,m) = g′1 (m)h(i) and kerk(i, j, l,m) =
g′3 (m)h′(i, j, l). This development shows that the input-output
relationship can be expressed under the form of a matrix
operation:

w(n) = v · ϕ(xn)
T , (24)

where the components of the vector v are the Volterra kernels
and the vector ϕ(xn) is a non-linear function of the (and only
of) the input x. As a result, these Volterra kernels can be
estimated via the least-square algorithm as:

v̂T =
(
ϕ(X)

T
ϕ(X)

)−1

ϕ(X)
T
wT , (25)

where ϕ(X) = [ϕ(x1)
T , ..., ϕn(xn)

T ]. However, the total
number LV of Volterra kernels is high:

LV = L2L1 + L2(L1)
3 + ...+ L2(L1)

K ≈ L2(L1)
K . (26)

This gives LV = 16.4 · 104 with L1 = L2 = 20 and K = 3.
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A. Reducing the number of Volterra kernels

The number of kernels can be reduced (without any loss
of optimality) by grouping the kernels multiplying the same
value of x (first term of (23)) or same product of several x
(second term of (23)).

The first term of (23) is equivalent to a convolution between
the filters h and g′1. It can be simplified from a sum with L1L2

terms to a sum with L1 + L2 − 1 terms as follows:
• Find all the combinations of (i,m) giving the same sum

o = i+m.
• Keep one representative and sum the corresponding ker-

nels (i.e., ker′k=1(o) =
∑L1

i=0,0≤o−i<L2
kerk=1(i, o− i)).

For the second term of (23), we have two simplification
steps to perform. First, we neglect the m variable and focus on
the i, i, l variables. One can notice that e.g., x(1)x(1)x(2) =
x(1)x(2)x(1) = x(2)x(1)x(1) give the same value. The
corresponding kernels can thus be added. This corresponds to
the following problem: Among the L3

1 possible combinations
of 3 variables taking each L1 value, we want to find the unique
combination (with repetitions) where order does not matter. It
can for instance be found as follows:

• Enumerate all possible L3
1 combinations.

• Sort the 3 values of each combination from the smallest
to the largest (e.g. (2, 1, 1) becomes (1, 1, 2)).

• Group all resulting same vectors and sum the associated
kernels. Store these distinct combinations.

The number of distinct combinations is
(
L1+k−1

k

)
= 1540,

with L1 = 20 and k = 3.
Finally, we perform the simplification for the term m

(similarly to the above simplification for the first term of (23)):
We group the terms giving the same set value (i + m, j +
m, l + m). For instance, m = 0, i = 1, j = 1, l = 2 gives
(i+m, j+m, l+m) = (1, 1, 2) and m = 1, i = 0, j = 0, l = 1
also gives (1, 1, 2). This can be performed as follows:

• Add all possible values of m to the distinct combinations
(i, j, l) found at the above step.

• Keep one representative and sum the corresponding ker-
nels.

This yields 5530 distinct combinations with L1 = L2 = 20
and k = 3.

With the parameters L1 = L2 = 20 and K = 3 the number
of kernels of the Volterra filter is therefore reduced from LV =
16.4 · 10−4 (provided above) to LV = 5569.

B. Simulation results with the Volterra approach

We assess via simulations the effectiveness of (17) to predict
the NMSE as a function of the parameters of the Volterra filter
(reduced length). We use the same amplifier and linear filters
as the ones used to assess the proposed method (presented in
Subsection II-A4). A white noise sequence having the same
average power as the sequence x2 is used as pilot signal.

First, if the pilot-sequence length is shorter than the number
of Volterra kernels to estimate, then the system is underde-
termined making the matrix to invert in (25) ill-conditioned.
Obviously, (17) is therefore not accurate for this case.

Figure 5 shows the NMSE as a function of the predicted Q
value (17). Each curve represents one pilot-sequence length N
(where, as a recall, the size of the Volterra filter is LV = 5569).
In the high SNR regime (where the sequence length could
be theoretically shorter than the filter size), there is indeed a
high penalty of the NMSE compared the predicted Q-value.
However, in the low SNR regime, with longer pilot sequences,
a quasi-perfect linearity is observed (minor 1.5 dB penalty).

Fig. 5: NMSE with the estimated Volterra filter as a function
of the predicted Q-value of the Volterra filter.

C. Comparison with the proposed method

Rearranging (17) gives the following formula for the se-
quence length N :

N ≈ L · 10
E[Q]dB

10 · 10
−SNRdB

10 . (27)

Figure 4 and 5 show a quasi-perfect linearity between QdB

and -NMSEdB with both method (but only for the low SNR
regime for the Volterra approach). Hence, we have

N ≈ L · 10
−NMSEdB

10 · 10
−SNRdB

10 . (28)

Let us index by V the variables for Volterra approach and
by P for the proposed approach. As claimed in Subsec-
tion I-B1, the total length of the proposed pilot sequences
is approximately the one needed to estimate the filter r,
obtained as convolutional product of the two linear filters h
and g and with a back-off to avoid the non-linear part of the
amplifier. Therefore, the size of the filter to be estimated is
LP = L1 + L2 − 1 = 39. To avoid the non-linearity, an IBO
(of around 5 dB) should be used (see Section IV-B). Hence,
SNRdB,P = SNRdB,V − IBOdB (note that implementing
option 2 for x1, see Section IV-B, enables to reduce this
penalty). As a result, we get that the ratio of the required
pilot-sequence length NV and NP , to get the same NMSE, is
estimated as:

NV

NP
≈ LV

LP
· 1

IBO
. (29)

With the considered parameters LV

LP
is of the order of 100

while IBO of the order of 3. The proposed method therefore
offers a gain. Note that with higher value of K to approximate
the polynomial (e.g. K = 5), the ratio would be even higher.
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Regarding the estimation complexity, the least square algo-
rithm involves inverting a matrix of size L×L. Given that the
matrix inversion operation is O(L3), the amount of operations
is significantly reduced with the proposed approach.

Of course, the considered least-square algorithm does not
take advantage of the fact that the solution may be sparse.
Estimating Volterra coefficients using sparse estimation tech-
niques may be an alternative interesting research direction.

IV. PROPOSED ESTIMATION ALGORITHM

A. Overview of the algorithm and main assumptions

1) The algorithm: Instead of estimating the LV ≈
L2(L1)

K coefficients of the Volterra model, we propose to
estimate the L1 + L2 + K parameters of the original W-H
model.

The algorithm is composed of three main steps. We first list
the three main steps below with high-level explanations. The
details of each step are provided in the following subsections.
The steps without the basic explanation are summarized in
Algorithm 1.

• Step 1, identification of r = G · g ∗ h: We use a first
wideband pilot sequence x1, such that u = x1 ∗ h has a
low peak amplitude. Consequently, only the quasi-linear
part of the amplifier is used and w1 ≈ G · g ∗ h ∗ x1. The
linear filter r = G·g∗h, which is the convolutional product
of the filters h and g, is identified from x1 and w1.

• Step 2, identification of γ and g: Once r is identified, a
bandlimited signal x2 is used to identify the Hammerstein
model (i.e., the coefficients of g’, see (12)). The energy
of this second pilot sequence x2 should be concentrated
in the non-attenuated band of r such that x2 ≈ u, and w2

should have a high-enough peak amplitude to hit the non-
linear part of the amplifier. Here we make the assumption
that the magnitude response of the filter r (and implicitly
h) is approximately flat in the considered band. Even-
though x2 is bandlimited, we show that the spectral
spreading due to the amplifier helps the identification
of g.

• Step 3, identification of h: The previous step enables to
recover g up to a scaling factor α. Hence, a third pilot
sequence x3 is used to identify the scaling factor α. Then,
the linear filter h is identified from the estimated filters
r and g.

2) Assumptions: In this study, we make several simplifying
assumptions on the elements of the W-H model. We discuss
these assumptions to provide the reader a clear view where
our work stands and how the study could be complemented
in a future work.

• As done with Volterra models, we shall assume that the
filers h and g to be estimated are finite impulse response
(FIR) filters. Note however that it is possible to estimate
infinite impulse response (IIR) filter via FIR filter, as
explained e.g., in [18]. We also assume that the number
of coefficients (i.e., length of the linear filters) to be
estimated is known.

• We assume a unit gain in the bandpass spectrum of h.

Algorithm 1 Proposed channel-estimation algorithm

1: Transmit a first wideband pilot sequence x1, such that
u = x1 ∗ h has a low peak amplitude, and receive w1.

• Estimate r via the least-square using x1 and w1.
2: Transmit a second sequence x2, whose spectral support is

the non-attenuated band of r, and receive w2.
• Estimate the Hammerstein model g′ (coefficients (12))

via the least-square from x2 and w2 combined with
the technique proposed in Subsection IV-C4.

3: Transmit a third pilot sequence x3 with the same spectrum
as x2 and the same maximum amplitude as x1 and
receive w3.

• Recover a scaling constant α from x3 and w3

(see (54)) and therefore g (from the Hammerstein
model g′ and α). Finally, estimate h via the least-
square using the estimate of g and r.

• We consider only the amplitude distortion of the ampli-
fier. To address the phase distortion, the γ coefficients
should be made complex. We see no fundamental obstacle
but this is left for future work.

• At step 2, we assume that the bandpass spectrum of r (and
implicitly the one of h) is flat. We also assume that the
filter h has a linear phase. In this case, all frequencies
of x2 are shifted by the same delay. Consequently, if
h filters no frequencies of a bandlimited signal x2, the
output signal u ≈ x2 (up to the delay of the filter). This is
used for the rest of step 2. If this does not hold, several
signals x2 of smaller bandwidth could be used instead
of only one: If the bandwidth is sufficiently reduced, the
flatness assumption and the linear phase assumption will
hold.

• We assume that the value of the maximum input power of
the amplifier P in,sat, where the saturation is achieved, is
approximately known. We also assume that the back-off
necessary to avoid the non-linear part of the amplifier is
approximately known.

B. Step 1

The first pilot sequence x1 should be chosen such that u =
h∗x1 has a low peak amplitude. Indeed, if the peak amplitude
of u is too large, it hits the non-linear part of the amplifier.
Moreover, x1 should also be wideband to enable identification
of the relevant spectrum of h.

In this section, we shall discuss both the choice of x1

and assess the quality of the estimated filter. We propose in
Section IV-B2 two options for x1:

1) Option 1: Minimize PAR(x1) and ensure that max |u| ≤
max |x1|.

2) Option 2: Minimize both PAR(x1) and the PAR increase
of u: PAR(u)/PAR(x1). This potentially allows to have
a peak amplitude of x1 higher than the maximum input
power of the amplifier and thus a higher SNR (see also
explanations after (37) for a justification).
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Note however that in Equation (17), which enables to predict
the quality of the estimated filter, the SNR is computed based
on the energy of the output signal. Hence, the PAR of the
signals x and u do not change the simulation results for a
given SNR. In other words, the noise variance is automatically
adjusted to the energy of the output signal w to get a target
SNR. Consequently, the peak amplitude of u (to avoid the
non-linearity) is the only important aspect in this context.

Nevertheless, in a scenario with an amplifier it is important
to discuss the maximum achievable SNR for a given noise
variance σ2

e . Indeed, the amplifier limits the maximum allowed
amplitude of the signals. As a result, we begin by discussing
this aspect with the two mentioned options for x1. The details
of the two options and the simulation results are then presented
in the following subsections.

1) Maximum allowed SNR and induced minimum size of
x1: Equation (17) can be reformulated to express the Q-
value as a function of the energy of x1. First, let us define
the bandwidth Wu

g as the width of the intersection between
the spectral support of u (here we assume that y = Gu), and
the bandpass frequencies of the filter g. Similarly, Wu is the
bandwidth of the signal u. Then:

SNR ≈
Wu

g

Wu
· G

2σ2
u

σ2
e

. (30)

In order to avoid the non-linearity, an IBO between max |u|2
and the estimated maximum input power P in,sat (where the
saturation is achieved) has to be set. One must ensure that:

max |u|2 ≤ P in,sat

IBO
. (31)

For instance, with an amplifier similar to the one of Figure 2,
a value of IBOdB = 5 dB can be considered. We have:

σ2
u ≤ P in,sat

PAR(u) · IBO
. (32)

Hence, the maximum achievable SNR, say SNRmax, is (we
inject (32) in (30)):

SNRmax ≈
Wu

g

Wu
· G

2

σ2
e

· P in,sat

PAR(u) · IBO
. (33)

With option 1 for x1, we have max |u| ≈ max |x1|. Since
(similarly to above) σ2

u = W x
h /Wx · σ2

x1
, where σ2

x1
=

max |x1|2/PAR(x1), this yields

SNR1
max ≈

Wu
g

Wu
· W

x
h

Wx
·
G2σ2

x1

σ2
e

· P in,sat

max |x1| · IBO
,

=
W x

r

Wx
· G

2

σ2
e

· P in,sat

PAR(x1) · IBO
,

(34)

where this SNR is achieved when the average power of x1 is
chosen as

σ2
x1

≈ P in,sat

PAR(x1) · IBO
. (35)

In this latter case, since max |u| ≈ max |x1| but σ2
u < σ2

x1
,

then PAR(u) > PAR(x1).
With option 2 for x1, we try to limit the increase of the

PAR of u compared to the one of x. Consequently, (33) is
alternatively expressed as:

SNR2
max ≈

Wu
g

Wu
· G

2

σ2
e

· P in,sat

PAR(x1) · IBO
· 1

PAR(u)/PAR(x1)
, (36)

where PAR(u)/PAR(x1) (> 1 in general) represents the PAR
increase of u with respect to the one of x1. We see that this
ratio acts as a penalty on the maximum achievable SNR. In
this latter expression, unlike (34), the SNR does not explicitly
depend on the bandwidth of the first linear filter h. This second
maximum SNR is achieved when:

σ2
x ≈ P in,sat

PAR(x1) · IBO
· Wx

W x
h

· 1

PAR(u)/PAR(x1)
. (37)

It means that the average power of x1 is increased by a ratio
Wx

Wx
h
· 1

PAR(u)/PAR(x1)
compared to option 1 (see (35)): σ2

x1
can

be increased, even if the resulting peak amplitude of x1 is
higher than the maximum input power of the amplifier, as the
reduction in the average power due to the filtering results in
a reduction of the peak amplitude. In other words, the energy
loss of x1 due to the filtering by h is compensated up to the
increase in the PAR of u compared to the one of x.

Finally, if we combine (17) with the two previous expres-
sions for the maximum SNR, SNR1

max and SNR2
max, and

assume the linearity between the Q-value and the NMSE,
we obtain the minimum required length Nmin to get a given
NMSE.

With option 1 for x1, the minimum required length N to
get a given NMSE can be approximated as:

N1
min(x1) ≈ NMSE · L · Wx

W x
r

· PAR(x1) · IBO · σ2
e

G2P in,sat
.

(38)

This equation confirms that the energy loss due to the filtering
by r, a high PAR(x1), and the IBO must be compensated by
an increase of the length of x1.

With option 2 for x1, we get:

N2
min(x1) ≈ NMSE · L · Wu

Wu
g

· σ
2
ePAR(x1)

G2P in,sat
· IBO · PAR(u)

PAR(x1)
,

(39)

which thus avoids to increase the sequence size by a factor
Wx

Wx
h

.

100 200 300 400 500 600

sample index
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40

Specific phase angles

All phase angles set to 0

Fig. 6: Example of two signals with M = 100 harmonics
where θk is chosen via (41) or set to 0, respectively. Two
fundamental periods are shown.
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(a) The signal x1 is constructed with option 1. (b) The signal x1 is constructed with option 2.

Fig. 7: Distribution of PAR(u)/PAR(x1) (linear values).

2) The two options for x1: We propose to choose the
wideband signal x1 as the sum of M sinusoids of equal power:

xM
1 (n) =

M∑
k=1

cos(2πf1kn+ θk), (40)

where f1 is the fundamental frequency. This signal is preferred
over a white Gaussian noise sequence because the maximum
amplitude is easier to control5, see below. The phases θk
should be chosen such that the peak amplitude and thus
PAR(x1) is minimized. Let θ = [θ1, ..., θk, ..., θM ]. We inves-
tigate two approaches to choose θ, corresponding to options 1
and 2 mentioned at the beginning of this Section IV-B.

Option 1 for x1. If the phase angle is restricted to {0, π},
a formula to choose θ is provided in [16]:

θk = π⌊ k2

2M
⌋[2π], (41)

where [2π] denotes modulo 2π. Figure 6 shows two signals
with M = 100 harmonics and different phases. The blue signal
has a PAR ≈ 6 dB.

However, it is very likely that h removes some frequencies
of x1. We assess the effect on the resulting signal u via Monte
Carlo simulation as follows. First, the normalized frequencies
of the signal (40) are uniformly distributed between 0 and
f/fs = 1/2. Then, we generate a lowpass linear-phase filter
h with L1 coefficients (the function “fir1(·)” of matlab, using a
Hamming Window, is utilized), where the cutoff frequency is
distributed according to a uniform distribution between 0 and
f/fs = 1/2. The maximum value of max |u|/max |x1| is
approximately 1 with M = 40 frequencies and the maximum
value of PAR(u)/PAR(x1) is slightly larger than 4. The dis-
tribution of PAR(u)/PAR(x1) obtained with this simulation
is shown on Figure 7a.

This simulation shows that the maximum amplitude of u
does not increase compared to the one of x1. However, even
if the average power of u is significantly diminished due to
suppression of some frequencies, the maximum amplitude of
the signal is likely to remain high.

With the following option 2, we show that it is possible to
build a signal where the PAR remains stable regardless of the
linear filter encountered.

5The maximum amplitude of a Gaussian signal is unbounded.

Option 2 for x1. In order to increase the PAR robustness to
potential frequency removal, we propose to set the following
min-max optimisation problem:

minimize
θ∈[0,2π[M

max
j∈[M0,M ]

PAR(xj), (42)

where xj is defined in (40), and M0 is to be chosen based on
the context (e.g., M0 = M/2).

We consider genetic algorithms (such as the function “ga”
in matlab) to find a candidate solution θ. Once θ is found,
we perform the same simulation as the one to get Figure 7a.
The result is shown on Figure 7b. We observe a significant
improvement.

Note that such a signal is useful only if one knows approxi-
mately the bandwidth of h (but not its location): Equation (37)
requires knowing W x

h .
Problem (42) could be adapted to take into account filters

with a non-linear phase, and thus genetic algorithms used to
design signals robust to non-linear phase filters.

3) Simulation results: The simulation to assess the quality
of the estimated linear filter r are performed with the (blue)
signal of Figure 6, the amplifier of Figure 2, and the filters of
Figure 3.

With option 1 for x1, the maximum allowed average power
is given by (35), which can be re-expressed in dB as:

P in,sat
dB − σ2

x1,dB =IBOdB + PAR(x1)dB . (43)

As already mentioned, with an amplifier similar to the one
of Figure 2, a value of IBOdB = 5 dB can be considered
and PAR(x1) ≈ 6 dB. Consequently, the mean power of x1

should be approximately 11 dB lower than P in,sat
dB to avoid

the non-linearity.
Figure 8 shows the quality (i.e., mean Q-value) of the

estimated filter r for several values of P in,sat
dB − σ2

x1,dB
. We

see that a quasi-optimal estimate can be obtained with a back-
off of 11 dB (≈ IBOdB + PAR(x1)dB). This matches the
prediction of (17). Note however that an error-floor may occur
for higher Q-values, even with the highest back-off, as the
amplifier is not perfectly linear even for low input values.

Figure 9 depicts the distribution of the measured Q-value
with fixed parameters in the range of interest. The distribution
is Gaussian with a variance of 1 dB (and no significant change
in the value of the variance is observed is the mean changes).



10

Consequently, with high probability, the worst-case quality of
the estimated filter is within 3 dB of the mean value, predicted
by (17). As a result, if a given minimum estimation quality is
required, the parameters can be chosen such that the prediction
of (17) is 3 dB higher than the required quality.

1000 1500 2000 2500 3000 3500

N (Sequence Length)
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38

Fig. 8: Mean Q-values obtained with several values of
P in,sat
dB − σ2

x1,dB
.

Fig. 9: Empirical distribution of the Q-value with fixed pa-
rameters.

In an alternative implementation, the NMSE can be used
to detect if the non-linear part of the amplifier has been hit:
If the measured NMSE is higher than this expected value,
the receiver should ask the transmitter to send a new pilot
sequence with reduced power (and increased size).

C. Step 2: Identification of the Hammerstein model and the
filter g

For this second step, a second signal x2 is used. Its energy
should be concentrated in the non-attenuated band of r such
that x2 ≈ u. Its peak amplitude should be approximately
P in,sat to hit the non-linear part of the amplifier. Again, we
make the assumption that the magnitude of the frequency
response of the filter r (and implicitly h) is approximately
flat in the considered band.

1) Polynomial to model the amplifier: The order of the
polynomial chosen to model the amplifier can be critical. We
use a standard regression (using known signals at the input and
output of the amplifier, i.e., the signals u and y on Figure 1) to
identify a third order polynomial and a fifth order polynomial
to fit the Rapp model presented in Section II-A4. The results
are shown on Figure 10. The signal used for this identification
is evenly distributed in the allowed-value range.

Both for the third and fifth order model, we perform two
regressions: One with a “low value” of max |u| and one with a
higher value of max |u|. The results show that the acceptable
value of max |u| is higher with the fifth order model, but we
see that in both cases the NMSE decreases if max |u| is too
high. Hence, if a low order polynomial with relatively high
input value is used, it is useless to aim for an estimation quality
(of the different elements of the W-H model) beyond the values
indicated in the caption of Figure 10.

5 10 15 20 25

4

5

6

7

8

9

10

Fig. 10: Fitted polynomial model for the Rapp model (9) of
the amplifier.
The NMSE of the fitted models are respectively -27 dB, - 36
dB, -34 dB, and -36 dB.

Consequently, the amplitude of the pilot signal u should
be controlled6 (as for step 1), and not go beyond P in,sat. As
a result, a signal of the form (40) is preferred over a white
Gaussian noise signal for the identification of the Hammerstein
model in this step 2.

2) Choosing x2 and getting the known signal u2: The
signal x2 is chosen as (40) with M = 100 harmonics and
with the sinusoids located in the bandpass spectrum of the
linear filter r. Figure 11 shows the spectrum of the chosen
signal (in yellow) for the example.

Then, if r is flat in the considered band, u ≈ x (and the
peak amplitude of u is thus same as the one of x) up to the
group delay τh of the filter h. With the considered filter, if the
delay is correctly corrected the NMSE is around -60 dB, and
thus negligible. However, this group delay is unknown. Only
the group delay τr of r is known.

6Assuming that the maximum amplitude of the information signal will also
be controlled.



11

Fig. 11: Amplitude of the frequency-domain representation of
x2 and x3

2.

Consequently, we generate several candidates7 u based on
values τf ∈ [1/4τr, 3/4τr]. The rest of step 2 is repeated
for all candidates and the solution which yields the smallest
NMSE is kept. A dichotomy search can also be considered.
Alternatively, the NMSE up to the synchronization time could
have been used.

Note that zero padding at the beginning of the sequence is
also used, to avoid undesired effect due to the delay of the
filter, but the number of added zeros is negligible compared
to the size N of the pilot sequence.

3) Analysis of the estimation of g: We assume in this
subsection that u (filtered by h) is perfectly known. The
spectrum of u is the one of x2 namely the non-attenuated
band of r. Consequently, without the amplifier there would
be only limited information in the output signal on the filter
g at the frequencies where u has no energy. As explained in
Subsection II-D1, this impacts negatively the Q-value.

As a result, two main situations should be differentiated:

1) The bandpass bandwidth of g is smaller than (and
included in) the one of h. The Q′-value (Equation (18))
can be used to asses the quality of the estimation. Hence,
Equation (17) to predict the value, can be used to choose
the length of pilot sequence and/or the SNR. This case
is easy to handle as the signal u enables to discover the
frequency response of g.

2) The bandpass bandwidth of g is wider (and not included
in) the one of h (as on Figure 3). The signal u cannot
contain the frequencies filtered by h. We shall see that
the amplifier enables to ease the identification of g.

Let us focus on the second situation, which is encountered
with the filters of Figure 3. To assess the quality of the
estimation, we provide the Q′-value where the convolving
filter is g (i.e., h2 = g just above (18)).We provide three

7Note that the group delay may have a non-integer value. In this case, the
correction must be implemented in the frequency domain via a phase shift of
a fractional value of the inverse of the sampling frequency fs.

experiments to investigate this quality: without the amplifier,
with a polynomial amplifier, and with the Rapp amplifier.

Estimation without the amplifier. We first investigate the
effect of the bandlimited nature of a signal x2 (or equivalently
u), with respect to the filter g to be estimated, where x2 has no
energy for some non-filtered frequency of g (see Figure 11).
We also consider the accuracy of the estimation with x3

2 and
x5
2. We assess the quality of the estimation of g with a SNR=

20 dB and a sequence length N = 8000, using different signals
y (see Figure 1) at the input of g. The predicted Q-value
(Equation (17)) is 46 dB with these parameters. First, using a
wideband signal as (40) (not filtered by h), the measured and
predicted Q-values is 46 dB, as expected, and the Q′-value 50
dB. When the bandlimited signal y = x2 (yellow on Figure 11)
the (mean) measured Q′-value falls to 16 dB. If the same
estimation is done using y = x3

2 or y = x5
2 instead of x, the

measured Q-value becomes 43 dB (i.e., 3 dB loss with respect
to (17)) and 47 dB, respectively. As expected, the frequency
spreading induced by taking a power of the bandlimited signal
(see e.g. the curve for x3

2 on Figure 12) significantly improves
the estimation. These values are summarized in the table of
Figure 12.

Estimation with a polynomial amplifier. Let us consider
the signal y = γ(1)u+γ(3)u3. The estimation of g′ (see (12))
via (15) yields an estimate of γ(1)g, say ĝ1, and an estimate
of γ(3)g, say ĝ3.

One may try to predict the quality of each estimate with
(17). To this end, we assume that γ(1) and γ(3) are known.
Unfortunately, the signal u and u3 are not orthogonal. Nev-
ertheless, we can still use the following energy ratio to try to
predict the Q′-value of ĝ3:

||γ(3)u3||2

||y||2
. (44)

With the considered signals (44) yields -11 dB. Hence, the
Q′-value (with a SNR= 20 dB and a sequence length N =
8000, same parameters as the case without amplifier above)
should be ≈ 46 − 3 − 11 = 32 dB, where the 3 dB loss is
the one observed with the estimation without the amplifier.
Simulation results yield 31 dB.

On Figure 13, we show the quality of the estimate for
several SNR. The bandlimited nature of the signal u induces
a loss of 25 dB compared to the wideband case. This is due to
the absence of energy on some frequencies to be estimated, as
highlighted in “Estimation without amplifier”. Despite its low
energy the loss for ĝ3 is only 15 dB (as expected). Note that
the estimate ĝ3 is more robust than ĝ1: It does not strongly
depend on the bandwidth of h, unlike the estimate ĝ1. As a
result, we propose to compute ĝ1 from ĝ3 as:

ĝ1 = γ(1)/γ(3)ĝ3. (45)

Estimation with a Rapp amplifier. On Figure 13, we also
show the simulation results with the Rapp model. As expected,
the Q′-value saturates around 36 dB due to model mismatch
(see Figure 10).
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Eq. (17) wideband y B.-L. y B.-L. y3 B.-L. y5

Q′-value 46 50 dB 17 dB 43 dB 47 dB

Fig. 12: Q′-values with the parameters described in Section IV-C3 for the estimation without the amplifier.

10 15 20 25 30

10

20

30

40

50

60

Fig. 13: Q′-value of ĝ1 and ĝ3.

These simulations show that the accuracy loss of the es-
timation of ĝ3 with respect to the predicted value can be
approximated as:

Q′
g3 ≈ Q(N,L2,SNR)− Loss1 − Loss2 − Loss3, (46)

where:

• Loss1 ≈ 3 dB is the loss due to the fact that u3 does not
cover perfectly the band of g.

• Loss2 ≈ 10 dB is a loss due to the fact that γ(3)u3 has
limited energy.

• Loss3 is the loss due to the polynomial-model mismatch
(which depends on the SNR).

4) Improving the estimation of ĝ1: Since the accuracy of
ĝ3 is better than the one of ĝ1, we use only the former one
to estimate ĝ1 via (45). In order to replace ĝ1 by ĝ3, we need
to estimate the ratio γ(1)′ = γ(1)/γ(3). This estimation is
done in the band of r, where most of the energy of u ≈ x2 is
located. Accordingly, let us define:

w′ = r ∗ w, y′1 = r ∗ ĝ3 ∗ u, y′3 = r ∗ ĝ3 ∗ u3, (47)

where as in the previous section w is the output obtained with
x2 as input. Then, the output of the model is estimated as:

ŵ′ = γ(1)′y′
1 + y′

3 <==> ŵ′ − y′
3 = γ(1)′y′

1. (48)

The coefficient γ(1)′ can thus be estimated as:

γ(1)′ =
y′1 · (w′ − y′3)

T

||y′1||2
. (49)

Figure 14 shows the Q-value of this new estimate ĝ1. The
previous estimate of g1(as in Figure 13) and the one of g3
are also shown. We see that we achieve the same estimation
quality for g1 and g3, and an improvement of more than 10
dB over the standard estimation of g1.

Fig. 14: Q-value of g1 without and with the technique of
Sec. IV-C4. In the legend, g1 is estimated without the tech-
nique and g′1 with.

D. Step 3

Given the knowledge of r and g, the filter h can be estimated
as follows. First, r is expressed as a function of g and h via
a matrix operation as:

rT = G · hT , (50)

where G is a matrix of size (L1 + L2 − 1)× L1:

G =



g0 0 0 . . .
g1 g0 0 . . .
g2 g1 g0 . . .
...

...
... . . .

gL2 gL2−1 gL2−2 . . .
0 gL2 gL2−1 . . .
...

. . .
. . .

. . .


. (51)

Hence, h is estimated via the least-square algorithm as:

ĥT = (ĜT Ĝ)−1ĜT r̂T . (52)

However, to compute (51) and (52) we need g, not γ(1)g
or γ(3)g. Consequently, we use a third (short) pilot sequence
x3 to identify α = 1/γ(1), such that ĝ can be obtained from
ĝ1. We choose x3 with the same spectrum as x2 and the same
maximum amplitude as x1. Then, the model yields

ŵ ≈ α · ĝ1 ∗ u. (53)

Consequently, α is estimated as:

α =
(ĝ1 ∗ u) · wT

||ĝ1 ∗ u||2
. (54)

Regarding the size of x3, it is negligible compared to the one
of x1 and x2 as there is only one coefficient to estimate (again
(17) can be used).
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On Figure 15, we investigate how the quality of the estima-
tions of r and g impact the Q′-value of h. Here, the Q′-value
is assessed by taking h2 as h in (18). We see that if the quality
of the estimation of r is high enough (Q′-value of r >≈ Q′-
value of g), there is a penalty of approximately 4 dB between
the Q′-value of h and g.

20 25 30 35

15

20

25

30

35

Fig. 15: Q′-value of h, estimated via (52), as a function of the
Q′-value of g for several fixed Q-value of r.

Given the estimates ĥ and ĝ, a new estimate of r, say r′

can be computed as r′ = ĥ ∗ ĝ. We emphasize that the Q-
value of r′ is not the minimum of the Q′-values of h and g.
This is illustrated on Figure 16. The Q-value of r′ can even
be slightly greater than the one of r.

This observation is important to understand the analysis of
the NMSE in the following section, and in particular the fact
that the NMSE is not necessarily bounded by the Q′-value
of h.
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Fig. 16: Q′-value of h, g, and r′, as a function of the size of
the sequence x2, for two Q-values of r (30 dB and 40 dB).

V. SIMULATION RESULTS OF THE FULL ALGORITHM AND
DESIGN GUIDELINES

A. Signal chosen to assess the NMSE

We investigate the NMSE’ in the output bandpass frequen-
cies of the channel, namely h2 in (21) is chosen as g. The input
xval to assess the NMSE’ is a white noise sequence generated
as follows (this should not be confused with the sequences
used to perform the estimation).

First we compute the average energy of a signal8 (40) with a
given maximum amplitude, i.e., a given back-off with respect
to P in,sat. Then, we generate a white noise sequence with
the same average energy9. This enables to define the back-off
of the white noise signal with respect to the saturation level
of the amplifier (otherwise not possible as the PAR of the
white-noise sequence is unbounded).

With the chosen amplifier parameters, according to Fig-
ure 10, a back-off of 0 dB corresponds to a maximum
amplitude of (40) equals to 16.

In the simulations, the parameters h, γ, and g of the W-H
model are estimated as described in the paper.

B. NMSE’ of the estimated W-H model

We now report the simulation results of the NMSE’ of the
full model. First, we assess the NMSE’ with respect to the
Q-values of h, g, and r′. On Figure 17 several configurations
are evaluated:

• With a back-off (of the input signal xval) of 5 dB: On
the figure, the non-dashed lines show the performance
with the polyomial model and the dashed-one shows the
performance without the polynomial model: ŵ = G · ĝ ∗
ĥ ∗ xval. We make the following main observations:

– The signal has a low probability to have a high peak
amplitude and the amplifier can be considered quasi-
linear. Indeed, there is almost no difference in the
NMSE’ if we use the polynomial model or the linear
model as xval almost never hit the non-linear part of
the amplifier.

– As expected (see Figure 4), the NMSE’ is approxi-
mately equal to the −Q-value of r′.

• With no back-off (0 dB): Again, the non-dashed lines
show the performance with the polynomial model and the
dashed one shows the performance of the linear model
ŵ = G·ĝ∗ĥ∗xval. We make following main observations:

– As expected, the non-linearity must be taken into
account: The NMSE’ of the linear model saturates
at a high value.

– The NMSE’ is approximately equal the −Q-value of
r′ (3 dB difference). We observe only (at worst) a 5
dB difference with the case with back-off.

8with the phases chosen via (41).
9I.e., sampled from a standard normal distribution and multiplied by the

square root of the average energy
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Fig. 17: NMSE’ of the estimated W-H model as a function of
the expected Q′-value of h, g, and r′.

C. Minimum required size of x2

Finally, we propose a rule of thumb to find the minimum
required size of x2, similarly to what is done in Section IV-B1
for x1. We make the following observations:

• There is a loss of approximately 13 dB between the
prediction of Q(N,L2,SNR) and the estimate ĝ3 (in
range where the polynomial model is good enough, see
(46)).

• However, there is a gain of approximately 10 dB between
the estimate of ĝ3 and r′. Hence, the loss is partly
compensated.

Consequently, and since the quasi-linearity between the
NMSE’ and Q-value of r′ is confirmed by the simulations,
the following rule of thumb to find the minimum required
length of x2 can be proposed. It consists in adapting (38) as
follows:

• The ratio Wx

Wx
r

becomes approximately one as most of the
power of x2 is not filtered by g.

• No IBO is applied. Hence, it becomes 1.
• Since an approximately 3 dB difference is observed

between the NMSE and the Q-value, a margin β = 2
on the sequence size should be applied. The value of β
may be different in other scenarios.

As a result, (38) becomes:

Nmin(x2) ≈ β ·NMSE · L2 · PAR(x2) ·
σ2
e

G2P in,sat
. (55)

Using (55), we can also provide the curves of performance
shown in Figure 17 directly as a function of the length of the
sequence x2, see Figure 18.

Note however that, as highlighted in Section I-B, the re-
quired size of x1 is significantly larger than the one of x2.
The length of the signal x2 is therefore not the bottleneck.

VI. CONCLUSIONS

In this paper, we proposed a new algorithm to identify the
distinct parameters of the Wiener-Hammerstein model. The
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Fig. 18: NMSE’ as a function of the size of x2.

algorithm is composed of three steps and uses three pilot
sequences. An analysis of the algorithm with simulation results
is provided. We estimated the size of the pilot sequences
required to achieve a target NMSE between the output of the
true channel and the output of the estimated model. The overall
length of the pilot sequence is approximately the one needed
to estimate the convolutional product of the two linear filters
with a back-off to limit the maximum amplitude.

VII. APPENDIX

A. Coefficients of the filters h and g used in the examples

h = 10−3 · [-2.1789 -1.2320 7.4572 -4.4106 -20.0299 32.8752
20.1718 -108.3123 61.5913 510.2837 510.2837 61.5913 -108.3123
20.1718 32.8752 -20.0299 -4.4106 7.4572 -1.2320 -2.1789].

(56)

g = 10−3 · [0.5922 -7.2598 0.0000 -25.0493 -12.4071 -42.2380
-67.3740 0.0000 -243.7223 543.6852 543.6852 -243.7223 0.0000
-67.3740 -42.2380 -12.4071 -25.0493 0.0000 -7.2598 0.5922].

(57)
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