
 Open access  Proceedings Article  DOI:10.1109/ICASSP.2006.1661170

A Fast Adaptive Method for Subspace Based Blind Channel Estimation
— Source link 

A.J. Altuna, Bernard Mulgrew, C.R. Badeau, D.V. Atxa

Institutions: University of Mondragón, University of Edinburgh, ParisTech

Published on: 14 May 2006 - International Conference on Acoustics, Speech, and Signal Processing

Topics: Subspace topology and Random subspace method

Related papers:

 Generalized YAST algorithm for signal subspace tracking

 Revisiting adaptive signal subspace estimation based on Rayleigh's quotient

 Adaptive ESPRIT algorithm based on the PAST subspace tracker

 Yast Algorithm for Minor Subspace Tracking

 
Speeding up Noise Subspace Estimation Algorithms using an Optimal Diagonal Matrix Step-Size Strategy for MC-
CDMA Application

Share this paper:    

View more about this paper here: https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-
246rwnkl54

https://typeset.io/
https://www.doi.org/10.1109/ICASSP.2006.1661170
https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-246rwnkl54
https://typeset.io/authors/a-j-altuna-2w17eijjsz
https://typeset.io/authors/bernard-mulgrew-4sfpijgosf
https://typeset.io/authors/c-r-badeau-4ivzb8nr12
https://typeset.io/authors/d-v-atxa-168jiai1o0
https://typeset.io/institutions/university-of-mondragon-2zr8myav
https://typeset.io/institutions/university-of-edinburgh-1ow1wfk0
https://typeset.io/institutions/paristech-1p8otzzm
https://typeset.io/conferences/international-conference-on-acoustics-speech-and-signal-14bc3mci
https://typeset.io/topics/subspace-topology-f4wzzyg4
https://typeset.io/topics/random-subspace-method-1icwlux3
https://typeset.io/papers/generalized-yast-algorithm-for-signal-subspace-tracking-4thy1ktxxa
https://typeset.io/papers/revisiting-adaptive-signal-subspace-estimation-based-on-2odvgt7z87
https://typeset.io/papers/adaptive-esprit-algorithm-based-on-the-past-subspace-tracker-1ztuu3rorb
https://typeset.io/papers/yast-algorithm-for-minor-subspace-tracking-223nys52ww
https://typeset.io/papers/speeding-up-noise-subspace-estimation-algorithms-using-an-1t2zr0brn9
https://www.facebook.com/sharer/sharer.php?u=https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-246rwnkl54
https://twitter.com/intent/tweet?text=A%20Fast%20Adaptive%20Method%20for%20Subspace%20Based%20Blind%20Channel%20Estimation&url=https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-246rwnkl54
https://www.linkedin.com/sharing/share-offsite/?url=https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-246rwnkl54
mailto:?subject=I%20wanted%20you%20to%20see%20this%20site&body=Check%20out%20this%20site%20https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-246rwnkl54
https://typeset.io/papers/a-fast-adaptive-method-for-subspace-based-blind-channel-246rwnkl54


HAL Id: hal-00945268
https://hal.inria.fr/hal-00945268

Submitted on 24 Mar 2014

HAL is a multi-disciplinary open access
archive for the deposit and dissemination of sci-
entific research documents, whether they are pub-
lished or not. The documents may come from
teaching and research institutions in France or
abroad, or from public or private research centers.

L’archive ouverte pluridisciplinaire HAL, est
destinée au dépôt et à la diffusion de documents
scientifiques de niveau recherche, publiés ou non,
émanant des établissements d’enseignement et de
recherche français ou étrangers, des laboratoires
publics ou privés.

A Fast Adaptive Method for Subspace Based Blind
Channel Estimation

Jon Altuna, Bernie Mulgrew, Roland Badeau, Vicente Atxa

To cite this version:
Jon Altuna, Bernie Mulgrew, Roland Badeau, Vicente Atxa. A Fast Adaptive Method for Subspace
Based Blind Channel Estimation. Proc. of IEEE International Conference on Acoustics, Speech and
Signal Processing (ICASSP), 2006, Toulouse, France. pp.1121–1124. hal-00945268

https://hal.inria.fr/hal-00945268
https://hal.archives-ouvertes.fr


A FAST ADAPTIVE METHOD FOR SUBSPACE BASED BLIND CHANNEL ESTIMATION

A. Jon Altuna, B. Bernie Mulgrew∗, C. Roland Badeau† and D. Vicente Atxa

University of Mondragón
Department of Electronics
20500 Mondragon, Spain

ABSTRACT

In this paper, a new fast adaptive blind channel estimation method

is proposed using the subspace information from the correlation

matrix. The algorithm is fully adaptive in the sense that both

the subspace information and the optimization which leads to the

channel estimation are computed adaptively. It is based on the re-

cently proposed YAST subspace tracker which has been shown to

outperform other methods both in terms of speed of convergence

and computational complexity. A discussion on the convergence

properties of the proposed algorithm is presented. We also propose

a hybrid method which makes use of the YAST subspace tracker

for initial fast convergence and the subspace information is then

updated using the numerically stable OPAST subspace tracker.

1. INTRODUCTION

The increasing demand for high spectral efficiency in broadband

wireless communications where multipath delay spread is a major

problem has motivated the design of (semi-) blind channel estima-

tion and equalization techniques which require little or no knowl-

edge of the transmitted sequence. A number of (semi-) blind tech-

niques have been proposed, which rely on some statistical prop-

erties or algebraic structure of the received signal [2]. In partic-

ular, several subspace techniques have been proposed for blind

and semi-blind channel identification after the pioneering work by

Moulines et al. [1] which has been applied to single-carrier [5]

and multicarrier systems [3]. These algorithms generally require

the computation of an SVD on the received signal correlation ma-

trix to determine the signal and noise subspace in a first step and

then the channel impulse response is estimated as the solution to a

quadratic form up to a scalar factor.

Recent developments in subspace tracking have shown that

performance matching a detailed SVD can be obtained using sub-

space projection based algorithms [7] [6]. These algorithms view

the estimation of the signal subspace as an optimization problem

and compute the signal subspace as the exact solution over a sub-

space of reduced dimensions. Essentially, an orthonormal matrix

which spans the n-dimensional dominant subspace of the correla-

tion matrix is adaptively estimated where the orthonormality of the

estimated projection matrix is guaranteed at each iteration. In par-

ticular, the YAST algorithm proposed in [6] clearly outperforms

subspace trackers such as OPAST [9] or plane-rotation based FST

[8] with a global complexity O(mn) where m is the dimension of
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†The author is with the Department of Signal and Image Processing,
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the observed data window. Recently, a promising subspace tracker

known as FAPI [10] has also been presented, which outperforms

OPAST both in terms of stability and speed of convergence, but

YAST has a much faster initial convergence than FAPI.

This paper presents a fast fully-adaptive subspace-based blind

channel estimation method. We first propose a method which uses

the YAST subspace tracker to adaptively calculate the signal sub-

space from the correlation matrix and the quadratic form solution

is also adaptively calculated using the iterative power method [4].

However, we have observed that, although the YAST algorithm

converges remarkably at a similar speed of a detailed SVD with

an important reduction in computational complexity, the algorithm

diverges when the iterations reach the dimension of the signal sub-

space. Nevertheless, we propose a hybrid approach which com-

bines the YAST subspace tracker for initial fast convergence and

stability is guaranteed by updating the subspace information us-

ing the numerically stable OPAST subspace tracker. The proposed

method is numerically stable and achieves faster convergence than

other methods proposed in the literature [4] with a global complex-

ity of O(mn).

The paper is organized as follows: in Section 2 the multichan-

nel system model is presented and Section 3 presents the fully

adaptive blind channel estimation method based on the YAST sub-

space tracker. Section 4 discusses convergence properties of the

adaptive algorithm and proposes a hybrid method which guaran-

tees stability. Finally, computer simulations are presented in Sec-

tion 5 which highlight the ability of the proposed hybrid approach

to track the impulse response of a frequency-selective propagation

channel faster than other methods using different subspace track-

ers.

2. SYSTEM MODEL

The system is described as a multichannel system where the dis-

crete time input sequence x(k) is received by K antennas or equiv-

alently is sampled at a rate K-times faster than the source symbol

rate. The received signal y(i)(k) at the ith subchannel is formu-

lated as:

y
(i)
k = H

(i)
N xk + w

(i)
k (1)

where xk = [x(k), x(k − 1), · · · , x(k − N − M + 1)]† is

the (N + M) × 1 vector which contains the input sequence x(k),

N represents the dimension of the data window at each subchan-

nel and M + 1 is the length of the subchannel impulse response.

On the other hand, y
(i)
k = [y(i)(k), y(i)(k − 1), · · · , y(i)(k −

N + 1)]† represents the N × 1 received signal vector and w
(i)
k =



[w(i)(k), w(i)(k − 1), · · · , w(i)(k − N + 1)]† is the noise vec-

tor. The subchannel filtering matrix H
(i)
N is a N × (N + M)

Block-Toeplitz matrix associated with the ith subchannel impulse

response h
(i)
k

def
= h(i)(k) as:

H
(i)
N =
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(2)

Equivalently,

yk = HNxk + wk (3)

where yk
def
= [y

(0)†
k , · · · ,y

(K−1)†
k ]† is the received signal vector

and HN = [H
(0)†
N , · · · ,H

(K−1)†
N ]† is a KN × (N +M) filtering

matrix.

3. ADAPTIVE SUBSPACE-BASED BLIND CHANNEL
ESTIMATION

The identification of the channel coefficients is based on the SVD

of the KN×KN covariance matrix Ry(k) of the received signal.

Provided that the filtering matrix HN meets the full column-rank

condition, the observation window N is sufficiently large so that

N ≥ M and the subschannels h
(i)
k do not share common zeros [1],

the singular vectors S(k) associated with the M+N highest singu-

lar values span the signal subspace and the singular vectors G(k)
associated with the last KN − M − N singular values span the

noise-subspace:

Ry(k) = HNRx(k)HH
N + Rw(k)

= [S(k)G(k)]

[
ΣS(k) 0

0 ΣG(k)

] [
S(k)H

G(k)H

]
(4)

where Rw(k) is the autocorrelation matrix of the stationary noise

process.

Since the signal subspace is a linear space spanned by the fil-

tering matrix HN , according to [1], the subschannel impulse re-

sponses h
(i)
k can be estimated by maximizing the following quadratic

form:

q′(H) =
∑M+N−1

i=0 | Ŝi(k)HHN |2

= HH
(
∑M+N−1

i=0 Ŝi(k)Ŝi(k)H
)

H

= HHQ̂(k)H

(5)

H = [H(0)T , . . . , H(K−1)T ] is a 1 × K(M + 1) channel

vector and H(i) = [h
(i)
0 , . . . , h

(i)
M ]T . Ŝi(k) are the estimated sig-

nal subspace singular vectors and Ŝi(k) is a transformation matrix

such that:

Ŝi(k) = ΥM+1[Ŝi(k)], (6)

where H
(i)
N = ΥN [H(i)].

The solution to this maximization problem is the unit-norm

singular vector associated with the maximum singular value of ma-

trix Q̂(k) subject to the unit norm constraint ‖H‖ = 1.

In particular, we propose an adaptive method for the estima-

tion of the signal subspace based on maximizing the following

criterion:

τ [Ŝ(k)] = trace[Ŝ(k)H
R̂y(k)Ŝ(k)] (7)

where Ŝ(k) is the estimated m×n orthonormal matrix which

spans the signal subspace and m = KN and n = M + N . This

maximization is subject to the recursive estimation of the received

signal covariance matrix as:

R̂y(k) = βR̂y(k − 1) + yky
H
k (8)

The idea introduced in [7] and [6] is to reduce the search space

of the m × n orthonormal vectors Ŝ(k) which requires an overall

complexity O(m2n) by maximizing the following alternative cri-

terium instead:

τ [Ŝ(k)] = trace[Rz(k)]

= trace[U(k)H S̃(k)H
Ry(k)S̃(k)

︸ ︷︷ ︸
U(k)]

= trace[U(k)HR̃z(k)U(k)]

(9)

where Ŝ(k) = S̃(k)U(k). The matrix S̃(k) = [Ŝ(k−1), V (k)] is

an orthogonal matrix with p = 1 or p = 2 more columns appended

to matrix Ŝ(k − 1). On the other hand, V (k) = ek/norm(ek) is

the normalized prediction error, where:

ek = xk − Ŝ(k − 1)Ŝ(k − 1)H
xk (10)

The maximization of eq. 9 reduces the search space from m×
n to the (n + p) × n orthonormal matrix U(k) which spans the

n-dimensional dominant subspace of R̃z(k), but it would still re-

quire to compute an singular value decomposition with a complex-

ity O(n3). In order to avoid this, we take into account the fact that

the orthonormal matrix U(k) also spans an invariant subspace of

the inverse R̃z(k)−1

Rz(k)−1 = U(k)H
R̃z(k)−1U(k) (11)

Thus, the YAST algorithm computes R̃z(k)−1 and its p- di-

mensional dominant subspace which does not require any singular

value decomposition. This optimization leads to a simple recur-

sion for the adaptation rule of the signal subspace matrix [6]:

Ŝ(k) = Ŝ(k − 1) − ζ̃(k)f̃H
k = Ŝ(k − 1)

−[V (k) + Ŝ(k − 1)f̃k(Ĩ + ρ̃(k))−1]f̃H
k

(12)

where f̃k = ϕ̃(k)θ̃(k)H . For the sake of simplicity we study the

adaptation rule for p = 1 rule. Then, ϕ̃(k) is built from the first

m coefficients of the (m + 1) × 1 dominant singular vector of

the matrix R̃z(k)−1, and θ̃(k) and ρ̃(k) correspond to the sign

and the absolute value of the last coefficient of this singular vector.

The adaptation of the signal subspace matrix Ŝ(k) requires 4mn+
O(m + n2) MAC (multiply-accumulate) operations.

On the other hand, the solution to the maximization of the

quadratic form expressed in eq. 5 would require the computation

of the dominant singular vector of the m1 ×m1 matrix Q̂(k) with

a complexity O(m2
1), where m1 = K(M + 1). In this case, a

further reduction in complexity can be achieved by tracking the

most significant singular vector of matrix Q̂(k) using the power

method [11]. The power method is an iterative method for com-

puting the dominant singular vector with a complexity in each it-

eration. The procedure is as follows:



Since the matrix Q̂(k) is a symmetric positive matrix, the

dominant left singular vector Uq(k) of Q̂(k) can be directly ob-

tained according to:

Uq(k) = Q̂(k)Uq(k − 1)
Uq(k) = Uq(k)/‖Uq(k)‖

(13)

Finally, the channel vector estimate can be obtained from the

dominant left singular vector Uq(k) = [u
(0)
q , · · · , u

(K(M+1))
q ] us-

ing H(i) = [u
(i)
q , u

(K+i)
q , · · · , u

(KM+i)
q ].

In summary, the adaptive blind channel estimation algorithm

would require the following steps:

Table I

Adaptive Blind Channel Estimation

Recursion:

for k = 1, 2, . . .

Compute R̂y(k) = βR̂y(k − 1) + yky
H
k

Update Ŝ(k) = Ŝ(k − 1) − ζ̃(k)f̃H
k (eq. 12)

Compute Q̂(k) =
(
∑M+N−1

i=0 Ŝi(k)Ŝi(k)H
)

Update Uq(k) using Uq(k) = Q̂(k)Uq(k − 1)
and Uq(k) = Uq(k)/‖Uq(k)‖

end

4. CONVERGENCE PROPERTIES AND HYBRID
METHOD

In this section we consider the convergence properties of the YAST

subspace tracker in the context of blind channel estimation. In par-

ticular, it is interesting to note that after k = M +N iterations, the

signal subspace is somewhat estimated as the M +N -dimensional

subspace of [Ŝ(k − 1),xk,xk+1, . . . ,xk+M+N−1] which maxi-

mizes the Rayleigh quotient. However, the family xk,xk+1, . . . ,
xk+M+N−1 exactly spans the true signal subspace and therefore,

after k = M + N iterations the estimated subspace matches the

true signal subspace. This explanation only holds for noiseless

signals.

On the other hand, we have observed that the YAST algorithm

diverges immediately after convergence. This is caused by the loss

of orthonormality of the updated matrix Ŝ(k) due to the fact that

the prediction error ek = xk − Ŝ(k − 1)Ŝ(k − 1)Hxk becomes

neglegible at iteration k = M + N . Indeed, when the algorithm

reaches convergence at k = M + N we obtain an orthonormal

matrix Ŝ(k) which matches the exact SVD solution for the same

iteration. In practice, it is observed that the normalized prediction

error vector V (k) = ek/norm(ek) in S̃(k) = [Ŝ(k − 1), V (k)]

is not exactly orthogonal to Ŝ(k − 1).

In most cases, especially when the observation window N is

small, the channel estimates are not able to converge to a reason-

able value and we thus propose to use the YAST subspace tracker

as an initialization with fast convergence for k = M+N iterations

and after that, the numerically stable OPAST subspace tracker [9]

can be used for the adaptation of the signal subspace matrix.

The recursion used by the OPAST algorithm for the adaptation

of the signal subspace is:

Ŝ(k) = Ŝ(k − 1) + p̃kq
H
k (14)

where p̃k = τkŜ(k − 1)qk + (1 + τk‖qk‖
2)pk. On the other

hand, we define the following terms as:

pk = γkek, (15)

γk = 1/(1 + x
H
k Ŝ(k − 1)qk), (16)

qk = 1/β(Z(k − 1)Ŝ(k − 1)H
xk) (17)

Z(k) = (1/β)Z(k − 1) − γkqkq
H
k (18)

and

τk =
1

‖qk‖2

(

1
√

1 + ‖pk‖2‖qk‖2
− 1

)

. (19)

This adaptation rule requires 4mn+O(n2) MAC (multiply-accumulate)

operations. The pseudo-code of the proposed hybrid method is as

follows

Table II

Hybrid Method

Recursion:

for k = 1, 2, . . .
Compute Ry(k) = βRy(k − 1) + yky

H
k

if k ≤ M + N

Update Ŝ(k) according to eq. 12

else
Update Ŝ(k) according to eq. 14

Compute Q̂(k) =
(
∑M+N−1

i=0 Ŝi(k)Ŝi(k)H
)

Update Uq(k) using Uq(k) = Q̂(k)Uq(k − 1)
and Uq(k) = Uq(k)/‖Uq(k)‖

end

The computational complexity of the different adaptive sub-

space based channel estimation techniques is summarized in Table

III:

Table III

subspace estimation of

estimation Uq(k)
Detailed SVD O[(KN)3] [K(M + 1)]2

YAST 4KN(M + N) [K(M + 1)]2

+O[KN + (M + N)2]
OPAST 4KN(M + N) [K(M + 1)]2

+O[(M + N)2]
Hybrid YAST/OPAST [K(M + 1)]2

5. SIMULATION RESULTS

Computer simulations have been conducted in order to compare

the performance of the proposed fully adaptive method with the

blind subspace technique using exact SVD and an adaptive method

using the OPAST subspace tracker. The source signal is a 2 Mbps

BPSK signal which is received by K = 4 antennas. The perfor-

mance of these techniques is measured in terms of the normalized
mean squared error (NMSE) of the estimated propagation sub-

channel impulse responses. The experiments were conducted us-

ing a frequency- selective SUI-3 channel model with [0 0.5 1] tap

delay in µs, [0 -5 -10] power in each tap in dB and M = 2. The

maximum Doppler frequency is 0.4 Hz.
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Fig. 1. Convergence of channel estimation using an observation

window size N = 20 and SNR=25 dB.

Figure 1 shows the convergence of the NMSE averaged over

50 Monte-Carlo runs, using a fixed observation window size N =
20 and SNR=25 dB . It is observed that the adaptive method us-

ing the YAST algorithm the signal subspace estimation and the

iterative power method for the quadratic form solution is able to

converge to the solution provided by the exact SVD-based method

(denoted BL Subs). However, it can be seen that the algorithm

diverges immediately after convergence at k = M + N . On the

other hand, we have also tested the performance of the adaptive

technique using the OPAST subspace tracker and it is apparent that

the convergence is slow compared to the YAST subspace tracker.

We finally tested the proposed hybrid method which switches from

the YAST adaptation rule to OPAST at k = M+N and it is shown

that this combination enables global convergence of the algorithm

while increasing the speed of convergence.

Another experiment was also conducted computing the NMSE

over 100 Monte-Carlo runs using a fixed window size N = 20. It

is observed in Figure 2 that the proposed hybrid adaptive tech-

nique achieves almost identical performance as the exact SVD-

based technique at iterations k = 22 and k = 150, whereas YAST

diverges after iteration k = 22 and the OPAST based adaptive

method is not even able to converge at k = 150.

6. CONCLUSIONS

In this paper we propose a new method for adaptive subspace-

based blind channel estimation using the YAST subspace tracker

for initial signal subspace estimation and the solution of the quadratic

form which leads to the blind channel estimate is also adaptively

computed. It has been discussed and shown by means of com-

puter simulations that although the YAST algorithm might diverge

when the iterations reach the dimension of the signal subspace, it

can still be used for initial fast convergence followed by other sub-

space trackers such as OPAST while keeping a global complexity

of O(mn). The resulting hybrid method achieves a remarkable

convergence speed and numerical stability.
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