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Abstract— Channel estimation in OFDM systems can conve-
niently be done by inserting a stream of pilot symbols at the
transmitter and by using FIR interpolation filters at the receiver.
The drawback of this method is the decrease in spectral efficiency
due to the pilot symbols. Alternatively, blind channel estimation
makes pilot symbols unnecessary. Most blind channel estimation
approaches are based on higher order statistics and converge
slowly, making them unsuitable for mobile environments. More-
over, the channel estimate suffers from a phase blindness, which
can only be resolved by pilot symbols. The concept of totally
blind channel estimation makes pilots completely unnecessary
and even works in rapidly time varying environments. This is
achieved by using two different modulation schemes, such as
QPSK and 3-PSK, on adjacent subcarriers. In this paper, we
further develop the concept of totally blind channel estimation
by applying a regular 8-PSK and a generalized 8-PSK to achieve
totally blind channel estimation without the need for any pilot
symbols. We enhance the original receiver design by applying
a two-dimensional A Posteriori Probability (APP) calculation
algorithm. We evaluate our system at high Doppler frequencies
with COST 207 channels on the basis of Extrinsic Information
Transfer (EXIT) and BER charts.

I. INTRODUCTION

Orthogonal Frequency Division Multiplex (OFDM) has be-
come very popular since it is well suitable for multipath-fading
environments. If coherent demodulation is desired, the receiver
needs to know the time-variant channel transfer function
(CTF). The CTF can conveniently be estimated using a two-
dimensional grid of pilot symbols [1]. However, the overhead
introduced by pilot symbols might be quite significant. Digital
Video Broadcasting – Terrestrial [2] is one such example,
where the overhead from pilots is more than 10%.

The amount of pilot symbols can greatly be reduced by
applying the APP (A Posteriori Probability) based channel
estimation (CE) method presented in [3]. Two one-dimensional
APP estimators in frequency and time direction, respectively,
are concatenated in order to obtain an estimate of the two-
dimensional CTF. To improve the estimation results, the APP
estimators can be embedded in an iterative decoding loop.

The APP-method according to [3] still needs some pilot
symbols. In contrast, blind channel estimation algorithms
are supposed to estimate the CTF without the help of pilot
symbols. Most research in the field of blind channel estimation
has focused on methods which are based on second or higher
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order statistics. Examples include those algorithms using cor-
relation methods [4] and cumulant fitting schemes [5]. Other
blind algorithms for OFDM take advantage of the redundancy
introduced by the guard interval [6]. Most of these approaches
converge slowly, making them unsuitable for mobile envi-
ronments. Moreover, they can recover the CTF only with a
phase ambiguity. To recover the phase information completely,
additional reference symbols need to be inserted into the data
stream. Even though only a few reference symbols are needed,
the charm of blind channel estimation is lost.

In [7], a fast converging blind channel estimator based on
the Maximum Likelihood principle was introduced. The phase
ambiguity was resolved without the help of any reference
symbols by using QPSK and 3-PSK on adjacent subcarriers.
Since absolutely no pilots or training sequences are needed,
this approach is called Totally Blind Channel Estimation, in
contrast to other blind channel estimation algorithms which
cannot recover the complete phase information without pilots.

In this paper, we enhance the totally blind approach of
[7] by the APP algorithm. We further extend our studies to
the combination of 8-PSK and 7-PSK, as well as 8-PSK and
generalized 8-PSK in order to resolve the phase ambiguity.

This paper is organized as follows: In section II, the
transmitter, receiver and channel model are detailed. Section
III introduces the concept of totally blind channel estimation
and the used modulation schemes. The APP channel estimation
approach is described in section IV. Finally, section V presents
selected simulation results.

II. SYSTEM MODEL

A. Transmitter and receiver

We investigate an OFDM-system with K = 1000 sub-
carriers having a carrier-spacing of ∆f = 4kHz . The signal
from the binary source is convolutionally encoded and inter-
leaved as shown in Fig. 1. After interleaving, three successive
coded bits are mapped onto an 8-ary symbol Xk,l. The signal
Xk,l is modulated onto K orthogonal sub-carriers by an iFFT-
block. Finally, a cyclic prefix of length 1/4 is inserted.

The channel’s output signal is corrupted by AWGN. After
removal of the cyclic prefix and OFDM demodulation we
obtain the received 8-ary signal constellation points Yk,l:

Yk,l = Hk,l · Xk,l + Nk,l, (1)

where l is the OFDM symbol index, k is the sub-carrier
index and Nk,l are statistically i.i.d. complex Gaussian noise
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Fig. 1: Transmitter, channel model and OFDM demodulation.

variables. The Hk,l are sample values of the CTF:

Hk,l = H(k · ∆f, l · Ts) , (2)

where Ts is the OFDM-symbol duration. The signal Yk,l is fed
to the blind APP-CE stage as shown in Fig. 2. This stage out-
puts log-likelihood ratios (L-values) on the transmitted coded
bits which are deinterleaved and decoded in an APP decoder.
Iterative channel estimation and decoding is performed by
feeding back extrinsic information on the coded bits; after
interleaving it becomes the a-priori knowledge to the blind
APP-CE stage.

We use a recursive systematic convolutional code with
feedback polynomial Gr = 0378, feed-forward polynomial
G = 0238, memory 4 and code rate Rc = 0.5. Note that
in the following all Eb/N0-values are given with respect to
the overall information rate R = Rc · Rg = 0.4, whereby Rg

considers the redundancy introduced by the cyclic prefix:

Rg =
1

∆f · Ts
= 0.8 (3)

B. Channel model

For the performance evaluation we assumed a frequency-
selective fading channel according to a wide-sense stationary
uncorrelated scattering (WSSUS) model. The channel was
simulated according to the model introduced in [8], which
describes the channel’s time-variant impulse response as

h(τ, t) = lim
Z→∞

1√
Z

Z∑

m=1

ejθmej2πfDmax tδ(τ − τmax) . (4)
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-âν

sink
binary

��? Lc
d,µ

Π

interleaver

�
Lc̃

a,µL
c̃,f,i

a,k,l

6

Fig. 2: Receiver with iterative blind APP channel estimation.

The Fourier-Transform of equation (4) with respect to τ yields
the channel’s time-variant frequency response:

H(f, t) = lim
Z→∞

1√
Z

Z∑

m=1

ejθmej2πfDmax te−j2πfτmax . (5)

For each of the Z paths, the phase-shift θm, the Doppler-shift
fDmax

and the delay τm are randomly chosen from the cor-
responding probability density function (pdf) pθ(θ), pfD

(fD)
or pτ (τ) of the channel model [8]. For the simulations, the
number of paths was set to Z = 100. The channel models were
chosen according to the well known models in COST 207 [9].

III. TOTALLY BLIND CHANNEL ESTIMATION

In [10], the authors present a blind channel estimation ap-
proach based on the ML-principle, which essentially exploits
the finite alphabet property of the transmitted data symbols.
It works solely in the frequency-direction on just one OFDM-
symbol. As a consequence, we will restrict our derivations
to the frequency direction. However, we applied the same
concepts in the time direction as well.

Consider a vector y of M data symbols received on ad-
jacent subcarriers and a vector x with the corresponding M
transmitted data symbols. If X is a diagonal matrix with the
transmitted symbols as diagonal elements, and h is a vector
with the corresponding and unknown M channel transfer
function coefficients in the frequency domain, the following
minimum equation needs to be solved [10]:

Ψ̂ = min
Ψ

‖y − Xh‖2 , Ψ := [hT ,xT ]T . (6)

In the general case, at least Mmin subcarriers need to be
considered in order to be able to uniquely solve equation (6).
Mmin was derived in [10] and depends on the channel’s delay
spread, the subcarrier-spacing and the modulation scheme. For
channels with long delay spreads or for higher order modula-
tion schemes, Mmin is very large, which makes equation (6)
extremely complex to solve.

Consider two adjacent subcarriers with indices k = 0 and
k = 1. In [7] it was shown that as few as M = 2 received
symbols on adjacent subcarriers are sufficient to uniquely
determine the CTF on these subcarriers. This is possible if
the CTF does not vary too fast in frequency direction, that is
h0 ≈ h1. Under the assumption that h1 ≈ h0 = y0x

∗
0 in the

PSK-case, (6) reduces to

Ψ̂ = min
Ψ

‖y − Xh‖2

= min
Ψ

(
‖y0 − h0x0‖2 + ‖y1 − h1x1‖2

)

≈ min
Ψ



‖y0 − y0 x∗
0x0

︸︷︷︸

=1

‖2 + ‖y1 − y0x
∗
0x1‖2





= min
Ψ

‖y1 − y0x
∗
0x1‖2 = min

Ψ
‖y1 − y0e

j(ϕ1−ϕ0)‖2

= min
Ψ

‖y1 − y0e
jα‖2 , (7)

with ∗ denoting the complex conjugate, x0 = ejϕ0 and
x1 = ejϕ1 in the PSK-case. Obviously, the angle α =
ϕ0 − ϕ1 is the only parameter that can be varied in order to



solve the minimum equation. This introduces the well-known
phase ambiguity if only one modulation scheme is used. The
ambiguity can be resolved by using two different modulation
schemes on the two adjacent subcarriers. Theorem 2 in [7]
states that if qi is a signal point of the first PSK-modulation
scheme, and qj a signal point of the second PSK-modulation
scheme, the signal points must be chosen such that no two
angles αi,j = ∠(qi, qj) are identical for all possible signal
point combinations i, j. For example, QPSK and 3-PSK fulfill
this condition, but also 8-PSK and 7-PSK [7]. In these cases,
(7) can be solved without any ambiguity.

The condition of an approximately constant CTF for
adjacent subcarriers holds for channels with a small delay
spread, but does not hold anymore for channels with a
longer delay spread. This imposed problems to the algorithm
presented in [7] in combination with channels with a relatively
long delay spread.

Theorem 3 from [7] stated that it is possible to consider not
only two, but an arbitrary number of subcarriers M at a time
in order to solve equation (6). By taking more subcarriers into
account, the effect of noise can be mitigated. However, the
complexity of the problem increases exponentially with M .

Following from [3], APP-CE is a trellis-based approach to
solve eq. (6) in the presence of noise with respect to an ap-
propriately chosen metric (see also section IV). In contrast to
the algorithm in [7], where only a small number of subcarriers
could be considered at a time, the trellis-based APP approach
allows us to consider the complete OFDM-symbol at a time.
Hence, the APP-CE needs only very little a-priori information
to perform the channel estimation. In the pilot-based case,
this a-priori information is obtained from the pilot symbols.
In contrast to that, the a-priori information comes from the
uniqueness of the angle α in our scheme.

This concept, which was just derived for the frequency
direction, can also be applied in the time direction. Depending
on the Doppler shift, the CTF remains approximately con-
stant from one OFDM-symbol to the other. Hence, the two-
dimensional APP-estimator can take advantage of the CTF
correlation in both the frequency and the time direction. In all
of our simulations, the two-dimensional estimator operated on
blocks of 100 OFDM-symbols.

In this paper, we study the combination of 8-PSK and 7-
PSK. We also investigate the possibility of combining 8-PSK
with a generalized 8-PSK modulation scheme with signal
points S8

i according to (compare Fig. 3):

S8
i = eji 2π

η , 0 ≤ i ≤ 7, η ∈ �
. (8)

η = 7 corresponds to a 7-PSK. In this case, the signal point at
ej0 is occupied twice, which corresponds to a puncturing of
the convolutional code, similar to the 3-PSK-mapping in [7].
Depending on η, the condition that no two angles αi,j may
be identical (see above) may or may not be fulfilled.

The following mapping from the coded bits to the signal
points was used:

{0002 → S8
0 , 1002 → S8

1 , 1012 → S8
2 , 1112 → S8

3 ,
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Fig. 3: Generalized 8-PSK modulation scheme
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IV. APP CHANNEL ESTIMATION

As detailed in [3], the two-dimensional APP channel estima-
tor consists of one estimator for frequency and time direction,
respectively. Each of these one-dimensional estimators exploits
the continuity of the CTF in either the frequency or the time
direction by building up an artificial trellis of the data sym-
bols. By doing so, it essentially searches for the most likely
transmitted symbol sequence based on an appropriately chosen
metric. Since the derivation of the algorithm in frequency
and time direction is similar, we will restrict ourselves to the
derivation in frequency direction.

Consider the transmitter’s output symbol sequence in the
frequency domain Xk,l. If we imagine these symbols being
fed into a virtual shift register, we can build up an artificial
trellis. This is illustrated in Fig. 4 for a shift register of length
2 and a BPSK modulation scheme with the two signal points
S0 and S1.

On the receiver side, the CTF needs to be taken into account
for each state transition. In our case, a linear predictor is used
to predict the CTF for each state in the trellis. This prediction
is based on the previously visited states, since an assumption
of the transmitted data symbols has to be made:

Ĥf
k,l0

=

mf∑

i=1

uf,i ·
Yk−i,l0

X̂k−i,l0

. (9)

If the statistical properties of the channel are known, the
FIR filter coefficients uf,i can be calculated with the Wiener-
Hopf equation based on the channel’s auto-correlation. In
[11], two such methods were derived and compared. In the
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following, we will assume that the receiver has no knowledge
of the channel at all. Consequently, the FIR filter coefficients
cannot be calculated with the Wiener-Hopf equation. Instead,
a generic set of predictor coefficients has to be used. In [11],
the generic set uf,i = 1/mf was discussed. Following from
[11], we choose a filter order of mf = 1 with uf,i=0 = 1
and uf,i6=0 = 0. For all our simulations, we used this set of
predictor coefficients in both the frequency and time direction.

V. SIMULATION RESULTS

All BER results in this section were measured after 4
iterations of the iterative decoding loop. This is sufficient to
achieve maximum performance in all considered cases.

We first investigate the influence of the parameter η of
the generalized 8-PSK modulation scheme. Fig. 5 shows the
BER for a COST 207 Typical Urban (TU) channel at a high
maximum Doppler frequency of fDmax

= 300Hz for values
of η between 4 and 8. The corresponding EXIT-chart for
selected values of η is depicted in Fig. 6. Both charts show
that the original idea from [7] of applying a 7-PSK (η = 7)
is feasible. However, it can clearly be stated that this is not
the optimal value. Instead, from Fig. 5 it follows, that η = 5.8
(i.e., a “5.8-PSK” modulation scheme) delivers the optimal
performance for the underlying scenario. Note that the system
cannot perform for η = 8 and η = 4, since Theorem 2 from
[7] is not fulfilled. However, it is interesting to notice that

η = 6 delivers excellent BER performance, even though the
same theorem is not fulfilled (note that some signal points
of the 6-PSK are occupied twice). The reason for this is that
Theorem 2 from [7] is fulfilled for a large enough number of
adjacent subcarriers, but not all of them1. As the APP estimator
needs only very little a-priori information, decoding of the
data stream is still possible.

For the same scenario, Fig. 7 plots the BER results over
Eb/N0 for selected values of η. This chart emphasizes that
even a very small deviation of 0.2 from the regular 8-PSK
(η = 7.8) is sufficient in order to be able to decode the received
data stream, although only at a high Eb/N0. In accordance
with Fig. 5, it is possible to decode the received data stream
at lower values of Eb/N0 if the deviation from the regular
8-PSK becomes larger.

So far, we restricted our evaluation to the very popular
channel Typical Urban (TU). In the following, we will extend
our analysis to the other channel models defined in COST
207 [9], namely Rural Area (RU), Bad Urban (BU) and Hilly
Terrain (HT). With a maximum delay spread of almost 20µs,
HT is the worst considered channel profile.

Fig. 8 and Fig. 9 show the BER for the four channel models

1Note that due to the application of error correction codes all signal points
are equally probable. Therefore, it is very unlikely that Theorem 2 is not
fulfilled on a sufficient amount of adjacent subcarriers.
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over η and over Eb/N0, respectively. The maximum Doppler
shift was set to fdmax

= 300Hz. At such a high Doppler
frequency, the channel HT cannot be handled at a reasonable
Eb/N0 anymore. The reason for this is the fast varying CTF in
frequency and time direction (cmp. section III), which would
make a better set of prediction coefficients necessary [11].
Whereas channels RA and TU expectedly impose no problems
at all, channel BU with a maximum delay spread of 10µs is
more difficult to handle. However, with η = 5.8, a competitive
performance can be achieved at a target BER of 10−4. Note
that η = 6 delivers bad performance since Theorem 2 from
[7] is not fulfilled, in contrast to channels RA and TU.

It is interesting to note that the BER performance of channel
RA is slightly worse compared to that of channel TU for
Eb/N0 < 12 dB. In this case the slow variation of the CTF
for channel RU is a disadvantage, since the channel might be
in a fade for a large block of subcarriers, which is not the
case with channel TU. This leads to bad estimation results
and block errors for these subcarriers.

Finally, we will consider the case of a smaller maximum
Doppler shift, which results in a slower variation of the CTF
in time direction. As a consequence, the APP estimator in
time direction will perform better, which can make up for a
bad performance of the APP estimator in frequency direction
with channels with a long delay spread.

Fig. 10 and Fig. 11 show the BER for the four channel
models over η and over Eb/N0, respectively, with fdmax

=
100Hz. From Fig. 10 we can see that it is now possible to
handle all channel profiles, even the profile HT. However, it
becomes obvious that the proper selection of η is crucial.
Again, η = 5.8 is a good choice for all channel models.
The BER chart in Fig. 11 shows that a BER of 10−4 can
be achieved with all channels at a reasonable Eb/N0.

VI. CONCLUSION

We enhanced the totally blind channel estimation algorithm
from [7] by the APP method. Additionally, the originally
used QPSK and 3-PSK modulation scheme was replaced by
a regular 8-PSK and a generalized 8-PSK modulation scheme
in which the angle η between the signal points was varied.
A value of η = 5.8 was found to give optimum performance

in the considered scenarios. The system was investigated in
a rapidly time-varying environment in combination with the
channel models proposed in COST 207. It was shown that all
COST 207 channels can be handled at a maximum Doppler
shift of fdmax

= 100Hz. Despite the channel HT, all other
COST 207 channels delivered good BER performance even
at fdmax

= 300Hz. This was achieved with a very simple
set of prediction coefficients, and we expect to be able to
handle even channel HT with a more sophisticated predictor.
Our simulations show that blind channel estimation with a
non-adaptive receiver is possible with higher order modulation
schemes and most realistic channels. The channel transfer
function can thereby completely be recovered with no phase
ambiguity without even a single reference symbol.
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