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Abstract- Wireless Communication Technology has developed many folds over the past few years. One of
the techniques to enhance the data rates is called Multiple Input Multiple Output (MIMO) in which multiple
antennas are employed both at the transmitter and the receiver. Multiple signals are transmitted from
different antennas at the transmitter using the same frequency and separated in space. Various channel
estimation techniques are employed in order to judge the physical effects of the medium present. In this
project, we analyze and implement various estimation techniques for MIMO OFDM Systems such as Least
Squares (LS), Minimum Mean Square Error (MMSE), Constant Modulus Algorithm (CMA) and linear Pre-
coding. These techniques are therefore compared to effectively estimate the channel in MIMO OFDM
Systems.
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l. INTRODUCTION

I It is a well-known fact that the amount of information transported over communication systems grows rapidly. Not
only the file sizes increase, but also bandwidth-hungry applications such as video on demand and video
conferencing require increasing data rates to transfer the information in a reasonable amount of time or to establish
real-time connections. To support this kind of services, broadband communication systems are required.

Another well-known fact is that the mobility of communication systems is more and more demanded. One example
is the enormous increase of mobile phone users worldwide. Another example is the trend of the work place
becoming increasingly mobile. A term often used in this context is office hotelling. Hotelling is a form of alternative
officing in which employees who work out of the office for significant periods of time can call ahead (just as they do
in making hotel reservations) and reserve workspace. They select an office from a specially-designated block of
workspaces when they come into the company’s office facilities. This allows organizations to reduce space costs by
relying on technology to create the appearance of a permanent office. Ideally, the employee should be completely
mobile within the office, and still be able to connect his personal computer to the computer network. Thus, a
wireless computer network is desirable.

Another place where wireless computer networking is in demand is at the university campus. A growing number of
universities offer their students the possibility to buy a laptop from university. The way of teaching is adapted to the
availability of laptops. To make this kind of studying efficient, students need to be able to connect to the computer
network of the university in order to download the study material that the professor offers. However, it is undoable
to adapt the computer network infrastructure in such a way that the students can plug-in in every (lecture-) room at
the university. Here too, it seems that wireless network access is essential. As an example where a wireless network
already is installed, the Carnegie Mellon University in Pittsburgh can be mentioned. [1,2,3]
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The above considerations justify research into new broadband wireless communication systems. Large-scale
penetration of such systems into our daily lives will require significant reductions in cost and increases in bit rate
and/or system capacity. Recent information theoretical studies have revealed that the multipath wireless channel is
capable of huge capacities, provided that multipath scattering is sufficiently rich and is properly exploited through
the use of the spatial dimension. Appropriate solutions for exploiting the multipath properly, could be based on new
techniques that recently appeared in literature, which are based on Multiple Input Multiple Output (MIMO)
technology. [4,5]

Basically, these techniques transmit different data streams on different transmit antennas simultaneously. By
designing an appropriate processing architecture to handle these parallel streams of data, the data rate and/or the
Signal-to-Noise Ratio (SNR) performance can be increased.

Multiple Input Multiple Output (MIMO) systems are often combined with a spectrally efficient transmission
technique called Orthogonal Frequency Division Multiplexing (OFDM) to avoid Inter Symbol Interference (ISI).

1. MIMO OFDM

In OFDM is a subset of frequency division multiplexing in which a single channel utilizes multiple sub-carriers on
adjacent frequencies. In addition the sub-carriers in an OFDM system are overlapping to maximize spectral
efficiency. Ordinarily, overlapping adjacent channels can interfere with one another. However, sub-carriers in an
OFDM system are precisely orthogonal to one another. Thus, they are able to overlap without interfering. As a result,
OFDM systems are able to maximize spectral efficiency without causing adjacent channel interference. [6,7,8]

Channel 0 Channal 1 Channel 2
) _/J\ ’i\. _/'ll'x
i 3 [ |} |'/ 3
Ovij'lapping Sub-Carriers
/ r'{ e'?/? 7 r{/—f\r/-\“\\ “f.'? { I;’?/-.? f} ' \\'ﬁ. [ Iﬁ\{‘- rﬂ\fW\
i |I | [ / [ |II I|I I'I
'_fl'lf(|||'f|\|if__!l | (lii\

Frequancy

Fig 1.0Orthogonal Subcarriers

Orthogonal frequency division multiplexing is commonly implemented in many emerging communications
protocols because it provides several advantages over the traditional FDM approach to communications channels.
More specifically, OFDM systems allow for greater spectral efficiency reduced inter-symbol interference (ISI), and
resilience to multi-path distortion.

In mono-carrier systems, inter-symbol interference is often caused through the multi-path characteristics of a
wireless communications channel. Note that when transmitting an electromagnetic wave over a long distance, the
signal passes through a variety of physical mediums. As a result, the actual received signal contains the direct path
signal overlaid with signal reflections of smaller amplitudes. In wireless systems, this creates difficulty because the
received signal can be slightly distorted. In this scenario, the direct path signal arrives as expected, but slightly
attenuated reflections arrive later in time. [9,10]

These reflections create a challenge because they interfere with subsequent symbols transmitted along the direct
path. These signal reflections are typically mitigated through a pulse-shaping filter, which attenuates both the starting
and ending sections of the symbol period. However, as the figure above illustrates, this problem becomes much more
significant at high symbol rates. Because the reflections make up a significant percentage of the symbol period, 1SI
will also be substantial. [11, 12, 13]
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Fig.2. Basic Structure of Multicarrier System

In OFDM, the sub carrier pulse used for transmission is chosen to be rectangular. This has the advantage that the
task of pulse forming and modulation can be performed by a simple Discrete Fourier Transform (DFT) which results
in a remarkable reduction in equipment complexity (filters, modulators, etc.). In these references it is also shown that
a multi tone data signal is effectively the Fourier transform of the original data stream, and that a bank of coherent
demodulators at the receiver is effectively an inverse Fourier transform. However, since definitions have been
changes afterwards, it is now said, that a multitone data signal is effectively the inverse Fourier transform of the
original data stream and that a bank of demodulators is effectively a Fourier transform. Note that the (Inverse)
Discrete Fourier Transform (IDFT) can be implemented very efficiently as an (Inverse) Fast Fourier Transform

(IFFT). [14]

Consider the system shown in Figure 2.1. The input consists of a data symbol sequence dn that can be represented
as a, + jb, (where an and bn are real sequences representing the in-phase and quadrature components, respectively)
and, using the Inverse Fourier Transform, the transmitted waveform can be represented as:

D@ =V 7 .6’

However, for digital systems it is useful to consider the discrete case. In this case an Inverse Discrete
Fourier Transform (IDFT) is performed at the transmitter on a vector.
d=(do, d1, ...,dN-1), the result is a vector D = (DO, D1, ..., DN-1) with:

it STCFLIIR
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Where, f, = nAf . Af = ﬁgﬂdtm = mAt

And s Mt =1/ fs (where fs is the symbol rate). Substituting t =NmMt in (2.1) and using (2.3) shows that the
sampled sequence D (mMt) is in fact the IDFT of the sequence d, as shown in (2.2). Note that usually the whole
OFDM symbol is up converted to a specific carrier frequency of the RF band. If we again look to the OFDM symbol
time it can be noticed that the signaling interval T has been increased to NMt, which makes the system less
susceptible to delay spread impairments. Note that the act of truncating the rectangular signal to the interval (0, NMt )
in the time domain imposes a sin(x) / x frequency response on each sub channel with zeros at multiples of 1/T, which
is the orthogonally principle of OFDM. [15, 16, 17]

Fig 3 OFDM and Orthogonality Principle
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At the receiver, the transmitted signals are recovered using the Discrete Fourier Transform. However, due to
multipath distortion, the recovering of the transmitted signals brings some problems along.

way to increase system capacity is by transmitting data parallel on different frequencies. In classical parallel data
systems, the total signal frequency band is divided into N non-overlapping frequency sub channels. In such systems,
there is sufficient guard space between adjacent sub channels to isolate them at the receiver with N demodulators, i.e.,
one per sub channel. This solution, however, is very bandwidth inefficient. A more efficient use of bandwidth can be
obtained with a parallel system if the spectra of the individual sub channels are permitted to overlap, with specific
orthogonally constraints imposed to facilitate separation of the sub channels at the receiver.n the basis of such
considerations, the algorithm uses a different color image multiplied by the weighting coefficients of different ways to
solve the visual distortion, and by embedding the watermark, wavelet coefficients of many ways, enhance the
robustness of the watermark.

111. IMPLEMENTATION

Consider a MIMO OFDM system with Nt transmit (TX) and Nr receive (RX) antennas. In addition to the spatial and
temporal dimension of MIMO, OFDM adds one extra dimension to exploit, namely, the frequency dimension. In
general, the incoming bit stream is first encoded by a one-dimensional encoder after which the encoded bits are
mapped onto the three available dimensions by the Space-Time-Frequency (STF) mapper. After the STF mapper,
each TX branch consists of almost an entire OFDM transmitter.
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Fig 4 MIMO OFDM System

At receiver side, the CP is removed and the FFT is done per receiver branch. In the context of the unified view, at
this point, overall STF detection and decoding must be performed to recover the binary data stream. In general,
however, because the MIMO algorithms are single carrier algorithms, MIMO detection is performed per OFDM
subcarrier. To that end, the received signals of subcarrier i are routed to the i-th MIMO detector to recover the Nt
QAM symbols transmitted on that subcarrier. Next, the symbols per TX stream are combined.

Finally, STF de-mapping and decoding are performed on these Nt parallel streams and the resulting data are
combined to obtain the binary output data.
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Fig 5 STF De-mapping and decoding

Finally, note that OFDM has as advantage that it introduces a certain amount of parallelism by means of its Nc
subcarriers. This fact can be exploited by MIMO OFDM.

Bussgang Algorithm

Blind channel equalizer, where the channel input is reconstructed as accurately as possible by using an adaptive
filter to cancel the adverse effects of the channel, particularly the presence of Inter Symbol Interference (1SI) and
additive noise.
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The operation of the blind channel equalizer is illustrated in Figure 5.1. Suppose we are given a signal u(n) which is
the output from an LTI channel. The equalizer output is:

y(n) =w(n)*u(n) =3 wu(n-i)

We then apply the filter output y(n) to a memory less nonlinear estimator g(y(n)) that acts as the desired response to
an adaptive algorithm, such as the LMS algorithm. Clearly, we cannot use the channel input x(n) as our desired
signal since it is unknown, so instead we must use some estimate of x(n) based upon observation of y(n). After
computing the error e(n) = g(y(n)) — y(n), we update the tap weights. This general procedure is known as the
Bussgang algorithm. Steps of Bussgang algorithm are:

1. Filtering: y(n) = w"(n) u(n)
2. Error computation: e(n) = g(y(n)) — y(n)
3. Updating: w(n+ 1) =w(n) + p u(n) e*(n)

In the LMS algorithm, the cost function J(n) = E[|e(n)|°] is a convex quadratic function of the tap weights and
therefore has a unique minimum point. However, the cost function in the Bussgang algorithm is generally not a
quadratic function due to the nonlinearity in g(y(n)). Therefore, the iterative de-convolution procedure may have
several local minima in addition to global minima. For this reason, it is essential that the tap weight vector w(n) is
initialized properly in order for w(n) to converge to the desired equalization filter.

For this algorithm to converge, we require the following mean-value convergence condition:

Ely()y(n — k)] = E[y(n)g(y(n - k))]

Any stochastic process y(n) that satisfies this condition is known as a Bussgang process. Clearly, we find that the
validity of the algorithm depends on the proper nonlinear estimator g(-). For example, in a simple binary PAM
system where x(n) € {—1, +1}, we can use the following estimator:

g(y(m)) = asgn(y(n))
where the constant o is a data-dependent gain, given as:
E‘x2 (n)‘
o =—"—
Ex* ()]
This choice of estimator results in a special case of the Bussgang algorithm, known as the Sato algorithm.

Constant-Modulus Algorithm

In the Sato algorithm, it can easily be seen that the gradient of the cost function reaches zero when perfect
equalization is attained. However, if we use the same cost function for some M-array system such as M-array QAM
or M-array PSK,convergencemay not be achieved. Instead, we can use a cost function that is suited for multi-
dimensional communication systems, such as the following:

J(n) = E[(y(n)" -R,)"]

Where, the constant R, ensures convergence of the algorithm:

_ Elxm)]
Efx(m)|°]

R

p
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And the error term is defined as follows:

-2
e(n) = y(M[y(M|" " (R, =[y(m)")
The Bussgang algorithm that uses this choice of cost function is known as the Godard algorithm.
The Godard algorithm is more robust to phase perturbations than other Bussgang algorithms because it only relies
on the magnitude of the received signal. The Sato algorithm is a special case of the Godard algorithm where p = 1.
In the case of p = 2, we have the following values:

() = E[(y(m)| —R,)’]
g, = EIX(O/]
E[x(n)[]

e(n) = y(n)(R, ~|y(n)])

The algorithm that uses this cost function is known as the constant-modulus algorithm (CMA). Steps of the CMA
algorithm are:

1. Initialization

wi(0)={; i=[M/2]

otherwise

2. Filtering: y(n) = w"(n) u(n)

3. Estimation:  g(y(n)) = y(n)(1 + R2 — [y(n)[*)
4. Error computation: e(n) = g(y(n)) — y(n)

5. Updating:w(n + 1) = w(n) + p u(n) e*(n)

As stated before, the initial equalization is very important for the convergence of the Bussgang algorithm. So, we
initialize the tap weight to 1 and all others to zero.

Linear Pre-coding

It belongs to the statistical class. It consists of a simple linear transformation applied to blocks of symbols before
they enter the OFDM system, which enables blind channel estimation at the output of the OFDM system via cross-
correlation operations. It does not introduce redundancy to the block, nor does it change the block length. The
method is computationally simpler than deterministic methods, and its performance is comparable to that of sub
space approaches at significantly lower complexity.

Let us consider an N-block OFDM system, and apply at its input a linear pre-coding block that performs the
following task. It transforms the i-th OFDM block of N information symbols, [dy, k =0,1...... N-1] according to:

S = (dyy + (-D*Ad, ),k =01, N 1

N

Where, T and A are both predefined numbers, assumed to be known to the transmitter and receiver; T is an integer
in [0, N-1], and A is a pure imaginary number with |A| <1. This pre-coding has several properties:

v It introduces no redundancy to the transmitted data, which makes the approach bandwidth efficient.

v It preserves the transmission power on each subcarrier. We should note here that the requirement for A to
be pure imaginary is necessary in order to maintain the power of the T-th carrier.

v It maintains the zero-mean of the signal transmitted on each subcarrier.

v It maintains zero DC offset in each block.

v It introduces a correlation structure in signals transmitted over different subcarriers, which can be explored
for channel estimation.
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The coded block [six, k =0,1.....N-1] goes through the regular OFDM transmission steps. The i-th received OFDM
block after removal of the CP and DFT is

1
y1+|A°

Where, H(K) is the complex gain of the k-th subcarrier, and v;x models the noise. It is assumes that:

Vi =HK,)S; +Vi\ = HK)(d;, +(-D"Ad;; +V, k=0,....;,N -1

(i) The baud-rate channel can be modeled as an FIR filter of length L with tap  coefficients h(l) , I = 0,1.....L-1,
and hence,

e
H) =3 ha)e ™" k=01, N -1

(ii) The channel stays the same for at least the duration of the block, and is quasi-stationary between blocks;

(iii)The noise v; is complex, circular Gaussian, zero-mean, white across subcarriers and blocks, and independent of
the information symbols.

The channel frequency response H(k), k = 0,1....N-1, or equivalently, the channel impulse response h(l), | =
0,1.....L-1, is needed in order to recover the transmitted signal s;.x and consequently the information symbols di, k =

Zy1= E[yi,kyi*,T]

Based on z, 1, an estimate of the channel H(k) can be obtained as:

1 2
. N KoN-LkeT
H(k): (_l)kA+(_l)k+T|A| )

Zy 1 k=T

The channel estimate can be further improved, (if the length of the channel is known) noting that H (k), k= 0,1....N-
1, should be the DFT of the channel impulse response h(l), 1 = 0,1.....L-1, where L < N. The latter length constraint
can be enforced by performing IDFT on "H (K), setting to zero the last N - L samples of the IDFT output, and then
performing an N-point DFT on the result. This procedure is referred to as de-noising. A potential problem with the
estimate might arise when the T-th carrier is in deep fade, in which case z.t is close to zero for all k’s. However, it
is interesting to note that, at the receiver, any subcarrier can play the same role as the T-th one. Let R be an integer
in [0,1....N-1] with R # T. The channel response H(k) can be estimated as:

1+| AP
ﬁzm, k=#R,T
H (k)= 20 k=R
l+|A|2
COF A+ 2y A7 T

A criterion for selecting R can still be implemented at the receiver. It can be selected as:
N-1
2
R,=argmax |z, q|
R k=0
This step would require the estimation of the entire correlation matrix of the received blocks, thus introducing a
small increase in complexity.

Scalar ambiguity

Scalar ambiguity is common to all blind channel estimation methods. One way to resolve it is using a pilot symbol.
The pilot could be inserted in the block before or after pre-coding. In the former case, a good place for inserting the
pilot would be the T-th location within the block. Then, the di.r would be the known pilot. An important property of
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dir is that, it varies from block to block, thus maintaining a zero-mean for the symbol transmitted over each carrier.
Thus, if d;.+ were to be set to some known value, this value would have to be assigned for each i by a pseudo-random
number generator. Perfect cooperation between transmitter and receiver would be needed in this case for the
synchronization of the pilot sequence. The pilot could also be placed in the block after pre-coding. Assuming that
one pilot is placed at location P in the pre-coded block, then, we can obtain an estimate of H(P) based on J received
blocks as:

~ 13
H(p)=32yi,p/3i,p
i=1

wheres;p is the pilot symbol used in block i. Subsequently, the channel estimate obtained before can be normalized
with respect to H (P).

Linear block pre-coding (LBP) has been used extensively for increasing throughput and diversity gains in MIMO
OFDM systems. The design of codes to achieve these goals has recently become an area of huge interest and vast
potential. For instance, algebraic number theory, coding theory, and iterative greedy optimization have being used to
design optimal codes. However, very little work has been done on developing LBP schemes that allow channel
estimation.

Consider a MR x MT , (MR>MT ) MIMO OFDM system with ‘MT’ users and ‘MR’ receivers. A non redundant
linear block pre-coding is applied at the inputs before they enter the OFDM system, which increases multipath
diversity and allows for blind channel estimation at the receiver. The channel estimation approach employs
computationally simple cross-correlation operations and yields the channel up to a diagonal ambiguity. It does not
require channel length information, and is not sensitive to additive stationary noise. The pre-coding does not
increase transmission power and maintains even distribution of power between OFDM blocks. In a MR xMT multi-
user OFDM system the received symbol at the m-th receive antenna consists of contributions from all MT users,
given by:

Mq -1
Yo (k)= D H (K)s, (k) +n,(k),k=01..N-Lm=01.M, -1
p=0

where ‘i’ is the block index, ‘k’ is the carrier index ‘p’ is the user index, ‘sp(k)’ is the transmitted symbol over the k-
th carrier, which, is derived from the source symbols dp(k) for k =0, ...,N — 1; Hmp(k) is the gain of the k-th carrier
between the m-th receive antenna and the p-th user; nm(k) denotes noise. ‘N’ is the block size.

Let dip=[dip()...di,pn _1)]T denote the i-th block of symbols corresponding to the p-th user before any pre-coding.
During the i-th block, the symbols of the p-th user to be transmitted over carrier k are generated based on an Nx1
code vector, wy(K; 1), as:

sip(K) = W (; 1) dip

Equivalently, the i-th block of the p-th user is pre-coded according to:

Sip = [Sip) - Sipv-1)]" = [Wp(0; 1), Wo(L; ), oo Wy(N — 1; 1) 17di p = Wi o

whereW,, is a matrix whose k-th row equals pr (k; 1).

The purpose of the pre-coding matrix is to introduce some correlation structure in the transmitted blocks. Also, by
changing the coding matrix between subsequent blocks we will create diversity that will allow us to estimate the
channel matrix. Since we will need to obtain autocorrelation estimates, the coding matrices have to stay the same for

a number of blocks. Thus, take them to be periodic in i with period M, M >MT i.e.,
Wip = Wismp

For the i-the received block, the symbols of all users that were received on carrier k in vector y;(k). It holds:
Yi(k) = [¥i,o(K) - Yimr-1(K)]7 = H(K) si(K) + n(K)
Where, si(k) = [sio(K) ... Simr1(K)]" .

It can be written as:
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V()= H(ER)e (k)" +n(k)

Where,
Wk 0
0 wi (ki) -
Y () =
0 0

wy,., (i)

Consider a sequence of received symbols that start at block i and are spaced apart by M blocks:

y (k) ={y'(k), y"*" (k), "™ (K)...}

The correlation matrix of “yi(k), is given by:

R = E{y' (K)y'()"},i=041..M -1

If Uy is a full row rank matrix,

we' (k;0)w, (1;0)

>

wy,  (k;0)w, (1;0)

ANACyg e LB e, RE e, R,

Then to find the estimate,

~ A
H lu (k) = CukIU le

I11. EXPERIMENT AND RESULT
The following simulation results are displayed:

. Pilot Estimation (LS,MMSE)
. Blind Estimation (CMA, Pre-coding)

PILOT BASED ESTIMATION

Least Squares
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Explanation: Mean Square Error (MSE) is exhibited by the Least squares and MMSE for SISO and MIMO systems
respectively. From the figure it is understand that in MIMO it is observed maximum SNR at low MSE only.
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Fig 6.3 Frequency response of LS SISO
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Fig 6.4 Frequency response of LS MIMO

Explanation: Here both the magnitude and phase response plots are plotted after the Normalization of
Frequencies to 0 to 1 for SISO and MIMO systems using least squares method and from that figure it is clear that
there are more fluctuations in SISO magnitude plot than MIMO, since SISO system is not stable as MIMO.
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Fig 6.6 Actual and estimated channel scatter plots LS MIMO

Explanation: Here the scattered plot of inphase response of a channel for both SISO and MIMO systems are plotted.
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Fig 6.8 MMSE MIMO channel scatter plots

Explanation :From the figure it is understand that the plots of channel scatters for SISO and MIMO systems are
plotted.In both the plots almost Estimated plot is similar to the Actual Plot. Here every dot deals with the Inphase
Response of the Channel.
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Explanation: It is the algorithm used for Indoor Environment. It is clearly seenthe MIMO is stable. Here the
estimated magnitude is compared with ideal output magnitude. In MIMO system the frequency response is improved
than the SISO
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Fig 6.11 CMA Equalization

Explanation: Here we are equalizing the signals from the receiver with the help of transmitted signal statistics using
CMA equalization and the result is approximately in equal to the Ideal value. In the convergence plot the error is
reduced as the number of samples increases.

IV.CONCLUSION

Various channel estimation techniques are employed in order to judge the physical effects of the medium present. In
this project, we analyze and implement various estimation techniques for MIMO OFDM Systems such as Least
Squares (LS), Minimum Mean Square Error (MMSE), Constant Modulus Algorithm (CMA) and linear Pre-coding.
These techniques are therefore compared to effectively estimate the channel in MIMO OFDM Systems.
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