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Unit V 

Diversity: Introduction, micro diversity, macro diversity and simulcast, combination of signals, error 

probability in fading channels with diversity reception, transmit diversity. 

Equalizers: Introduction, linear equalizers, decision feedback equalizers, maximum likelihood sequence 

estimation (Viterbi detector), and comparison of equalizer structures, fractional spaced equalizers, blind 

equalizers. 

---------------------------------------------------------------------------------------------------------------------------------------------- 

 Diversity Techniques 

Diversity techniques are basically used to reduce the effect of multipath fading and shadowing from 

building and objects for improve the performance of wireless communication link at relatively low cost. 

Diversity techniques that mitigate the effect of multipath fading are called micro diversity and diversity 

techniques that mitigate the effects of shadowing from buildings and objects is called macro diversity. The 

improvement in performance obtained through diversity techniques depends on the modulation and 

coding techniques used for data transmission, the number of micro diversity channels, the number of base 

stations in the macro diversity arrangement, correlation among the micro diversity channels, correlation 

among the base stations, and so on. Performance is also dependent on the algorithms employed to 

combine the signals generated through diversity.  

 Micro diversity 

As mentioned above, micro diversity techniques are used to reduce multipath fading due to rapid 

amplitude fluctuations over a statistically independent channel for short distance. Based on the 

propagation mechanism and physical assemblage of the arrangement, we can broadly classify the diversity 

techniques into fallowing types. 

 Spatial diversity 

In spatial diversity we use multiple spaced transmitting and receiving antennas. The concept behind the 

spatial diversity relies on the fact that the paths coming to the receivers are sufficiently separated and 

independent of each other. Thus, it is clear that if the spacing between the receiving antennas is reduced, 

the paths arriving at the receiving antennas will be correlated and the signal components at the multiple 

receivers will no longer be uncorrelated. The independence of signals at these receivers is essential for the 

improvement in performance expected from diversity. 

 Time Diversity 

To achieve, de correlation in multipath propagation when information is transmitted sequentially through 

a random fading channel time diversity technique use time or temporal separation among the samples. In 

time diversity time spacing between the samples is more than coherence time of the channel.  Relative 

motion of the transmitter or receiver plays a crucial role in achieving de correlation since coherence time is 

dependent on the speed of the transmitter/receiver. If there is no motion, time diversity ideally does not 

produce uncorrelated replicas. Time diversity also requires that information be stored at the transmitter 

and receiver which make it rather inconvenient to use time diversity. 

 Frequency Diversity 

In Frequency Diversity technique to avoid correlation among different multipath signals, signals are 

transmitted over different sufficiently separated carrier frequencies. The separation between the carriers 

must be larger than the coherence bandwidth of the channel. Coherence bandwidth is the minimum 

frequency separation needed so that two signals corresponding to the frequencies will be uncorrelated. 

Frequency separation, between the carrier frequencies reduces bandwidth available for data transmission. 

Thus, there is a tradeoff between the maximum usable bandwidth and the number of frequency diversity 

branches available.  

 Angle Diversity 

In multipath propagation if signals at the receiving antennas usually come from different directions 

interfere destructively than fading dip is created. In angle diversity technique two collocated antennas with 

different patterns are used to receive these signals at different angles. This is the principle of angle 

diversity also known as pattern diversity. 
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 Polarization Diversity 

At the base station, space diversity is considerably less practical than at the mobile because the narrow 

angle of incident fields requires large antenna spacing. The comparatively high cost of using space diversity 

at the base station prompts the consideration or using orthogonal polarization to exploit polarization 

diversity.  

Horizontally and vertically polarized MPCs propagate differently in a wireless channel, as the reflection and 

diffraction processes depend on polarization. Even if the transmit antenna only sends signals with a single 

polarization, the propagation effects in the channel lead to depolarization so that both polarizations arrive 

at the RX. The fading of signals with different polarizations is statistically independent. Thus, receiving both 

polarizations using a dual polarized antenna and processing the signals separately offers diversity.  

 Macro diversity and Simulcast 

The above described diversity methods used to combat small scale fading. These diversity methods are 

suitable for combating large scale fading, which is created by shadowing effects. Macro diversity 

techniques are generally used to reduce the effect of Shadowing. The simplest method for macro diversity 

is the use of on frequency repeaters that receive the signal and retransmit an amplified version of it. 

Simulcast is another approach in which the same signal is transmitted simultaneously from different BSs. 

The use of on frequency repeaters is simpler than that of simulcast because in simulcast synchronization is 

required between TX and RX but on frequency repeaters does not required synchronization. 

 Diversity Combining Techniques 

An important part of a diversity system is combing two or more copies of the same information bearing 

signal are combined skillfully to increase the overall SNR. There are several possible combining methods 

employed in receivers among which three primary combining algorithms 

1. Selection Combining (SC)  

2. Maximal ratio combining (MRC)  

3. Equal gain combining (EGC). 

 

 Selection Combining 

Of the three types of linear diversity combining SC normally employed in receivers of digital signals 

transmitted over multipath fading channels, SC is the least complicated of the three, since it only processes 

one of the diversity branches as shown in figure 1. Specifically, the combiner chooses the branch with the 

highest signal to noise ratio. To obtain significant diversity gain, independent fading in the channels should 

be achieved. The algorithm can be described as the selection of the values of gk such that 

 = {        = { } = , …..          ℎ                               …..  

 

 
Figure 1 Selection combining  

Equation 1 translates into picking the output or branch having the highest value of the SNR expressed as 

 = { } = , …..  …..  
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Since we have assumed that all the branches are independent and identically distributed, the CDF of the 

output of the SC can be described as  

 = [ { }] = [ − (− )]  …..  

The PDF of the output of the SC algorithm is obtained by differentiating equation (3) which results in  

 = [ − (− )] − (− ) …..  

 Maximal Ratio Combining (MRC) 

In Maximal ratio combining signals from all of the branches first co phased then weighted according to 

their individual SNR and summed. Figure 2 shows a mechanism of the technique. Advantage of MRC over 

SC is that it does not require an individual receiver and phasing circuit for each antenna element. MRC 

produce an output with an acceptable SNR even when none of the individual signals are themselves 

acceptable. This technique gives the best statistical reduction of fading of any known linear diversity 

combiner.  

 
Figure 2 Maximum ratio combining  Equal Gain Combining (EGC) 

As mentioned above, MRC has advantage to improve the performance of a wireless communication system 

by maximizing the SNR at the combiner output but MRC also has the highest complexity of all combining 

techniques since it requires knowledge of the fading amplitude in each signal branch. EGC is an alternative 

combining technique used in practice because EGC provide comparable performance to MRC with less 

complexity. The EGC receiver processes the M received replicas, weights them equally, then sums them to 

produce the decision statistic. Estimation of the channel carrier phase is still required in this case since the 

weights applied to each branch in the combiner are complex quantities whose amplitudes are all set to one 

and whose phases are indeed equal to the negatives of these carrier phase estimates. 

 
Figure 3 Equal gain combining. 
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 Equalization Technique 

The goal of equalization is to cancel the effects of ISI. Equalizer design must typically balance ISI mitigation 

with noise enhancement, since both the signal and the noise pass through the equalizer, which can 

increase the noise power. Nonlinear equalizers suffer less from noise enhancement than linear equalizers 

but typically they have higher complexity. Since the wireless channel varies over time, the equalizer must 

learn the frequency or impulse response of the channel (training) and then update its estimate of the 

frequency response as the channel changes (tracking). 

 Training & Tracking 

The process of equalizer training and tracking is often referred to as adaptive equalization, since the 

equalizer adapts to the changing channel. Equalizer training and tracking can be quite difficult if the 

channel is changing rapidly. An equalizer can be implemented at baseband, the carrier frequency, or an 

intermediate frequency. Most equalizers are implemented digitally after A/D conversion because such 

filters are small, cheap, easily tunable, and very power efficient. 

The general operating modes of equalizer include training and tracking. First a known, fixed length training 

sequence is sent by the transmitter so that the receiver's equalizer may average to a proper setting. The 

training sequence is typically a pseudorandom binary signal or a fixed, prescribed bit pattern. Immediately 

following this training sequence, the user data is sent, and the adaptive equalizer at the receiver utilizes a 

recursive algorithm to evaluate the channel and estimate filter coefficients to compensate for the channel. 

The training sequence is designed to permit an equalizer at the receiver to acquire the proper filter 

coefficients in the worst possible channel conditions so that when the training sequence is finished, the 

filter coefficients are near the optimal values for reception of user data. As user data are received, the 

adaptive algorithm of the equalizer tracks the changing channel. As a consequence, the adaptive equalizer 

is continually changing its filter characteristics over time.  

The time span over which an equalizer converges is a function of the equalizer algorithm, the equalizer 

structure and the time rate of change of the multipath radio channel. Equalizers require periodic retraining 

in order to maintain effective ISI cancellation, and are commonly used in digital communication systems 

where user data is segmented into short time blocks and the training sequence is usually sent at the 

beginning of a block. Each time a new data block is received, the equalizer is retrained using the same 

training sequence. 

 Types of Equalizer 

Equalization techniques are basically classified into two categories: linear equalizer and nonlinear equalizer.  

The linear equalizer techniques are simplest technique. It can be implemented easily. But linear 

equalization techniques generally suffer from noise enhancement on frequency selective fading channels. 

Because this reason linear equalization techniques are not used in most wireless applications. Nonlinear 

equalization techniques widely used in most of the wireless application and does not suffer from noise 

enhancement.  

Equalizers can also be classified as symbol by symbol (SBS) or sequence estimators (SE). The SBS equalizers 

firstly remove ISI from each incoming symbol and then detect each symbol individually. In SE equalizers, 

firstly detect sequences of symbols and then remove the effect of ISI due this sequence of operation ISI is 

part of the estimation process. MLSE is the form of SE equalizers. 

 Linear Equalizers 

Linear equalizers are the simplest form of equalizer. In wireless communication if the received signal is not 

used in the feedback path of equalizer than the equalizer is a linear equalizer. Linear equalizers are simple 

linear filter structures that try to invert the channel in the sense that the product of the transfer functions 

of channel and equalizer fulfills a certain criterion. This criterion can either be achieving a completely flat 

transfer function of the channel filter concatenation, or minimizing the mean squared error at the filter 

output. The basic structure of linear equalizer is shown in Figure 4.  
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Figure 4 Linear Equalizer (Transversal filter Structure)  

In this type of equalizer the current and past values of the received signal are linearly weighted by the filter 

coefficient and summed to produce the output. If the delays and the tap gains are analog, the continuous 

output of the equalizer is sampled at the symbol rate and the samples are applied to the decision device. 

The implementation is, however, usually carried out in the digital domain where the samples of the 

received signal are stored in a shift register. The output of this transversal filter is 

 

Where en represents the complex filter coefficients or tap weights, ̂i is the output at time index i, −  is  

the input received signal. 

 

 Non Linear Equalizers 

Nonlinear equalizers are mostly prepared in wireless communication. In nonlinear equalizers received 

signal is used in the feedback path of equalizer to change the subsequent outputs of the equalizer. 

Nonlinear equalizers are used in applications where the channel distortion is too severe for a linear 

equalizer to handle. Linear equalizers do not perform well on channels which have deep spectral nulls in 

the pass band. In an attempt to compensate for the distortion, the linear equalizer places too much gain in 

the vicinity of the spectral null, thereby enhancing the noise present in those frequencies. In non linear 

equalizer no training and tracing operation is performed, once a symbol is received by the equalizer it 

automatically set the filter coefficients. No channel estimation is required in non linear equalization 

technique. Three very effective nonlinear methods have been developed which offer improvements over 

linear equalization techniques are Decision Feedback Equalization (DFE), Maximum Likelihood Symbol 

Detection and Maximum Likelihood Sequence Estimation (MLSE).   

 Zero Forcing (ZF) Equalizers 

Zero Forcing Equalizer is a linear equalization algorithm used in communication systems which was 

proposed by Robert Lucky. A zero forcing equalizer uses an inverse filter to compensate for the channel 

response function. In other words, at the output of the equalizer, it has an overall response function equal 

to one for the symbol that is being detected and an overall zero response for other symbols. If possible, this 

results in the removal of the interference from all other symbols in the absence of the noise. Zero forcing is 

a linear equalization method that does not consider the effects of noise. In fact, the noise may be enhanced 

in the process of eliminating the interference.   

Zero forcing algorithm uses past symbol decisions (detected values) to remove ISI from previous symbols. In 

zero forcing algorithms ISI from future symbols is avoided and assumed that detected values are correct, ISI 

from past symbols is also avoided. Thus, ISI is forced to zero. This is not necessarily the best strategy, but it 

is a useful starting point for understanding more sophisticated strategies. 

Zero forcing which forced the combined channel and equalizer impulse response to go to zero at all the 

symbol sampling points except the current one. The spectrum of a ZF equalizer approximates the inverse of 

the channel spectrum. 

The ZF equalizer can be interpreted in the frequency domain as enforcing a completely flat (constant) 

transfer function of the combination of channel and equalizer. For a channel with frequency response F (f) 

 ̂i = ∑�
=−� −   

z-1 z-1 z-1 z-1 ui 
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the zero forcing equalizer C (f) is constructed by C (f) = 1/F(f). Thus the combination of channel and 

equalizer gives a flat frequency response and linear phase F (f) C (f) = 1. . 

 Minimum Mean Square Error (MMSE) Equalizer 

The function of an equalizer is not only the minimization of the ISI, but also minimization of the bit error 

probability. Noise enhancement makes the ZF equalizer impractical. A better criterion is minimization of the 

Mean Square Error (MSE) between the transmit signal and the output of the equalizer. A Minimum Mean 

Square Error (MMSE) estimator describes the approach which minimizes the mean square error (MSE), 

which is a common measure of estimator quality. The  main  feature  of  MMSE  equalizer,  is  that  

it  does  not usually eliminate ISI completely but , minimizes the total power of the noise and ISI 

components in the output .  
                          

 
Figure 5 Block Diagram of MMSE 

Mathematics  

As shown in the figure 5 that the transmitted symbol is dk and its estimated output of the equalizer is 

k̂ .Then the Mean Square Error (MSE) between the transmit signal and the output of the equalizer is given 

by 

 = [ − k̂]   

The output of the equalizer is a linear combination of the input samples yk 

The MMSE equalizer is combination of noise whitening filter 1/G*(1/z*) and the ISI removal component 

̂e  (Z). Then the  

There are three interesting things to notice about this result. First of all, the ideal infinite length MMSE 

equalizer cancels out the noise whitening filter. Second, this infinite length equalizer is identical to the ZF 

filter except for the noise term N, so in the absence of noise the two equalizers are equivalent. Finally, this 

ideal equalizer design clearly shows a balance between inverting the channel and noise enhancement: if F(z) 

is highly attenuated at some frequency the noise term N0 in the denominator prevents the noise from being 

significantly enhanced by the equalizer. Yet at frequencies where the noise power spectral density N0 is 

small compared to the composite channel F(z), the equalizer effectively inverts F(z).  

 

 Maximum Likelihood Sequence Estimation (MLSE) 

Maximum likelihood sequence estimation (MLSE) does not suffer the problem of noise enhancement 

e ause it does ’t use a  e ualizi g filte . I  the pla e of filte  it esti ates the se ue e of t a s itted 
symbols. MLSE implemented by means of the Viterbi algorithm   to   compensate   for   the   
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heavy selective distortions caused by multipath propagation as shown in figure 6. Maximum likelihood 

detection calculates the Euclidean distance between received signal vector and the product of all possible 

transmitted signal vectors with the given channel H, and finds the one with minimum distance. 

 
 

Figure 6 Block diagram of MLSE Equalizer  Decision Feedback Equalization (DFE) 

The idea behind decision feedback equalization (DFE) is that once an information symbol has been 

detected and decided. The ISI that it induces on future symbols can be estimated and subtracted out before 

detection of subsequent symbols. In DFE once we have detected a bit correctly than using the information 

of this bit we can compute the ISI caused by this bit. In other words, we determine the effect this bit will 

have on subsequent samples of the receive signal. The ISI caused by each bit can then be subtracted from 

these later samples. The block diagram of a DFE is shown in Figure 7. The DFE consists of a forward filter 

with transfer function E(z), which is a conventional linear equalizer, as well as a feedback filter with transfer 

function D(z). As soon as the receiver has decided on a received symbol, its impact on all future samples 

can be computed, and subtracted from the received signal by the feedback. Therefore, a DFE results in a 

smaller error probability than a linear equalizer.  

 

 

 

 

 

 

 

 

 

 
Figure 7 Structure of a Decision Feedback Equalizer  

 Performance Criteria for Equalizer  

The performance of an equalizer algorithm is determined by various factors which are listed below: 

• Rate of Convergence: This is defined as the number of iterations required for the algorithm, in response 

to stationary inputs, to converge close enough to the optimum solution. A fast rate of convergence allows 

the algorithm to adapt rapidly to a stationary environment of unknown statistics. Furthermore, it enables 

the algorithm to track statistical variations when operating in a non stationary environment. 

• Co putatio al Co ple it : The u e  of ope atio s e ui ed to ake o e o plete ite atio  of the 
algorithm is known as computation complexity. 

• Nu e i al P ope ties: Whe  a  algo ith  is i ple e ted u e i all , i a u a ies a e p odu ed due to 
round off noise and representation errors in the computer .These kinds of errors influence the stability of 

the algorithm. 

 Comparison of Equalizer  
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• Minimization of the BER: Here MLSE is superior to all other structures. DFEs, though worse than MLSE 

estimators, are better than linear equalizers. The quantitative difference between the structures depends 

on the channel impulse response. 

• Can the channel deal with zeros in the channel transfer function. ZF equalizers have problems, as they 

invert the transfer function and thus create poles in the equalizer transfer function. Neither MMSE nor 

MLSE equalizers have this problem. 

• Computational effort: the effort for linear equalizers and DFEs is not significantly different. Depending on 

the adaptation algorithm, the number of operations increases linearly, quadratically, or cubically with 

equalizer length (number of weights). For MLSE, the computation effort increases exponentially with length 

of the impulse response of the channel. For short impulse responses (e.g., impulse response is at most four 

symbol durations long, as in GSM), the computational complexity of MLSE is comparable with that of other 

equalizer structures. 

• Sensitivity to channel misestimating: due to the error propagation effect, DFE equalizers are more 

sensitive to channel estimation errors than linear equalizers. Also, ZF equalizers are more sensitive than 

MMSE equalizers. 
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