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FUNDAMENTALS OF EQUALIZATION 
Mobile communications require signal processing techniques that improve the link performance. Equalization, Diversity and channel 

coding are channel impairment improvement techniques. Equalization compensates for Inter Symbol Interference (ISI) created by 

multipath within time dispersive channels. An equalizer within a receiver compensates for the average range of expected channel 

amplitude and delay characteristics. In other words, an equalizer is a filter at the mobile receiver whose impulse response is inverse of 

the channel impulse response.  

 Diversity is another technique used to compensate fast fading and is usually implemented using two or more receiving antennas. It is 

usually employed to reduce the depths and duration of the fades experienced by a receiver in a fading channel. Channel coding 

improves mobile communication link performance by adding redundant data bits in the transmitted message. At the baseband portion 

of the transmitter, a channel coder maps a digital message sequence in to another specific code sequence containing greater number of 

bits than original contained in the message. Channel Coding is used to correct deep fading or spectral null.  

 
EQUALIZATION: An equalizer at the front end of a receiver compensates for the average range of expected channel amplitude and 
delay characteristics. As the mobile fading channels are random and time varying, equalizers must track the time-varying 
characteristics of the mobile channel and therefore should be time varying or adaptive. An adaptive equalizer has two phases of 
operation: training and tracking. These are as follows. 
 
Training Mode: 

 Initially a known, fixed length training sequence is sent by the transmitter so that the receiver equalizer may average to a 
proper setting. 

 Training sequence is typically a pseudo-random binary signal or a fixed, of prescribed bit pattern. 
 The training sequence is designed to permit an equalizer at the receiver to acquire the proper filter coefficient in the worst 

possible channel condition. An adaptive filter at the receiver thus uses a recursive algorithm to evaluate the channel and 
estimate filter coefficients to compensate for the channel. 

 
Tracking Mode: 

 When the training sequence is finished the filter coefficients are near optimal. 
 Immediately following the training sequence, user data is sent. 
 When the data of the users are received, the adaptive algorithm of the equalizer tracks the changing channel. 

As a result, the adaptive equalizer continuously changes the filter characteristics over time. 
 
 
ADAPTIVE EQUALIZER: The basic structure of an adaptive filter is shown in Figure this filter is Called the transversal filter, and 
in this case has N delay elements, N+1 taps and N+1 tunable complex multipliers, called weights. These weights are updated 
continuously by an adaptive algorithm. In the figure the subscript k represents discrete time index. The adaptive algorithm is 
controlled by the error signal ek. The error signal is derived by comparing the output of the equalizer, with some signal dk which is 
replica of transmitted signal. The adaptive algorithm uses ek to minimize the cost function 
and uses the equalizer weights in such a manner that it minimizes the cost function iteratively. Let us denote the received sequence 
vector at the receiver and the input to the equalizer as 
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Fig. Adaptive equalizer. 
 
The input to the equalizer as                      xk = [xk; xk

1; ……..; xk
N]T ; 

 
And the tap coefficient vector as wk = [w0;wk

1…………….wk
n]T 

 
Now, the output sequence of the equalizer yk is the inner product of xk and wk, i.e., 

 
Yk = (xk;wk) = xk

Twk = wk
Txk 

 
ALGORITHMS FOR ADAPTIVE EQUALIZATION 
Since an adaptive equalizer compensates for an  unknown and time varying channel, it requires a specific algorithm to update the 
equalizer  coefficients and track the channel variations. Factors which determine algorithm's performance are: 
 
Rate of convergence: Number of iterations required for an algorithm, in response to a stationary  Inputs, to converge close enough to 
optimal solution. A fast rate of convergence allows the algorithm to adapt rapidly to a stationary environment of unknown statistics. 
 
Misadjustment: Provides a quantitative measure of the amount by which the final value of mean  Square error, averaged over an 
ensemble of adaptive filters, deviates from an optimal mean square error. 
 
Computational complexity: Number of operations required to make one complete iteration of the Algorithm. 
 
Numerical properties: Inaccuracies like round-o_ noise and representation errors in the computer,  
which influence the stability of the algorithm. Three classic equalizer algorithms are primitive for most of today's wireless standards. 
These include the Zero Forcing Algorithm (ZF), the Least Mean Square Algorithm (LMS), and the Recursive Least Square Algorithm 
(RLS). Below, we discuss a few of the adaptive algorithms. 

 
Least Mean Square (LMS) AlgorithmLMS algorithm is the simplest algorithm based on minimization of the MSE between the 
desired equalizer output and the actual equalizer output, as discussed earlier. Here the system error, the MSE and the optimal Wiener 
solution remain the same as given the adaptive equalization framework. In practice, the minimization of the MSE is carried out 
recursively, and may be performed by use of the stochastic gradient algorithm. It is the simplest equalization algorithm and requires 
only 2N+1 operation per iteration. The filter weights are updated by the update equation. Letting the variable n denote the sequence of 
iteration, LMS is computed iteratively by 
 

wk (n + 1) = wk (n) + µ ek (n) x (n - k)  
 

Where the subscript k denotes the kth delay stage in the equalizer and µ is the step size which controls the convergence rate and 



www.uptunotes.com 
 

 B y : M s .  S H A L I N I  M I S H R A  e m a i l : s h a l i n i . m i s h r a . 0 6 @ g m a i l . c o m  
 

Page 3 

stability of the algorithm. The LMS equalizer maximizes the signal to distortion ratio at its output within the constraints of the 
equalizer filter length. If an input signal has a time dispersion characteristics that is greater than the propagation delay through the 
equalizer, then the equalizer will be unable to reduce distortion. The convergence rate of the LMS algorithm is slow due to the fact 
that there is only one parameter, the step size that controls the adaptation rate. To prevent the adaptation from becoming unstable, the 
value of µ is chosen from  

                     0 < µ < 2 / ∑ ⅄��
���  

 
Where ⋋i  is the i-th eigenvalue of the covariance matrix R. 
 

 Normalized LMS (NLMS) Algorithm 
  In the LMS algorithm, the correction that is applied to wk (n) is proportional to the input sample x (n - k). Therefore when x (n - k) is 
large, the LMS algorithm experiences gradient noise amplification. With the normalization of the LMS step size by II x (n) II2 in the 
NLMS algorithm, this problem is eliminated. Only when x(n-k) becomes close to zero, the denominator term II x (n) II2 in the NLMS 
equation becomes very small and the correction factor may diverge. So, a small positive number “is added to the denominator term of 
the correction factor. Here, the step size is time varying and is expressed as 
 

µ(�) =
�

‖�(�)‖�+∈
 

DIVERSITY 
Diversity is a method used to develop information from several signals Transmitted  

over independent fading paths. It exploits the random nature of radio propagationby finding independent signal paths for 
communication. It is a very simple concept where if one path undergoes a deep fade, another independent path may have a strong 
signal. As there is more than one path to select from, both the instantaneous and average SNRs at the receiver may be improved. 
Usually diversity decisions are made by receiver. Unlike equalization, diversity requires no training overhead as a training sequence is 
not required by transmitter. Note that if the distance between two receivers is a multiple of ⋋/2, there might occur a destructive 
interference between the two signals. Hence receivers in diversity technique are used in such a way that the signal received by one is 
independent of the other. Diversity can be of various forms, starting from space diversity to time diversity. We take up the typesone by 
one in the sequel. 
 

 
 

Receiver selection diversity, with M receivers 
 
DIFFERENT TYPES OF DIVERSITY 
 

 Space Diversity 
    A method of transmission or reception, or both, in which the effects of fading  

are minimized by the simultaneous use of two or more physically separated antennas,ideally separated by one half or more 
wavelengths. Signals received from spatially separated antennas have uncorrelated envelopes. Space diversity reception methods can 
be classified into four categories: selection, feedback or scanning, maximal ratio combining and equal gain combining. 
 

 Selection Diversity:  
        The basic principle of this type of diversity is selecting the best signal  

among all the signals received from different branches at the receiving end. Selection Diversity is the simplest diversity technique. 
Figure 7.3 shows a block diagram of this method where 'M' demodulators are used to provide M diversity branches whose gains are 
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adjusted to provide the same average SNR for each branch. The receiver branches having the highest instantaneous SNR is connected 
to the demodulator 
 

 Feedback or Scanning Diversity: 
        Scanning all the signals in a fixed sequence until the one  

with SNR more than a predetermined threshold is identified. Feedback or scanning diversity is very similar to selection diversity 
except that instead of always using the best of N signals, the N signals are scanned in a fixed sequence until one is found to be above a 
predetermined threshold. This signal is then received until it falls below threshold and the scanning process is again initiated. The 
resulting fading statistics are somewhat inferior, but the advantage is that it is very simple to implement (only one receiver is 
required). 
 

 Maximal Ratio Combining: 
          Signals from all of the m branches are weighted according to their  

individual signal voltage to noise power ratios and then summed. Individual signals must be co phased before being summed, which 
generally requires an individual receiver and phasing circuit for each antenna element. Produces an output SNR equal to the sum of all 
individual SNR. Advantage of producing an output with an acceptable SNR even when none of the individual signals are themselves 
acceptable. Modern DSP techniques and digital receivers are now making this optimal form, as it gives the best statistical reduction of 
fading of any known linear diversity combiner 
 

 Equal Gain Combining: 
 

 
 In some cases it is not convenient to provide for the 

variable weighting capability required for true maximal 
ratio combining. In such cases, the branch weights are all 
set unity, but the signals from each branch are co-phased to 
provide equal gaincombining diversity. It allows the 
receiver to exploit signals that are simultaneously received 
on each branch. Performance of this method is marginally 
inferior to maximal ratio combining and superior to 
Selection diversity. 
 

 

 
 Polarization Diversity 

   Polarization Diversity relies on the decorrelation of the two Receive 
ports to achieve diversity gain. The two receiver ports must remain cross-polarized. Polarization Diversity at a base station does not 

require antenna spacing. Polarization diversity combines pairs of antennas with orthogonal polarizations (i.e. horizontal/vertical, slant 

45o, Left-hand/Right-hand CP etc). Reflected signals can undergo polarization changes depending on the channel. Pairing two 

complementary polarizations, this scheme can immunize a system from polarization mismatches that 

would otherwise cause signal fade. Polarization diversity has proved valuable at radio and mobile communication base stations since it 
is less susceptible to the near random orientations of transmitting antennas. 
 

 Frequency Diversity 
In Frequency Diversity, the same information signal is transmitted and 

 received simultaneously on two or more independent fading carrier frequencies. Rationalebehind this technique is that frequencies 
separated by more than the coherence bandwidth of the channel will be uncorrelated and will thus not experience the same fades. The 
probability of simultaneous fading will be the product of the individual fading probabilities. This method is employed in microwave 
LoS links which carry several channels in a frequency division multiplex mode (FDM). Main disadvantage is that it requires spare 
bandwidth also as many receivers as there are channels used for the frequency diversity. 
 

 Time Diversity 
   In time diversity, the signal representing the same information are sent over  

the same channel at different times. Time diversity repeatedly transmits information at time spacing that exceeds the coherence time of 
the channel. Multiple repetition of the signal will be received with independent fading conditions, thereby providing for diversity. A 
modern implementation of time diversity involves the use of RAKE receiver for spread spectrum CDMA, where the multipath channel 
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provides redundancy in the transmitted message. Disadvantage is that it requires spare bandwidth also as many receivers as there are 
channels used for the frequency diversity.  
 Two important types of time diversity application is discussed below. 
 
RAKE RECEIVER:  In CDMA spread spectrum systems, CDMA spreading codes are designed to Provide very low correlation 
between successive chips, propagation delay spread in the radio channel provides multiple version of the transmitted signal at the 
receiver. Delaying multipath components by more than chipduration will appear like uncorrelated noise at a CDMA receiver. CDMA 
receiver may combine the time delayed versions of the original signal to improve the signal to noise ratio at the receiver. RAKE 
receiver collects the time shifted versions of the original signal by providing a separate correlation receiver for M strongest multipath 
components. Outputs of each correlator are weighted to provide a better estimate of the transmitted signal than provided by a single 
component. Demodulation and bit decisions are based on the weighted output of the correlators. Schematic of a RAKE receiver is 
shown in Figure 

 

Interleaver:  In the encoded data bits, some source bits are more important than others, andmust be  
protected from errors. Many speech coders produce several important bits in succession. Interleaver spread these bit out in time so that 
if there is a deep fade or noise burst, the important bits from a block of source data are not corrupted at the same time. Spreading 
source bits over time, it becomes possible to make use of error control coding. Interleaver can be of two forms, a block structure or a 
convolutional structure. 

A block interleaver formats the encoded data into a rectangular array of m rowsand n columns, and interleaves nm bits at a 
time. Each row contains a word of source data having n bits. An interleaver of degree m consists of m rows. Source bits are placed 
into the interleaver by sequentially increasing the row number for each successive bit, and forming the columns. The interleaved 
source data is then read out row-wise and transmitted over the channel. This has the effect of separating the original source bits by m 
bit periods. At the receiver, de-interleaver stores the received data by sequentially increasing the row number of each successive bit, 
and then clocks out the data row-wise, one word at a time. Convolutional interleavers are ideally suited for use with convolutional 
codes. 
 
MULTIPLE ACCESS TECHNIQUES 
 Multiple access techniques are used to allow a large number of mobile users to share the allocated spectrum in the most efficient 
manner. As the spectrum is limited, so the sharing is required to increase the capacity of cell or over a geographical area by allowing 
the available bandwidth to be used at the same time by different users. And this must be done in a way such that the quality of service 
doesn't degrade within the existing users. 
 
Multiple Access Techniques for Wireless Communication 
In wireless communicationSystems it is often desirable to allow the subscriber to send simultaneously information to the base station 
while receiving information from the base station. A cellular system divides any given area into cells where a mobile unit in each cell 
communicates with a base station. The main aim in the cellular system design is to be able to increase the capacity of the channel i.e. 
to handle as many calls as possible in a given bandwidth with a sufficient level of quality of service. There are several different ways 
to allow access to the channel. These include mainly the following: 
1) Frequency division multiple-access (FDMA) 
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2) Time division multiple-access (TDMA) 
3) Code division multiple-access (CDMA) 
4) Space Division multiple access (SDMA) 
 

 MA techniques in different wireless communication systems 
 
Advanced Mobile Phone Systems:               FDMA/FDD 
Global System for Mobile:                                TDMA/FDD 
U.S. Digital Cellular:                                      TDMA/FDD 
Japanese Digital Cellular:   TDMA/FDD 
CT2 Cordless Telephone:               FDMA/TDD 
Digital European Cordless Telephone:          FDMA/TDD 
U.S. Narrowband Spread Spectrum (IS-95): CDMA/FDD 
 

FDMA,TDMA and CDMA are the three major multiple access techniques thatare used to share the available bandwidth in a 
wireless communication system.Depending on how the available bandwidth is allocated to the users these techniquescan be classified 
as narrowband and wideband systems. 
 

 Narrowband Systems 
             The term narrowband is used to relate the bandwidth of the single  

channel to the expected coherence bandwidth of the channel. The available spectrum is divided in to a large number of narrowband 
channels. The channels are operated using FDD. In narrow band FDMA, a user is assigned a particular channel which is not shared by 
other users in the vicinity and if FDD is used then the system is called FDMA/FDD. Narrow band TDMA allows users to use the same 
channel but allocated a unique time slot to each user on the channel, thus separating a small number of users in time on a single 
channel. For narrow band TDMA, there generally are a large number of channels allocated using either FDD or TDD, each channel is 
shared using TDMA. Such systems are called TDMA/FDD and TDMA/TDD access systems. 
 

 Wideband Systems 
In wideband systems, the transmission bandwidth of a single channel is  

much larger than the coherence bandwidth of the channel. Thus, multipath fading does not greatly affect the received signal within a 
wideband channel, and frequency selective fades Occur only in a small fraction of the signal bandwidth 

 

                            The basic cocept of FDMA                                                                             FIGURE:-FDD 
 
FREQUENCY DIVISION MULTIPLE ACCESS 
  FDD:- This was the initial multiple-access technique for cellular systems in which each individual user is assigned a pair of 
frequencies while making or receiving a call as shown in Figure  One frequency is used for downlink and one pair for uplink. This is 
called frequency division duplexing (FDD). 
 That allocated frequency pair is not used in the same cell or adjacent cells during the call so as to reduce the co channel interference. 
Even though the user may not be talking, the spectrum cannot be reassigned as long as a call is in place. Different users can use the 
same frequency in the same cell except that they must transmit at different times. The features of FDMA are as follows:  

The FDMA channel carries only one phone circuit at a time. If an FDMA channel is not in use, then it sits idle and it cannot 
be used by other users to increase share capacity. After the assignment of the voice channel the BS and the MS transmit 
simultaneously and continuously. The bandwidths of  

FDMA systems are generally narrow i.e. FDMA is usually implemented in a narrow band system the symbol time is large 
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compared to the average delay spread. The complexity of the FDMA mobile systems is lower than that of TDMA mobile systems. 
FDMA requires tight filtering to minimize the adjacent channel interference. 

 
TIME DIVISION MULTIPLE ACCESS 

In digital systems, continuous transmission is not  
required because users do not use the allotted bandwidth all the time. In such cases, TDMA is a complimentary access technique to 
FDMA. Global Systems for Mobile communications (GSM) uses the TDMA technique. In TDMA, the entire bandwidth is available 
to the user but only for a finite period of time. In most cases the available bandwidth is divided into fewer channels compared to 
FDMA and the users are allotted time slots during which they have the entire channel bandwidth at their disposal, as shown in Figure 
 

     
            Basic Concept of TDMA      Basic Concept of TDD 

 
                                                  One TDMA frame 

preamble Info.message Trail bits 

 
 

Slot 1 Slot 2 --------------------------- Slot N 

 
 
 

Trail bits Sync. bits Information data Guard bits 

 
Figure:TDMA  frame structure 

 
TDMA requires careful time synchronization since users share the bandwidth in the frequency domain. The number of 

channels is less, inter channel interference is almost negligible. TDMA uses different time slots for transmission and reception. This 
type of duplexing is referred to as Time division duplexing (TDD). 

   
TDMA FRAME STRUCTURE:- 

1) Preamble  contains the address and synchronization information. 
2) In TDMA system the radio spectrum is divided in to time slots and in each slot only one user is allowed to either transmit 
   or receive. 
3) Each user occupies a cyclically repeating time slot,so a channel is thought of as a particular time slot that reoccurs every 

frame.it requires large overheads as compared to FDMA. 
 

The features of TDMA includes the following: 
1) TDMA shares a single carrier frequency with several users where each users makes use of non overlapping time slots. The number 
of time slots per frame depends on several factors such as modulation technique, available bandwidth etc.  
2) Data transmission in TDMA is not continuous but occurs in bursts. This results in low battery consumption since the subscriber 
transmitter can be turned OFF when not in use. 
3) TDMA uses different time slots for transmission and reception thus duplexers are not required. TDMA has an advantage that is 
possible to allocate different numbers of time slots per frame to different users. 
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SPREAD SPECTRUM MULTIPLE ACCESS: Spread spectrum multiple access (SSMA) uses Signals which have a transmission 
bandwidth whose magnitude is greater than the minimum required RF bandwidth. A pseudo noise (PN) sequence converts a 
narrowband signal to a wideband noise like signal before transmission. SSMA is not very bandwidth efficient when used by a single 
user. However since many users can share the same spread spectrum bandwidth without interfering with one another, spread spectrum 
systems become bandwidth efficient in a multiple user environment? There are two main types of spread spectrum multiple access 
techniques:  

 Frequency hopped multiple access (FHMA) 
 Direct sequence multiple access (DSMA) or 
 Code division multiple access (CDMA). 

 
 Frequency Hopped Multiple Access (FHMA):  

     This is a digital multiple access system in which 
the carrier frequencies of the individual users are varied in a pseudo random fashion within a wideband channel. The digital data is 
broken into uniform sized bursts which are then transmitted on different carrier frequencies. 

 
 Code Division Multiple Access 

      In CDMA, the same bandwidth is occupied by all the users, 
however they are all assigned separate codes, which differentiates them from each other (shown in Figure) . CDMA utilize a spread 
spectrum technique in which a spreading signal (which is uncorrelated to the signal and has a large bandwidth) is used to spread the 
narrow band message signal. 
 

 Direct Sequence Spread Spectrum (DS-SS) 
    This is the most commonly us technology for 

 CDMA. In DS-SS, the message signal is multiplied by a Pseudo Random Noise Code. Each user is given his own codeword which is 
orthogonal to the codes of other users and in order to detect the user, the receiver must know the codeword used by the transmitter. 
There are, however, two problems in such systems which vbare discussed in the sequel. 

 The basic concept of CDMA. 
SPACE DIVISION MULTIPLE ACCESS 

              SDMA utilizes the spatial separation of the users  
in order  to optimize the use of the frequency spectrum. A primitive form of SDMA is when the same frequency is reused in different 
cells in a cellular wireless network. The radiated power of each user is controlled by Space division multiple access. SDMA serves 
different users by using spot beam antenna. These areas may be served by the same frequency or different frequencies. However for 
limited co-channel interference it is required that the cells be sufficiently separated. This limits the number of cells a region can be 
divided into and hence limits the frequency re-use factor. A more advanced approach can further increase the capacity of the network. 
This technique would enable frequency re-use within the cell. In a practical cellular environment it is improbable to have just one 
transmitter fall within the receiver beam width. Therefore it becomes imperative to use other multiple access techniques in conjunction 
with SDMA. When different areas are covered by the antenna beam, frequency can be re-used, in which caseTDMA or CDMA is 
employed, for different frequencies FDMA can be used. 
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Figure :- SPACE DIVISION MULTIPLE ACCESS 
 


