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Abstract—Multipath interference is an ubiquitous phenomenon
in modern communication systems. The conventional way to
compensate for this effect is to equalize the channel by estimating
its impulse response by transmitting a set of training symbols.
The primary drawback to this type of approach is that it
can be unreliable if the channel is changing rapidly. In this
paper, we show that randomly encoding the signal can protect it
against channel uncertainty when the channel is sparse. Before
transmission, the signal is mapped into a slightly longer codeword
using a random matrix. From the received signal, we are able to
simultaneously estimate the channel and recover the transmitted
signal. We discuss two schemes for the recovery. Both of them
exploit the sparsity of the underlying channel. We show that if the
channel impulse response is sufficiently sparse, the transmitted
signal can be recovered reliably.

I. INTRODUCTION

In many communication systems, transmitted signals suffer
from multipath interference [1]. These effects can be mitigated
on the receiver end by estimating the channel response, either
by using training (or pilot) symbols [2] or by blind equalization
[3]. In a number of applications, the channel exhibits a sparse
impulse response, i.e. a small nonzero support. In such cases,
the sparse nature of the channel can be exploited to get
better estimates [4]. In recent years several training based
methods have been presented in this regard [4]–[8]. However,
if the channel response is unknown, partially known, and/or
changing rapidly, some other mechanism is needed to protect
the transmitted signals from the channel interference.

In this paper we demonstrate how a random coding scheme
can protect an arbitrary signal from the effects of sparse
channels. We show that if the original signal is encoded using
a random matrix before transmission, then we can estimate the
channel and recover the signal exactly (when there is no noise
present) on the receiver side. Our scheme does not use any
prior knowledge of the channel, other than that the impulse
response of the channel is sparse.

The problem can be formulated as follows. We want to
transmit a signal x ∈ Rn to a remote receiver. In order to
protect the signal from the multipath interference, we instead
transmit a codeword Ax, where A is an m×n random coding
matrix with m > n. The received signal can be expressed as

y = Ax⊗ h, (1)

where h ∈ Rm is a k-sparse vector (i.e., contains only k
nonzero entries) for the impulse response of the channel and

⊗ denotes the circular convolution. Our goal is to recover the
original signal x from the received signal y.

Few comments about the problem formulation are in order.
The coding matrix A can be generated by drawing its entries
independently from a subgaussian distribution, e.g., Gaussian
or Bernoulli [9]. However, in this paper, we assume that the
coding matrix A is Gaussian, whose entries are independently
drawn from the normal distribution N(0, 1/m). Although we
use circular convolution in (1), the setup and subsequent
discussion can be easily extended to the linear convolution.
With our assumption that h is sparse, for the recovery we can
use methods from sparse signal approximation literature [10],
in particular, compressive sensing [11], [12].

In general, compressive sensing deals with the problems
involving the recovery of sparse signals from small number of
linear measurements. Consider the following setup. Assume
that we want to recover a sparse signal α ∈ Rn from its
linear measurements b = Φα, where Φ is an m × n matrix
with m � n. Ideally, we would like to solve the following
optimization problem

minimize ‖α̃‖0 subject to b = Φα̃, (2)

where ‖α̃‖0 denotes the `0 norm (i.e., cardinality) of the
optimization variable α̃. Unfortunately, the problem in (2)
is combinatorial in nature, and known to be NP-hard [13].
However, a relaxation of `0 norm with `1 norm makes the
optimization problem convex, and can be solved efficiently
[14]. The resultant `1 optimization problem (also known as
basis pursuit) can be written as

minimize ‖α̃‖1 subject to b = Φα̃. (3)

If the original signal α is k-sparse and Φ obeys some
incoherence conditions (e.g., Φ is Gaussian or Bernoulli),
then the solution of (3) is exact (with high probability) if
m = O(k log(n/k)) [15].

A related problem in compressive sensing, where random
coding is used, is the `1 decoding – an error correction scheme
[16]. In this framework we use random coding to protect an
arbitrary signal from the “sparse additive” errors. The problem
setup is as follows. Assume that we want to reliably transmit
a signal x ∈ Rn to the receiver. In order to do so, we transmit
a codeword Ax, where A is an m× n random coding matrix
with m > n. The received signal is

y = Ax+ e, (4)



where e ∈ Rm is the sparse error introduced by the channel.
If e contains k nonzero terms and m − n = O(k log(m/k)),
then solving the following optimization program will recover
x exactly (with very high probability) [16], [17]

minimize ‖Ax̃− y‖1. (5)

In this paper we use random coding to protect an arbitrary
signal from the effects of a “sparse convolutive” channel. We
present two schemes for the signal recovery. The first scheme
formulates the recovery problem as a block sparse signal
recovery problem. The second scheme is an improvement over
block sparse method and it uses an alternating minimization
algorithm to recover x and h. We also present some simulation
results to demonstrate the performance of random coding.

II. BLOCK `1

In this section we discuss the block-sparse formulation to
estimate x and h in (1). The system in (1) can be written as

y =
m∑

i=1

h(i)Si−1Ax, (6)

where Si denotes an operator for i circular downward shifts
of the columns, h(i) is the ith element of h. By noting that
h(i)x is simply the ith column of the rank-1 matrix U =
xhT ∈ Rn×m, we may rewrite this as:

y = A~U, (7)

where the ~U is produced from the vectorization operation
~U = [U(1, 1), U(2, 1), ..., U(n,m)]T , and A is an m×mn
matrix with n circular shifted copies of A stacked together:
A = [A S1A S2A · · · Sm−1A]. This vector ~U is
called block-sparse because the nonzero elements occur in
particular contiguous regions (or blocks) of n elements inside
this vector corresponding to the nonzero columns Ui = h(i)x
(∀ i : h(i) 6= 0).

Knowing that ~U is kn-sparse, we could solve for ~U using
the standard `1 minimization (3). However, the block-sparse
form lends itself to much more sophisticated approaches that
are possible when the sparsity has a structured model [18]. In
block-sparse signals, the nonzero entries are clustered together
[19]. This way, if h is k-sparse, we may consider ~U as
a k-block-sparse signal and solve the following block `1
optimization program to estimate ~U from y

minimize
m∑

i=1

‖Ui‖2 subject to y = A~U. (8)

This is a convex program and can be solved as a second order
cone program or semi definite program [14]. The performance
guarantees for the block-sparse recovery have been presented
in [19]–[21].

It follows from recent results in compressive sensing the-
ory that with a block Gaussian circulant matrix A as in
(7), the solution of (8) is exact with high probability if
m = O(kn log5(mn)) [22], [23]. This means that in order

to recover x exactly at the receiver side, we need n ele-
ments in codeword for every single element in the channel
impulse response. This multiplicative relation between the
lengths of x and codeword Ax makes the block `1 scheme
unattractive. However, this bound on the required length of
the codeword is not optimal. Since there are only n + k
unknown elements in (1), we would like to recover x and
h with m = O((n+ k) log(m)).

Although the block `1 approach improves upon naı̈ve `1
minimization, there are still some fundamental limitations of
the block-sparse recovery method that hinder its performance.
In particular, this formulation lacks the “rank one” constraint
on the desired block-sparse solution U . Ideally we would like
to solve the following optimization problem

minimize
m∑

i=1

‖Ui‖2

subject to y = A~U
rank(U) = 1.

Indeed, this rank constraint would critically reduce the number
of degrees of freedom from O(nk) to O(n + k), enabling
solutions with substantially fewer measurements. However,
this constraint is a non-convex problem and solving such a
program is known to be NP-hard [24]. This rank constraint
can be relaxed (e.g. with a nuclear norm constraint), and we
discuss such approaches in another paper [25].

III. ALTERNATING MINIMIZATION

In this section we discuss an alternating minimization
algorithm to recover x and h from the measurements y
in (1). Before getting into the discussion about alternating
minimization, consider the following two simpler problems.
Suppose we already know the channel response h and we want
to estimate x from y. In this case we can write the system in
(1) as

y = Hx, (9)

where H = h ⊗ A =
∑m

i=1 h(i)Si−1A is an m × n
matrix whose columns are circular convolution of h with the
columns of A. Assuming that H has full column rank, x can
be computed exactly by solving the following least squares
problem

minimize ‖Hx̃− y‖22. (10)

We can write H = FΣĥF
∗A, where F ∗ denotes a DFT matrix

and Σĥ is a diagonal matrix consisting of ĥ = F ∗h. In order
to recover x exactly (using the perfect knowledge of h), the
rank of matrix H should be at least n. This implies that ĥ
must have at least n non-zero entries. The discrete uncertainty
principle [26] tells us that for any m-dimensional signal h
and its Fourier transform ĥ, the following relation holds for
the time and frequency support sizes

‖h‖0 + ‖ĥ‖0 ≥ 2
√
m.



The quantitative robust uncertainty principle [27] improves on
this bound and suggests that, for almost every h, the following
relation holds for the time and frequency support sizes

‖h‖0 + ‖ĥ‖0 &
m

logm
.

Since we definitely need ‖ĥ‖0 ≥ n, a minimal bound on m
can be derived as:

‖ĥ‖0 &
m

logm
− k ≥ n ⇒ m & (n+ k) logm.

Therefore, even when we know the channel response h exactly,
to reliably recover x in (9) we need m & (n+ k) logm.

On the other hand, suppose we know x and we want to
estimate h from y. The system in (1) can be written as

y = Ch, (11)

where C is the circulant matrix created from the vector Ax.
The sparse vector h can be estimated using any standard
sparse recovery method. Since A is Gaussian matrix and x
is a deterministic signal, Ax is a Gaussian vector and C is
a Gaussian circulant matrix. Therefore, (with the complete
knowledge of x) we can recover h exactly by solving the
basis pursuit problem if m & k log5(m) [28].

Now consider the original problem, where we do not know
x and h, and the only prior information we have is that h is
sparse. In this regard, we wish to solve the following joint
optimization problem for x and h

minimize
x̃,h̃

1
2
‖h̃⊗Ax̃− y‖22 + τ‖h̃‖1, (12)

where τ > 0 is a regularization parameter. There are two
costs involved in (12). The quadratic term in (12), known as
the residual, tries to keep estimates close to the measurements.
The `1 norm works towards making the estimate of channel
sparse. Note that for a fixed value of h, (12) reduces to the least
squares problem (10). On the other hand, for a fixed value of x
(12) becomes convex in h, and takes the form of a well studied
sparse recovery problem – basis pursuit denoising (BPDN)
[10]. However, the optimization problem (12) is not convex
in both x and h simultaneously, which makes it a challenging
task to solve this problem. We use the alternating minimization
scheme to solve (12) for x and h.

The alternating minimization (also known as projection
method) is a commonly used method to solve an optimiza-
tion problem over two variables [29]. In the framework of
alternating minimization, instead of solving the optimization
problem over multiple variables simultaneously, we solve a
sequence of optimization problems over one variable at a time.
This scheme of “alternating the minimization variables” has
been used in a variety of applications. Examples include blur
identification and image restoration, blind source separation,
adaptive filter design and matrix factorization.

The alternating minimization (AM) algorithm for (12) is an
iterative scheme. Every AM iteration can be divided into two
main steps, where we alternately minimize (12) over h and x.
We use subscript j to denote the variables at jth iteration of

Algorithm 1 Alternating minimization for channel protection
Start with the initial solutions x0 and h0 for (12) at j = 0.
repeat
j ← j + 1
Select the value of τj (or the cardinality kj for the channel
estimate).
Fix x = xj−1 in (12) and solve it as (13) to compute hj .
Fix h = hj in (12) and solve it as (14) to compute xj .
Normalize xj as xj =

xj

‖xj‖2
.

until stopping criterion is satisfied

the algorithm. Assume that xj−1 and hj−1 are the solutions
at the beginning of jth iteration of AM. The two main steps
of the AM iteration can be described as follows.

1) With the signal x fixed as xj−1, update the channel
estimate hj by solving (12) over h as

minimize
1
2
‖Cj h̃− y‖22 + τj‖h̃‖1, (13)

where τj is the regularization parameter and Cj is the
circulant matrix created from the vector Axj−1.

2) With channel h fixed as hj , update the signal estimate xj

by solving (12) over x as

minimize ‖Hj x̃− y‖22, (14)

where Hj = hj ⊗A =
∑m

i=1 hj(i)Si−1A.
Repeat the procedure of updating hj and xj until some
convergence criterion is satisfied.

A sketch for the AM algorithm is given in Algorithm 1. Here
we discuss some important features of the AM algorithm in
detail.
Nonconvexity: The optimization problem (12) is nonconvex,
and it allows several possible solutions (i.e., the local minima).
The final solution where Algorithm 1 converges depends on
several factors. The most important factors in this regard are
the choices for the initial values of x0 and h0 and the value
of regularization parameter τj at every iteration. There can be
many ways to initialize the Algorithm 1 and then control the
regularization parameter τj , so that the Algorithm 1 converges
to the global minimum for (12) (which is often at the correct
solution). In the following discussion, we restrict ourselves to
one such setup, where we start with an initial channel estimate
which has only one nonzero entry and slowly add more entries
in the channel estimate as we move towards the final solution.
Initialization: We start Algorithm 1 by identifying the
strongest path (component) in the channel response. The initial
channel estimate h0 is selected as a vector which is one
at the location corresponding to the strongest path and zero
everywhere else. This way the initial estimate of the channel
becomes just a delay function. The initial value for x0 can
then be computed as the least squares estimate, using h0 in
(14). The initial value of channel estimate h0 can either be
known as a prior knowledge (e.g., the line of sight path is
dominant) or it can be estimated from the received signal y



as follows. We can identify the strongest path in the channel,
and consequently x0 and h0, by solving the following least
squares problem for every possible delay i as

minimize
x̃

‖Si−1Ax̃− y‖22 for i ∈ {1, . . . ,m}. (15)

The delay which gives the smallest residual in (15) corre-
sponds to the strongest path in the channel. This ultimately
gives us the values for the initial estimates x0 and h0. This
scheme of finding the strongest path can be considered as a
generalized matched filter.
Selection of τj or cardinality kj: The next important task is
the selection of the regularization parameter τj in (13). At any
jth iteration of Algorithm 1, we wish to solve (13) such that
the solution hj has cardinality kj (i.e., number of nonzero
entries). We slowly increase kj as we proceed towards the

final solution, e.g., kj =
⌈
j

r

⌉
for some constant r ≥ 1. The

value of τj in (13), to a large extent, controls the cardinality
of the solution hj . For example, hj is zero if τj > ‖CT

j y‖∞,
and nonzero entries start to appear in hj as we reduce τj .
However, it is difficult to predict the value of τj which gives
a kj-sparse solution of (13). Fortunately, we have a homotopy
based algorithm to solve (13) which can provide a solution
with the desired cardinality kj . The homotopy algorithm for
(13) is itself an iterative scheme which starts with a zero vector
and updates the solution and its support by adding or removing
one element at a time [30], [31]. This way we can terminate the
homotopy algorithm as soon as the cardinality of the homotopy
solution becomes equal to kj .
Normalizing xj: The last step of Algorithm 1 normalizes the
least squares solution xj to unit norm. Since the variables x
and h are coupled together in the bilinear form (1), the magni-
tudes of the estimates xj and hj are inversely proportional to
each other. At the same time, the optimization problem (13)
minimizes `1 norm of hj . This reduces the magnitude of hj at
every iteration and the magnitude of xj increases at the same
rate. The normalization of either xj or hj brings a balance
between their magnitudes.
Stopping criteria: We use the value of the residual and
cardinality of channel estimate as an indicator for conver-
gence. Some simple examples for the stopping criteria are:
1) Terminate Algorithm 1 after a fixed number of iterations,
2) Terminate when the cardinality kj of channel estimate hj

reaches some threshold, or 3) Terminate when the residual
‖hj ⊗Axj − y‖2 reduces below some threshold.
Computational cost: The main computational cost for Algo-
rithm 1 involves solving (13) and (14) at every iteration. We
can reduce the computational burden of solving these problems
if we store QR factors for A at the initialization and then use
QR factors of A and FFT operations to solve these problems.

IV. SIMULATION

In this section we present the simulation results to demon-
strate the efficiency of the proposed random coding scheme.
The simulation setup is as follows. We start with a signal
x ∈ Rn whose entries are drawn from standard normal

distribution N(0, 1). We use an m×n Gaussian matrix as the
coding matrix A, whose entries are drawn from N(0, 1/m).
The received signal y is generated according to the model
(1), where h ∈ Rm is a k-sparse vector which is nonzero at
randomly chosen k locations. The nonzero entries of h are
also drawn from N(0, 1). The signal x and channel response
h is then estimated from y, by solving (12), using alternating
minimization scheme in Algorithm 1.

We tested Algorithm 1 for the exact recovery of x and h
with different values of m, n and k. For every simulation, we
determined if the error had converged to zero (with some small
tolerance) within some preset number of iterations. In these
simulations we assumed that we already know the location of
the strongest component in the channel response h, instead
of solving (15). The average recovery results for m = 256
and m = 512 are presented in the form of phase diagrams
in Figure 1. We ran 10 simulations on each 64 locations of
interest for the m = 256 case and on 100 locations for the
m = 512 case to produce these interpolated figures.

It can be seen from these results that if the underlying
channel is sufficiently sparse, then we can identify the channel
and estimate the signal correctly by using the random coding.

V. DISCUSSION

We presented a random coding scheme to protect an ar-
bitrary signal from the effects of multipath interference. We
jointly estimate the channel and the transmitted signal by
formulating the recovery problem as an optimization problem.
We presented two recovery schemes in this regard – block `1
and alternating minimization.

In future, we want to develop some theoretical guarantees
for when the recovery of x and h is possible in (1). As we
discussed in section III that if we know either x or h, we can
solve (12) to recover the unknown variable exactly when m ≈
n+k. However, these theoretical results do not apply when we
do not know x and h. We first want to determine the general
conditions when the recovery of x and h is even possible.
Then we want to explore the algorithms which can can reliably
recover x and h under those conditions. AM algorithm is one
promising option in this direction.

Note that our model in (1) does not assume any noise in
the received signal. A more realistic model for the received
signal would be

y = h⊗Ax+ ν,

where ν is a noise vector. The optimization problem (12) is
robust to noise by its construction. Although we cannot recover
x and h exactly from the noisy measurements here, but a good
estimate can be made if noise level is not too large. The block
`1 method can be modified for the noisy measurements by
replacing the equality constraint in (8) with a data fidelity
constraint, e.g., ‖A~U − y‖2 ≤ γ for some γ > 0 [21].

An important step in the AM algorithm is solving (13),
at every iteration, for the desired cardinality of the solution.
The homotopy scheme naturally lends itself to this iterative
setup. Nonetheless, we can also use some other sparse recov-
ery method, which can provide a solution with the desired
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Fig. 1. Phase diagram for the performance of AM algorithm for (a) m = 256
and (b) m = 512. The intensity of the map gives the interpolated probability
that the Algorithm 1 gives exact recovery for the respective values of n and
k, ranging from black (probability 0) to white (probability 1). The contour
line at 95% success rate is shown in solid (red).

cardinality. Two such methods are iterative thresholding [32],
[33] and CoSaMP [34].

REFERENCES

[1] A. Goldsmith, Wireless communications. Cambridge Univ Pr, 2005.
[2] J. Cavers, “An analysis of pilot symbol assisted modulation for Rayleigh

fading channels [mobile radio],” IEEE Transactions on Vehicular Tech-
nology, vol. 40, no. 4, pp. 686–693, 1991.

[3] H. Liu, G. Xu, L. Tong, and T. Kailath, “Recent developments in
blind channel equalization: From cyclostationarity to subspaces,” Signal
Processing, vol. 50, no. 1-2, pp. 83–99, 1996.

[4] S. F. Cotter and B. D. Rao, “Sparse channel estimation via matching
pursuit with application to equalization,” Communications, IEEE Trans-
actions on, vol. 50, no. 3, pp. 374–377, 2002.

[5] M. Cetin and B. Sadler, “Semi-blind sparse channel estimation with con-
stant modulus symbols,” IEEE International Conference on Acoustics,
Speech, and Signal Processing, vol. 3, 2005.

[6] C. Carbonelli, S. Vedantam, and U. Mitra, “Sparse channel estimation
with zero tap detection,” IEEE Transactions on Wireless Communica-
tions, vol. 6, no. 5, pp. 1743–1763, 2007.

[7] W. Li and J. Preisig, “Estimation of rapidly time-varying sparse chan-
nels,” IEEE Journal of Oceanic Engineering, vol. 32, no. 4, pp. 927–939,
2007.

[8] W. Bajwa, J. Haupt, G. Raz, and R. Nowak, “Compressed channel
sensing,” Information Sciences and Systems, CISS 2008. 42nd Annual
Conference on, pp. 5–10, March 2008.

[9] R. Baraniuk, M. Davenport, R. DeVore, and M. Wakin, “A simple proof
of the restricted isometry property for random matrices,” Constructive
Approximation, vol. 28, no. 3, pp. 253–263, 2008.

[10] S. S. Chen, D. L. Donoho, and M. A. Saunders, “Atomic decomposition
by basis pursuit,” SIAM Journal on Scientific Computing, vol. 20, no. 1,
pp. 33–61, 1999.

[11] E. Candès, J. Romberg, and T. Tao, “Robust uncertainty principles: Exact
signal reconstruction from highly incomplete frequency information,”
Information Theory, IEEE Transactions on, vol. 52, no. 2, pp. 489–509,
Feb. 2006.

[12] D. Donoho, “Compressed sensing,” Information Theory, IEEE Transac-
tions on, vol. 52, no. 4, pp. 1289–1306, April 2006.

[13] B. Natarajan, “Sparse Approximate Solutions to Linear Systems,” SIAM
Journal on Computing, vol. 24, p. 227, 1995.

[14] S. Boyd and L. Vandenberghe, Convex Optimization. Cambridge
University Press, March 2004.

[15] E. J. Candès and T. Tao, “Near-optimal signal recovery from random
projections: Universal encoding strategies?,” Information Theory, IEEE
Transactions on, vol. 52, no. 12, pp. 5406–5425, Dec. 2006.

[16] E. Candès and T. Tao, “Decoding by linear programming,” Information
Theory, IEEE Transactions on, vol. 51, no. 12, pp. 4203–4215, Dec.
2005.

[17] M. Rudelson and R. Vershynin, “Geometric approach to error correcting
codes and reconstruction of signals,” International Mathematics Re-
search Notices, no. 64, pp. 4019–4041, 2005.

[18] R. Baraniuk, V. Cevher, M. Duarte, and C. Hegde, “Model-based
compressive sensing,” preprint, 2008.

[19] M. Stojnic, F. Parvaresh, and B. Hassibi, “On the reconstruction of
block-sparse signals with an optimal number of measurements,” preprint,
2008.

[20] T. Blumensath and M. Davies, “Sampling theorems for signals from the
union of linear subspaces,” IEEE Trans. Info. Theory, December 2008.

[21] Y. Eldar and M. Mishali, “Robust recovery of signals from a structured
union of subspaces,” preprint, 2009.

[22] R. Neelamani, C. Krohn, J. Krebs, J. Romberg, M. Deffenbaugh, and
J. Anderson, “Efficient seismic forward modelling using simultaneous
random sources and sparsity,” submitted to Geophysics, August 2009.

[23] J. Romberg and R. Neelamani, “Sparse channel separation using random
probes,” Preprint, 2009.

[24] B. Recht, M. Fazel, and P. Parrilo, “Guaranteed minimum-rank solutions
of linear matrix equations via nuclear norm minimization,” Preprint,
2007.

[25] W. Mantzel, M. S. Asif, and J. Romberg, “Random channel coding and
blind deconvolution,” Communication, Control, and Computing, 47th
Annual Allerton Conference on, 2009.

[26] D. Donoho and P. Stark, “Uncertainty principles and signal recovery,”
SIAM Journal on Applied Mathematics, vol. 49, no. 3, pp. 906–931,
1989.

[27] E. Candès and J. Romberg, “Quantitative Robust Uncertainty Principles
and Optimally Sparse Decompositions,” Foundations of Computational
Mathematics, vol. 6, no. 2, pp. 227–254, 2006.

[28] J. Romberg, “A uniform uncertainty principle for Gaussian circulant
matrices,” DSP, 2009.
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