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AIM & OBJECTIVES  

 
 To understand the wireless communication and spectrum. 

 To understand the MIMO systems. 

 To understand about the channels. 

 

PRETEST -MCQ 
 

1. Which of the following is not a characteristic of 3G network? 
a) Communication over VoIP 
b) Unparalleled network capacity 

c) Multi-megabit Internet access 
d) LTE based network 

 
2. Which one is not an advantage of using frequency reuse? 

a) Increased capacity 
b) Limited spectrum is required 

c) Same spectrum may be allocated to other network 
d) Number of base stations is reduced 

 
 

3. The process of transferring a mobile station from one base 
station to another is  

a) MSC 
b) Roamer 

c) Handoff 
d) Forward channel 
 

4. Which modulation technique is used by GSM? 
a) GMSK 

b) BPSK 
c) QPSK 

d) GFSK 
 

5. Which is one of the disadvantages of 2G standards? 
a) Short Messaging Service (SMS) 

b) Digital modulation 
c) Limited capacity 

d) Limited Internet Browsing 

UNIT-1 Introduction to MIMO Systems 
 



 
6. Which of the following is not an application of third generation 

network? 

a) Global Positioning System (GPS) 
b) Video conferencing 

c) Mobile TV 
d) Downloading rate upto1Gbps 

 
 

7. What is the full form of UMTS? 
a) Universal Mobile Telephone System 

b) Ubiquitous Mobile Telephone System 
c) Ubiquitous Mobile Telemetry System 

d) Universal Machine Telemedicine System 
 

8. UMTS use which multiple access technique? 
a) CDMA 

b) TDMA 
c) FDMA 
d) SDMA 

 
9. Which of the following WLAN standard has been named Wi-Fi? 

a) IEEE 802.6 
b) IEEE 802.15.4 

c)  IEEE 802.11b 
d) IEEE 802.11g 

 
10. What is WISP? 

a) Wideband Internet Service Protocol 
b) Wireless Internet Service Provider 

c) Wireless Instantaneous Source Provider 
d) Wideband Internet Source Protocol 

 
 

PRE- REQUISITE:    Basic knowledge of Wireless Communication 
 

 
 
 

 
 

 
 



 
 

 

It is all about spectrum. Marconi pioneered the wireless 
industry 100 years ago. Today life does not seem possible without 

wireless in some form or the other. In fact wireless permeates every 
aspect of our lives. The demands on bandwidth and spectral 

availability are endless. Currently wireless finds its widest expression 
in fixed and mobile roles. In the fixed role, wireless is used 

extensively for data transfer, especially from desktop computers and 
laptops. In the mobile role, wireless networks provide mobility for use 

from fast vehicles for both voice and data. Consequently wireless 
designers face an uphill task of limited availability of radio frequency 

spectrum and complex time varying problems in the wireless 
channel, such as fading and multipath, as well as meeting the 

demand for high data rates. 
 

Simultaneously, there is an urgent need for better quality of service 
(QoS), compared with that obtainable from DSL and cable. 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

1.1 The Crowded Spectrum 
 
 

 
 



 
 
 

 
The gradual evolution of mobile communication systems follows 

the quest for high data rates, measured in bits/sec (bps) and with a 
high spectral efficiency, measured in bps/Hz. The first mobile 

communications systems were analog and are today referred to as 
systems of the first generation. In the beginning of the 1990s, the 

first digital systems emerged, denoted as second generation (2G) 
systems. In Europe, the most popular 2G system introduced was the 

global system for mobile communications (GSM), which operated in 
the 900 MHz or the 1,800-MHz band and supported data rates up to 

22.8 kbit/s. In many parts of the world today, GSM is still in vogue. 
Basically GSM is a cellular system [i.e., it typically uses a single base 

transceiver station (BTS), which marks the center of a cell and which 
serves several mobile stations (MS), meaning the users].  

 
In the United States, the most popular 2G system is the TDMA/136, 
which is also a digital cellular system. TDMA stands for time-division 

multiple access. To accomplish higher data rates, two add-ons were 
developed for GSM, namely high-speed circuit switched data 

(HSCSD) and the general packet radio service (GPRS), providing data 
rates up to 38.4 kbit/s and 172.2 kbit/s, respectively. 

 
The demand for yet higher data rates forced the development of a 

new generation of wireless systems, the so-called third generation 
(3G). 3G systems are characterized by a maximum data rate of at 

least 384 kbit/s for mobile and 2 mbit/s for indoors. 
 

One of the leading technologies for 3G systems is the now well-
known universal mobile telephone system (UMTS) [also referred to as 

wideband code-division multiplex (WCDMA) or UTRA FDD/TDD]. 
UMTS represents an evolution in terms of services and data speeds 

from today’s ‘‘second generation’’ mobile networks. As a key member 
of the global family of 3G mobile technologies identified by the 

International Telecommunication Union (ITU), UMTS is the natural 
evolutionary choice for operators of GSM networks, currently 
representing a customer base of more than 850 million end users in 

195 countries and representing over 70% of today’s digital wireless 
market. UMTS is already a reality.  

 
 

1.2 Need for High Data Rates 
 
 

 



Japan launched the world’s first commercial WCDMA network 
in 2001, and WCDMA networks are now operating commercially in 
Austria, Italy, Sweden and the United Kingdom, with more launches 

anticipated during 2004. Several other pilot and precommercial 
trials are operational in the Isle of Man, Monaco, and other European 

territories. UMTS is also a cellular system and operates in the 2-GHz 
band. Compared with the 2G systems, UMTS is based on a novel 

technology. To yield the 3G data rates, an alternative approach was 
made with the enhanced data rates for GSM evolution (EDGE) 

concept.  
 

The EDGE system is based on GSM and operates in the same 
frequency bands. The significantly enhanced data rates are obtained 

by means of a new modulation scheme, which is more efficient than 
the GSM modulation scheme. As for GSM, two add-ons were 

developed for EDGE, namely enhanced circuit switched data (ECSD) 
and the enhanced general packet radio service (EGPRS). The 

maximum data rate of the EDGE system is 473.6 kbit/s, which is 
accomplished by means of EGPRS. EDGE was introduced in the 
United States as a generic air interface to enhance the TDMA/136 

system. Some 200 operators worldwide are also giving their 
customers a taste of faster data services with so called 2.5G systems 

based on GPRS technology, a natural evolutionary steppingstone 
toward UMTS. 

 
The new IEEE and High Performance Radio Local Area Network 

(HIPERLAN) standards specify bit rates of upto 54 mbit/s, although 
24 mbit/s will be the typical rate used in most applications. Such 

high data rates impose large bandwidths, thus pushing carrier 
frequencies for values higher than the UHF band. HIPERLAN has 

frequencies allocated in the 5- and 17-GHz bands; multimedia 
broadcasting systems (MBS) will occupy the 40- and 60-GHZ bands; 

and even the infrared band is being considered for broadband wired 
local area networks (WLANs). 

 
A comparison of several systems, based on two of the key features 

(mobility and data rate) is shown in Figure 1.1, where it is clear that 
no competition exists between the different approaches. The 
applications and services of the various systems are also different. 

IEEE 802.11 is mainly intended for communications between 
computers (thus being an extension of WLANs).  

 
 



        
 
Figure 1.1 Comparison of mobility and data rates for several systems. 
 

 
Future wireless broadband applications are likely to require data 

rates that are hundreds of megabits per second—up to 250 times the 
maximum data rate promised for UMTS. Such a broadband service 

could, for example, be wireless high-quality video conferencing (upto 
100 mbit/s) or wireless virtual reality (up to 500 mbit/s, when 

allowing free body movements). 
 

Therefore, the goal of the next generation of wireless systems—the 
fourth generation (4G)—is to provide data rates yet higher than the 

ones of 3G while granting the same degree of user mobility. 4G is the 
short term for fourth generation wireless, the stage of broadband 

mobile communications that will follow the still burgeoning 3G that 
is expected to reach maturity between 2003–2005. 4G services are 

expected to be introduced first in Japan, as early as 2006—four 
years ahead of the previous target date. The major distinction of 4G 
over 3G communications is increased data transmission rates, just 

as it is for 3G over 2G and 2.5G (the current state of wireless 
services, hovering somewhere between 2G and 3G).  

 
According to NTT-DoCoMo, the leading Japanese wireless company, 

the current download speed for i-Mode (mobile Internet service) data 
is, theoretically, 9.6 kbit/s, although in practice the rates tend to be 



slower. 3G rates are expected to reach speeds 200 times higher, and 
4G to yield further increases, reaching 20–40 mbit/s (about 10–20 
times the current rates of ADSL service). 4G is expected to deliver 

more advanced versions of the same improvements promised by 3G, 
such as enhanced multimedia, smooth streaming video, universal 

access, and portability across all types of devices. 
 

Industry insiders are reluctant to predict the direction that less-
than-immediate future technology might take, but 4G enhancements 

are expected to include worldwide ‘‘roaming’’ capability. As was 
projected for the ultimate 3G system, 4G might actually connect the 

entire globe and be operable from any location on—or above— the 
surface of the earth. This aspect makes it distinctly different from the 

technologies developed until now. 
 

The first 4G systems are likely to be an integration of 3G systems 
and WLAN systems. By this means, considerable data rates can be 

granted at hot spots. On the other hand, the interworking of WLAN 
and 3G systems will provide a good degree of mobility, given that 
seamless handover is accomplished between several heterogeneous 

systems. Figure 1.2 reveals the possible candidates for 4G systems. 
The figure is self explanatory. There are, however, a few interesting 

points. The ‘‘hottest’’ candidates for 4G appear to be:  
 

BWIF:  
The Broadband Wireless Internet Forum (BWIF) [3] is the 

principal organization chartered with creating and developing next 
generation fixed wireless standards. The broadband wireless 

specifications are based on vector orthogonal frequency division 
multiplexing (VOFDM) technology and data over cable service 

interface specification (DOCSIS). BWIF was formed to address the 
needs of the quickly emerging wireless broadband market. Further, 

through BWIF, members establish product road maps that lower 
product costs, simplify deployment of advanced services, and ensure 

the availability of interoperable solutions. BWIF extends the 
partnership model to all companies offering expanded broadband 

wireless technology to multiple markets. At the core of the 
partnerships, membership includes: 
 

 ASIC semiconductor companies, which develop new ASICs 
based on VOFDM technology. 

 Customer premise equipment (CPE) companies, which use the 
chips to build new subscriber equipment. 



 Systems integrators, which design and deploy the networks 
based on these products. 

 Service providers, which incorporate VOFDM products and 
technology into their network infrastructure to offer to new 

services customers. 

 RF/ODU manufacturers, which supply subsystems to the total 
wireless solution offering. 

 

     
 

Figure 1.2 Possible candidates for 4G systems. 
 

Many companies associated with wireless technology see the market 
potential for new applications, products, and services. BWIF 
members have committed to the VOFDM specification for optimized 

and open broadband fixed wireless access. Founding companies and 
promoting members do not collect royalties for the intellectual 

property they contribute to support VOFDM technology. In addition, 
BWIF is organized as a program of the IEEE Industry Standards and 

Technology Organization (IEEE-ISTO), which acts as the managing 
body for this forum. 

 
TD-SCDMA:  

Time-division synchronous CDMA (TD-SCDMA) is the Chinese 
Contribution to the ITU’s IMT-2000 specification for 3G wireless 

mobile services. It endeavors to integrate with the existing GSM 
system.  

 



It is designed to manage both symmetric circuit-switched services, 
such as speech or video, as well as asymmetric packet-switched 
services, such as mobile Internet data flows. TD-SCDMA combines 

two leading technologies—an advanced TDMA system with an 
adaptive CDMA component—to overcome this challenge. 

 
HSDPA:  

High-speed downlink packet access (HSDPA) is a packet-based 
data service in WCDMA downlink with data transmission up to 8–10 

mbit/s [and 20 mbit/s for multiple-input multiple-output (MIMO) 
systems] over a 5-MHz bandwidth in WCDMA downlink. HSDPA 

implementations include adaptive modulation and coding (AMC), 
MIMO, hybrid automatic request (HARQ), fast cell search, and 

advanced receiver design. In third generation partnership project 
(3GPP) standards, Release 4 specifications provide efficient IP 

support, enabling provision of services through an all-IP core 
network, and Release 5 specifications focus on HSDPA to provide 

data rates up to approximately 10 mbit/s to support packet-based 
multimedia services. 
 

MIMO systems are the work item in Release 6 specifications, which 
will support even higher data transmission rates up to 20 mbit/s. 

HSDPA is evolved from and backward compatible with Release 99 
WCDMA systems.  

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 



 
 
 

 
This technique is mainly based on the theoretical work 

developed by Teletar and Foschini. The core of this idea is to use 
multiple antennas both for transmission and reception. This 

increases the capacity of the wireless channel. Capacity is expressed 
as the maximum achievable data rate for an arbitrarily low 

probability of error. Hence, the thrust has been toward the 
development of codes and schemes that would enable systems to 

approach their Shannon capacity limit.  
 

This technology received a fillip when Tarokh introduced their space-
time trellis coding techniques and Alamouti introduced his space-

time block coding techniques to improve link-level performance 
based on diversity. It received another boost when Bell Laboratories 

introduced its Bell Laboratories Layered Space-Time (BLAST) coding 
technique, demonstrating spectral efficiencies as high as 42 
bit/s/Hz. This represents a tremendous boost in spectral efficiency 

compared with the current 2–3 bit/s/Hz achieved in cellular mobile 
and wirelessLAN systems. There is, therefore, a need for 

communication engineers to understand this remarkable technology. 
This book has been expressly written to fulfill such a need. 

 
We will discuss a MIMO system pioneered by AT&T Labs-Research in 

Middletown, New Jersey. It conducted field tests to characterize the 
mobile MIMO radio channel. The company measured the capacity of 

a system with four antennas on a laptop computer and four 
antennas on a rooftop base station. The field tests showed that close 

to the theoretical fourfold increase in capacity over a single antenna 
system can be supported in a 30-KHz channel with dual polarized 

spatially separated base station and mobile terminal antennas. 
Figure 1.3 shows the arrangement. Note the mounting of the four 

antennas on the laptop computer and the rooftop antennas. 
 

The base station rooftop antenna array used dual-polarized antennas 
separated by 11.3 feet, which is approximately 20 wavelengths apart 
and a multibeam antenna. The laptop-mounted antennas included a 

vertically polarized array and a dual-polarized array with elements 
spaced half a wavelength apart. Different signals were transmitted 

out of each antenna simultaneously in the same bandwidth 
and then separated at the receiver. 

1.3 Multiple-Input Multiple-Output Systems 
 
 

 
 



 
 

               
 
Figure 1.3 Upper: Transmitter with four antennas on a laptop and    

                            the 1,900-MHz coherent transmitters. 
                 Lower: The four receivers with real-time baseband    
                             processing and rooftop antennas. 
 

 

 

With four antennas at the transmitter and receiver, this has the 
potential to provide four times the data rate of a single antenna 

system without an increase in transmit power or bandwidth, 
provided the multipath environment is rich enough. This means that 

high capacities are theoretically possible unless there is a direct line 
of sight between transmitter and receiver. 
 

 

 

 

 

 

 

 

 

 

 

 

 

 



 
 
 

 
Multiantenna Systems 

 
Figure 1.4 illustrates different antenna configurations used in 

defining space-time systems. Single-input single-output (SISO) is the 
well-known wireless configuration, single-input multiple-output 

(SIMO) uses a single transmitting antenna and multiple (MR) receive 
antennas, multiple-input single-output (MISO) has multiple (MT) 

transmitting antennas and one receive antenna, MIMO has multiple 
(MT) transmitting antennas and multiple (MR) receive antennas and, 

finally, MIMO-multiuser (MIMO-MU), which refers to a configuration 
that comprises a base station with multiple transmit/receive 

antennas interacting with multiple users, each with one or more 
antennas. We now examine the meaning of certain terms. 

 

          
 

Figure 1.4 Different antenna configurations in space-time systems. 
 

 
Array Gain 

Array gain is the average increase in the signal-to-noise ratio (SNR) 
at the receiver that arises from the coherent combining effect of 

multiple antennas at the receiver or transmitter or both. If the 
channel is known to the multiple antenna transmitter, the 

transmitter will weight the transmission with weights, depending on 
the channel coefficients, so that there is coherent combining at the 

1.4 MIMO systems – Array Gain, Diversity Gain,  
Data Pipes, Spatial MUX, 

 

 
 

 



single antenna receiver (MISO case). The array gain in this case is 
called transmitter array gain. Alternately, if we have only one 
antenna at the transmitter and no knowledge of the channel and a 

multiple antenna receiver, which has perfect knowledge of the 
channel, then the receiver can suitably weight the incoming signals 

so that they coherently add up at the output (combining), thereby 
enhancing the signal.  

 
This is the SIMO case. This is called receiver array gain. Basically, 

multiple antenna systems require perfect channel knowledge either 
at the transmitter or receiver or both to achieve this array gain. 

 
Diversity Gain 

Multipath fading is a significant problem in communications. In 
a fading channel, signals experience fades (i.e., they fluctuate in their 

strength). When the signal power drops significantly, the channel is 
said to be in a fade. This gives rise to high bit error rates (BER). We 

resort to diversity to combat fading. This involves providing replicas 
of the transmitted signal over time, frequency, or space. There are 
three types of diversity schemes in wireless communications. 

 
Temporal diversity:  

In this case replicas of the transmitted signal are provided 
across time by a combination of channel coding and time interleaving 

strategies. The key requirement here for this form of diversity to be 
effective is that the channel must provide sufficient variations in 

time. It is applicable in cases where the coherence time of the 
channel is small compared with the desired interleaving symbol 

duration. In such an event, we are assured that the interleaved 
symbol is independent of the previous symbol. This makes it a 

completely new replica of the original symbol. 
 

Frequency diversity:  
This type of diversity provides replicas of the original signal in 

the frequency domain. This is applicable in cases where the 
coherence bandwidth of the channel is small compared with the 

bandwidth of the signal. This assures us that different part of the 
relevant spectrum will suffer independent fades. 
 

Spatial diversity:  
This is also called antenna diversity and is an effective method 

for combating multipath fading. In this case, replicas of the same 



transmitted signal are provided across different antennas of the 
receiver. This is applicable in cases where the antenna spacing is 
larger than the coherent distance to ensure independent fades across 

different antennas.  
 

The traditional types of diversity schemes are selection diversity, 
maximal ratio diversity, and equal gain diversity.  Space-time codes 

exploit diversity across space and time.  Basically the effectiveness of 
any diversity scheme lies in the fact that at the receiver we must 

provide independent samples of the basic signal that was 
transmitted. In such an event we are assured that the probability of 

two or more relevant parts of the signal undergoing deep fades will be 
very small.  

 
The constraints on coherence time, coherence bandwidth, and 

coherence distance ensure this. The diversity scheme must then 
optimally combine the received diversified waveforms so as to 

maximize the resulting signal quality. We can also categorize 
diversity under the subheading of spatial diversity, based on whether 
diversity is applied to the transmitter or to the receiver. 

 
Receive diversity:  

Maximum ratio combining is a frequently applied diversity 
scheme in receivers to improve signal quality. In cell phones it 

becomes costly and cumbersome to deploy. This is one of the main 
reasons transmit diversity became popular, since transmit diversity 

is easier to implement at the base station. 
 

Transmit diversity:  
In this case we introduce controlled redundancies at the 

transmitter, which can be then exploited by appropriate signal 
processing techniques at the receiver. Generally this technique 

requires complete channel information at the transmitter to make 
this possible. It became possible to implement transmit diversity 

without knowledge of the channel. This was one of the fundamental 
reasons why the MIMO industry began to rise. Space-time codes for 

MIMO exploit both transmit as well as receive diversity schemes, 
yielding a high quality of reception. 
 

Therefore, in MIMO we talk a lot about receive antenna diversity or 
transmit antenna diversity. In receive antenna diversity, the receiver 

that has multiple antennas receives multiple replicas of the same 
transmitted signal, assuming that the transmission came from the 



same source. This holds true for SIMO channels. If the signal path 
between each antenna pair fades independently, then when one path 
is in a fade, it is extremely unlikely that all the other paths are also 

in deep fade. Therefore, the loss of signal power due to fade in one 
path is countered by the same signal but received through a different 

path (route).  
 

This is like a line of soldiers. When one soldier falls in battle, another 
is ready to take his place. Hence, extending this analogy further, the 

more the soldiers, the stronger the line. The same is the argument in 
diversity. The more the diversity, the easier we can combat fades in a 

channel. Diversity is characterized by the number of independent 
fading branches, or paths (routes). These paths are also known as 

diversity order and are equal to the number of receive antennas in 
SIMO channels.  

 
Logically, the higher the diversity order (independent fading paths, or 

receive antennas), the better we combat fading. If the number of 
receive antennas tends to infinity, the diversity order tends to infinity 
and the channel tends to additive white Gaussian noise 

(AWGN).  
 

In the category of spatial diversity there are two more types of 
diversity that we need to consider. These are: 

 
Polarization diversity:  

In this type of diversity horizontal and vertical polarization 
signals are transmitted by two different polarized antennas and 

received correspondingly by two different polarized antennas at the 
receiver. 

 
Different polarizations ensure that there is no correlation between 

the data streams, without having to worry about coherent distance of 
separation between the antennas. 

 
Angle diversity:  

This applies at carrier frequencies in excess of 10 GHz. At such 
frequencies, the transmitted signals are highly scattered in space. In 
such an event the receiver can have two highly directional antennas 

facing in totally different directions. This enables the receiver to 
collect two samples of the same signal, which are totally independent 

of each other. 
 



Data Pipes 
The term data pipe is derived from fluid mechanics. Pipes are 

used to transfer water to a tank/reservoir. The more the number of 

pipes, the greater the quantum of flow of water into a tank/reservoir. 
This is similar to data pipes, but the analogy of communications with 

fluid mechanics ends there. We consider a case of two data pipes 
between the transmitter and receiver. In this situation there are two 

cases; either the data in the data pipes are identical to each other or 
they are independent samples, completely different from each other.  

 
In the former case, effectively the data going through is as if it is 

going through one data pipe, with the other pipe merely being a 
replica of the first one. This is a case of full correlation and because 

of this correlation, we do not get any throughput (bits per second) 
advantage. However, we do get a diversity advantage of two. The 

latter case deals with a situation where there is absolutely no 
correlation between the data carried by the two pipes. The data 

streams are independent. Hence, there is no diversity, but the 
throughput (output in bit/s) is definitely higher than in the first case. 
Therefore, the more the data pipes, the higher the throughput 

provided the signals in the data pipes are not replicas of each other 
or correlated. In such an event the same signal is going through both 

pipes, so no new information is getting transferred. 
 

Remember that transmit diversity comes at the cost of throughput 
and vice versa. If we wish to eat the cake and still have it, then one 

way out is to sacrifice transmit diversity at the cost of throughput 
and incorporate diversity in the receiver (receive diversity). This way 

we at least have receive diversity, rather than no diversity at all in 
the system. This is what is done in spatial multiplexing. 

 
 

Spatial Multiplexing 
Spatial multiplexing offers a linear (in the number of transmit-

receive antenna pairs or min (MR , MT) increase in the transmission 
rate (or capacity) for the same bandwidth and with no additional 

power expenditure. It is only possible in MIMO channels. Consider 
the case of two transmit and two receive antennas. This can be 
extended to more general MIMO channels. The bit stream is split into 

two half-rate bit streams, modulated and transmitted simultaneously 
from both the antennas.  

 
 



The receiver, having complete knowledge of the channel, recovers 
these individual bit streams and combines them so as to recover the 
original bit stream. Since the receiver has knowledge of the channel 

it provides receive diversity, but the system has no transmit diversity 
since the bit streams are completely different from each other in that 

they carry totally different data. Thus spatial multiplexing increases 
the transmission rates proportionally with the number of transmit-

receive antenna pairs. 
 

This concept can be extended to MIMO-MU. In such a case, two 
users transmit their respective information simultaneously to the 

base station equipped with two antennas. The base station can 
separate the two signals and can likewise transmit two signals with 

spatial filtering so that each user can decode his or her own signal 
correctly. This allows capacity to increase proportionally to the 

number of antennas at the base station and the number of users. 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 
 

 



 
 
 

 
 

We consider a MIMO system with a transmit array of MT antennas 
and a receive array of MR antennas. The block diagram of such a 

system is shown in Figure 1.5. The transmitted matrix is a MT * 1 
column matrix s where si is the ith component, transmitted from 

antenna i. We consider the channel to be a Gaussian channel such 
that the elements of s are considered to be independent identically 

Distributed Gaussian variables. If the channel is unknown at the 
transmitter, we assume that the signals transmitted from each 

antenna have equal powers of Es /MT. The covariance matrix for this 
transmitted signal is given by 

 
                           Rss = Es * IMT / MT 

 
where Es is the power across the transmitter irrespective of the 
number of antennas MT and IMT is an MT * MT identity matrix. The 

transmitted signal bandwidth is so narrow that its frequency 
response can be considered flat (i.e., the channel is memoryless). The 

channel matrix H is a MR * MT complex matrix. The component hi,j of 
the matrix is the fading coefficient from the jth transmit antenna to 

the ith receive antenna. We assume that the received power for each 
of the receive antennas is equal to the total transmitted power Es. 

This implies we ignore signal attenuation, antenna gains, and so on. 
                

                      
 

Figure 1.5 Block diagram of a MIMO system. 

1.5 MIMO System Model 
 

 
 

 



Thus we obtain the normalization constraint for the elements of H, 
for a deterministic channel as 

                      
If the channel elements are not deterministic but random, the 
normalization will apply to the expected value. We assume that the 

channel matrix is known at the receiver but unknown at the 
transmitter. The channel matrix can be estimated at the receiver by 

transmitting a training sequence. If we require the transmitter to 
know this channel, then we need to communicate this information to 

the transmitter via a feedback channel. The elements of H can be 
deterministic or random. 
 

The noise at the receiver is another column matrix of size MR* 1, 
denoted by n. The components of n are zero mean circularly 

symmetrical complex Gaussian (ZMCSCG) variables. The covariance 
matrix of the receiver noise is 

 

                                          
If there is no correlation between components of n, the covariance 

matrix is obtained as 

                                             
Each of the MR receive branches has identical noise power of N0 . 
 

The receiver operates on the maximum likelihood detection principle 
over MR receive antennas. The received signals constitute a MR* 1 

column matrix denoted by r, where each complex component refers 
to a receive antenna. Since we assumed that the total received power 

per antenna is equal to the total transmitted power, the SNR can be 
written as 

                                                  
 

 
Therefore, the received vector can be expressed as r = Hs + n 

 
The received signal covariance matrix defined as E {rrH}, is given by 

 
                                   Rrr = HRssHH   

    while the total signal power can be expressed as tr (Rrr ). 



 
 
 

 
The system capacity is defined as the maximum possible 

transmission rate such that the probability of error is arbitrarily 
small. We assume that the channel knowledge is unavailable at the 

transmitter and known only at the receiver. 
 

The capacity of MIMO channel is defined as 
                      

                                    
Where f (s) is the probability distribution of the vector s and I (s; y) is 

the mutual information between vectors s and y. We note that 
 

                             I (s; y) = H(y) - H(y | s) 
 

where H(y) is the differential entropy of the vector y, while H(y | s) is 

the conditional differential entropy of the vector y, given knowledge of 
the vector s. Since the vectors s and n are independent,  

H(y | s) = H(n).  
 

I (s; y) = H(y) - H(n) 
 

If we maximize the mutual information I (s; y) reduces to maximizing 
H(y). The covariance matrix of y,  

 
                          Ryy = ε {yyH}, satisfies 

 

                       
 

where Rss = ε {ssH}, is the covariance matrix of s.  
 

Among all vectors y with a given covariance matrix Ryy , the 
differential entropy H(y) is maximized when y is ZMCSCG. This 

implies that s must also be ZMCSCG vector, the distribution of which 
is completely characterized by Rss . The differential entropies of the 

vectors y and n are given by 
 

 

1.6 MIMO System Capacity 
 
 

 
 



                         
 
Therefore, I (s; y) 

                         
 
The capacity of the MIMO channel is given by 

                
 

 
The capacity C is also called error-free spectral efficiency or data rate 

per unit bandwidth that can be sustained reliably over the MIMO 
link. Thus if our bandwidth is W Hz, the maximum achievable data 

rate over this bandwidth using MIMO techniques is WC bit/s. 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 



 
 
 

 
If the channel is unknown to the transmitter, then the vector s is 

statistically independent (i.e., Rss = IMT). This implies that the signals 
are independent and the power is equally divided among the transmit 

antennas. The capacity in such a case is, 

                         
 
The reader is cautioned that this is not Shannon capacity since it is 

possible to outperform Rss = IMT, if one has the channel knowledge. 
Nevertheless we shall refer capacity. Now HHH is an MR * MR positive 

semidefinite Hermitian matrix. The eigen decomposition of such a 
matrix is given by QлQH, where Q is an MR * MR matrix satisfying 

QHQ = QQH = IMR and  
 

л = diag { λl λ2……. λMR } with λi  0. We assume that the eigen values 

are ordered so that λi  λi+1. Then  
 

 
 

                       

1.7 Channel Unknown to the Transmitter 
 
 

 
 



where r is the rank of the channel and λi (i = 1, 2, . . . , r) are the 
positive eigen values of HHH. Equation expresses the capacity of the 
MIMO channel as a sum of the capacities of r SISO channels, each 

having a power gain of λi (i = 1, 2, . . . , r) and transmit power Es /MT . 
 

This means that the technique of multiple antennas at the 
transmitter and receiver opens up multiple scalar spatial data pipes 

between the transmitter and receiver. Furthermore, equal transmit 
energy is allocated to each spatial data pipe. This is for the case 

when the channel is unknown at the transmitter. 
 

Then if the channel matrix is of full rank such that MT = MR = M, the 
capacity C is maximized when λi = λj = β/M (i, j = 1, 2. . . M) 

(Remember, the channel is unknown, so equal power distribution). 
To achieve this, HHH = HHH = (β /M) IM, (i.e., the channel matrix H 

should be orthogonal). This gives 
 

 
 

The capacity of an orthogonal MIMO channel is therefore M times the 
scalar channel capacity. 

 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

 
It is possible by various means, which will be discussed in Chapter 4, 

to learn the channel state information (CSI) at the transmitter. In 
such an event the capacity can be increased by resorting to the so-

called ‘‘water filling principle’’, by assigning various levels of 
transmitted power to various transmitting antennas. This power is 

assigned on the basis that the better the channel gets, the more 
power it gets and vice versa. This is an optimal energy allocation 

algorithm. 
 

Water-Pouring Principle 
Consider a MIMO channel where the channel parameters are 

known at the transmitter. The ‘‘water-pouring principle’’ or ‘‘water-
filling principle’’ can be derived by maximizing the MIMO channel 

capacity under the rule that more power is allocated to the channel 
that is in good condition and less or none at all to the bad channels. 
 

Consider a ZMCSCG signal vector ŝ of dimension r * 1 where r is the 
rank of the channel H to be transmitted. We note from Figure 1.6 

that the vector is multiplied by a matrix V prior to transmission 
(based on the fact that H = UƩVH through singular value 

decomposition). At the receiver, the received signal vector y is 
multiplied by the matrix UH. 

 
The input-output relationship for this operation is given by 

 

                                  
Where ŷ is the transformed received signal vector of size r *1 and ň is 
the ZMCSCG transformed noise vector of size r*1 with the covariance 

matrix ε {ňňH} = N0Ir .  
 

The vector ŝ satisfies є {ŝŝH} = MT to constrain the total transmit 
energy. Equation shows us that with channel knowledge at the 

transmitter, H can be explicitly decomposed into r parallel SISO 
channels satisfying 

 

1.8 Channel Known to the Transmitter 
 

 
 

 



                
 
 

The capacity of the MIMO channel is the sum of the individual 
parallel SISO channel capacities and is given by 

 
 

 
 

 
To maximize mutual information, the transmitter can access the 

individual subchannels and allocate variable power levels to them. 
Hence, the mutual information maximization problem becomes, 

 
            

 
 
 

Figure 1.6 Decomposition of H when the channel is known to the  
                 transmitter and receiver. 
 



           
 
We determine this optimal energy allocation iteratively through the 

‘‘water pouring algorithm’’. We set the iteration count p to 1 and 
calculate the constant μ 

 

 
 
If the power allotted to the channel with the lowest gain is negative 

(i.e., λr-p+1< 0), we discard this channel by setting γopt
r - p + 1 = 0 and 

rerun the algorithm with the iteration count p incremented by 2. The 

optimal power allocation strategy, therefore, allocates power to those 
spatial subchannels that are non-negative. Figure illustrates the 

water-pouring algorithm. Obviously, since this algorithm only 
concentrates on good-quality channels and rejects the bad ones 

during each channel realization, it is to be expected that this method 
yields a capacity that is equal or better than the situation when the 

channel is unknown to the transmitter. 
 

 
 



 
 

 

 
In a SIMO channel, MT = 1 and there are MR receive antennas. In 

such a case the channel matrix is a column matrix 
 

                    H = (h1 h2 . . . hMR)T 
 

where (.)T denotes matrix transpose. Since MR > MT, is modified as 
 

 
The system achieves a diversity gain of MR relative to the SISO case. 
For MR = 4 and SNR = 10 dB, the SIMO capacity is 5.258 bit/s/Hz. 

The addition of receive antennas yields a logarithmic increase in 
capacity in SIMO channels. Knowledge of the channel at the 

transmitter in this case provides no additional benefit. 
 
MISO Channel Capacity 

In MISO channels, MR = 1 and there are MT transmit antennas. 
In this case, since MT > MR . The channel is represented by the row 

matrix 
 

 
 

 

1.9 Capacity Of Deterministic Channels 
 

 
 

 



 
 

We note that the equation is the same as for a SISO case (i.e., the 
capacity did not increase with the number of antennas). This is for 

the case when the channel is unknown at the transmitter. The 
reason for this result is that there is no array gain at the transmitter 

because the transmitter has no knowledge of the channel 
parameters. Array gain is the average increase in the SNR at the 

receiver that arises from the coherent combining effect of multiple 
antennas at the receiver or transmitter or both. If the channel is 

known to the transmitter, the transmitter will weight the 
transmission with weights depending on the channel coefficients, so 
that there is coherent combining at the receiver (MISO case).  

 
If we take the case when the channel is known at the transmitter, we 

apply the equation. Since the channel matrix has rank 1, there is 
only one term in the sum in and only one nonzero eigen value given 

by 
 

 

 



                         
 

For MT = 4 and SNR = 10 dB, the MISO capacity is 5.258 bit/s/Hz. 
This is with channel knowledge at the transmitter. In both cases of 

SIMO and MISO there is only one spatial data pipe (i.e., the rank of 
the channel matrix is one). Basically, the channel matrix is a MR * MT 
matrix. In a MISO case, MR = 1 and in a SIMO case, MT = 1. In either 

case, the channel matrix has only one eigen value and its rank is 1.  
 

Physically, this means that there is only one route from transmitter 
to receiver for the signals to pass through. Hence, we have one data 

pipe. If we had MT = MR = 2, then we would have a MIMO case with a 
channel matrix of rank 2 and having two eigen values, hence, two 

routes from transmitter to receiver (i.e., we have two data pipes and 
so on). 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

We have until now discussed MIMO capacity when the channel is a 
deterministic channel. We now consider the case when H is chosen 

randomly according to a Rayleigh distribution in a quasi-static 
channel. This is a real-life situation encountered, for example, in 

wireless LANs with high data rates and low fade rates. We assume 
that the receiver has perfect knowledge of the channel and the 

transmitter has no knowledge of the channel. Since the channel is 
random, the information rate associated with it is also random. The 

cumulative distribution function (CDF) of the information rate of a 

flat fading MIMO channel is shown in Figure for a 2 2 system. The 
SNR is 10 dB and the channel is unknown to the transmitter. 

 

                
Figure 1.7 CDF of information rate for channel matrix with a 2 2  
                 system and SNR = 10 dB. 

 
The ergodic capacity of a MIMO channel is the ensemble average of 

the information rate over the distribution of the elements of the 
channel matrix H [7]. It is the capacity of the channel when every 

channel matrix H is an independent realization [i.e., it has no 
relationship to the previous matrix but is typically representative of 

it class (ergodic)]. This implies that it is a result of infinitely long 
measurements. 

1.10 Random Channels And Frequency Selective Channels 
 
 

 
 



Since the process model is ergodic, this implies that the coding is 
performed over an infinitely long interval. Hence, it is the Shannon 
capacity of the channel. Based on equation the ergodic capacity is 

expressed as 
 

                             
 

where ρ = Es/N0 . The expectation operator applies in this case 
because the channel is random. Since H is random, the information 

rate associated with it is also random. The CDF of the information 
rate is depicted in Figure 1.7. The ergodic capacity is the median of 

the CDF curve. In this case it is 7.0467 bit/s/Hz. Figure 1.8 shows 
the ergodic capacity over different system configurations as a 

function of ρ. We note that ergodic capacity increases with increasing 
ρ and with increasing MT and MR . 

 
Ergodic capacity when the channel is known to the transmitter is 
based on the water-filling algorithm and is given from  

 

              
Figure 1.8 Ergodic capacity for different antenna configurations with  

                MT = MR = M. 
 



                             
 
Equation is the ensemble average of the capacity achieved when the 

Water-filling optimization is performed for each realization of H. 
Figure shows the performance comparison of ergodic capacity of a 

MIMO channel with MT = MR = 4 when the channel is unknown to the 
transmitter and also when known and the channel is Rayleigh i.i.d. 

The ergodic capacity when the channel is known to the transmitter is 
always higher then when it is unknown. This advantage reduces at 

high SNRs. Another way of looking at this situation is to appreciate 
the fact that at high SNRs, all eigen channels perform equally well 

(i.e., there is no difference in quality between them). Hence, all the 
channels will perform to their capacities, making both cases nearly 

identical. 
 

Capacity of Frequency Selective MIMO Channels 
 

We now consider a real-life situation wherein the channel is not 
narrowband but frequency selective. Intuitively, subdividing the 

wideband channel into N narrowband ones, and then summing the 
capacities of these N frequency flat channels can achieve this. The 
bandwidth of each of these subchannels will be B/N Hz where B is 

the overall channel bandwidth. This is provided the coherent 
bandwidth of the channel permits this (i.e., it is more than or equal 

to B/N Hz), as otherwise the subchannels will not be frequency flat. 
We take the ith subchannel.  

 
The input-output relationship is defined as  

ri = Hi si + ni 
 

where ri is the MR1 received signal vector, si is the MT1 

transmitted signal vector and ni is the MR1  noise vector for the ith 
subchannel. Hence, for the overall wideband channel we deal with 
block matrixes as 

 



of S, constrained so that Tr(Rss) = NMT . This constrains the total 
average transmit power to Es .Capacity of such a channel is given by 
 

               
We now examine the two usual cases of when the channel is 
unknown to the transmitter and when it is known to the transmitter. 

 
Channel Unknown to the Transmitter 

In this case, we should choose Rss = IMTN , which implies that 
the covariance matrix is of full rank (no correlation) and this in turn 

means that transmit power is allocated evenly across space (transmit 
antennas) and frequency (subchannels). This yields a deterministic 

capacity of  

 
 
The outage capacity is similarly defined. However, this outage 

capacity will be much better (higher) than for the earlier examined 
cases of frequency flat channels (at low outage rates). This is due to 

the high amount of frequency diversity present in the frequency 
selective channel. This is manifest in Figure 1.9. 



In this Figure, as the number of narrowband channels increases, 
with increasing frequency selectivity, the outage capacity also rises 
proportionately because of rising frequency diversity. Hence, the 

more the frequency selectivity, the higher the outage capacity. Note 
also the tendency of the curve to flatten with rising frequency 

selectivity and rising N. This bears out the statement that as N , 

the capacity tends to a fixed value. This means that asymptotically 

(in N), the outage capacity of a sample realization of the frequency 

selective MIMO channel equals its ergodic capacity (because N 



             
 
Figure 1.9 Performance of frequency selectivity versus 10% outage  

                 capacity. 
 

Channel Known to the Transmitter 
 

The treatment regarding this case is similar as was done earlier 
for frequency flat channels. In this case, we need to distribute the 

energy or power across space (antennas) and frequency 
(subchannels) so as to maximize spectral efficiency. This is called 
space-frequency water-filling. Since water-filling is applicable only 

to purely orthogonal channels, it becomes necessary to achieve 
orthogonal channels by using OFDM techniques to convert a 

frequency select channel into a set of parallel frequency flat 
channels, which are orthogonal to each other. 

 



In such an event, if the composite channel H is known to the 
transmitter, the channel may be decomposed into r (H) space-
frequency modes, where r (A) of matrix A stands for rank. The 

capacity is then given by  
 

               
 

where λi (HHH) (i = 1, 2, . . . , r (H)) are the positive eigen values of  
HHH and γi is the energy allocated to the ith space-frequency 

subchannel. We can define ergodic and outage capacities of such 
channels, as was done earlier for frequency flat channels. 
 

POST TEST MCQ 
 

1. MIMO stands for _______ 
a) Many input many output 

b) Multiple input multiple output 
c) Major input minor output 

d) Minor input minor output 
 

2. MIMO was initially developed in the year __________ 
a) 1980 

b) 1990 
c) 1980 

d) 1975 
 

3. In MIMO, which factor has the greatest influence on data rates? 
a) The size of antenna 

b) The height of the antenna 
c) The number of transmit antennas 
d) The area of receive antennas 

 
4. MIMO technology makes advantage of a natural radio wave 

phenomenon called _________ 
a) Reflection 

b) Multipath 
c) Refraction 

d) Diffraction 
 



5. MIMO is a smart antenna technology. 
a) True 
b) False 

 
6. Water filling process is done at 

a)Receiver 
b) transmitter  

c) channel 
d) modulation 

 
7. In MIMO system the elements of H can be 

a)Random 
b) Deterministic  

c) random or deterministic 
d) none of the above 

 
8. In MIMO system, what is the value of "r" when the channel is 

unknown to the transmitter. 
a)Rate of matrix 
b) information rate  

c) rank of the channel 
d) none of the above 

 
9. Which of the following technology does not use MIMO? 

a) 4G 
b) Wifi 

c) WiMax 
d) AMPS 

 
10.Which of the following is not an advantage of digital 

modulation? 
 

a) Greater noise immunity 
b) Greater security 

c) Easier multiplexing 
d) Less bandwidth requirement 

 
 
 

 
 

 
 



CONCLUSION: 

Upon completion of this, Students should be able to 

 

 To understand the wireless communication and spectrum. 
 To understand the MIMO systems. 

 To understand about the channels. 
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ASSIGNMENT  
 

1. Derive the expression for capacity of MIMO systems. 
2. Explain the MIMO system model with neat diagram. 

3. Explain the capacity of system when the channel is known at 
the transmitter. 

4. Explain the capacity of system when the channel is unknown at 
the transmitter. 

5. Derive the expression for Capacity of Frequency selective MIMO 
Channel. 

 
 

 
 

 
 

 
 

 
 
 

 
 

 



 
 
 

 
AIM & OBJECTIVES  

 
 To understand the fundamental concepts of Propagation. 

 To understand fading techniques and its types. 
 To understand about Antenna Diversity 

 
PRE-TEST MCQ 

 
1: Mathematical prediction of radio waves was done by 

a. Einstein 
b. Hertz 

c. Faraday 
d. Maxwell 

2: The electric field and magnetic field of a radio wave are 

a. Perpendicular to each other 
b. Perpendicular to the direction of propagation 

c. Both a and b 
d. None of the above 

3: The speed of radio wave in free space is 

a. 3 x 106 metres/second 

b. 3 x 108 metres/second 
c. 3 x 106 miles/second 
d. 3 x 108 miles/second 

4: Radio waves would strongly reflect off 

a. A flat insulating surface of the right size 
b. A flat metallic surface of the right size 
c. A flat dielectric surface of the right size 

d. A flat body of water 

5: Radio waves sometimes bend around the corners due to 

a. Reflection 
b. Diffusion 

UNIT-2 RADIO WAVE PROPAGATION 
 



c. Refraction 
d. Diffraction 

6: Which of the following is the phenomenon caused when Radio 
waves travel in two or more paths during propagation and produce 

slowly-changing phase differences between signals? 

a. Absorption 
b. Fading 
c. Baffling 

d. skip 

7: High-frequency long-distance propagation mostly depends on 

a. Ionospheric reflection 
b. Tropospheric reflection 

c. Ground reflection 
d. Inverted reflection 

8: What is the distance from the far end of the ground wave to the 
nearest point where the sky wave returns to earth called? 

a. Angle of radiation 

b. maximum usable frequency 
c. Skip distance 
d. Skip zone 

9: Which of the following are electromagnetic 

a. Radio waves 
b. Light 
c. Gamma waves 

d. All the above 

10: The radio waves were demonstrated experimentally by 

a. Hertz 
b. Maxwell 
c. Marconi 

d. Armstrong 

PRE- REQUISITE:    Basic knowledge of Wireless Communication 

 
 

 



 
 
 

 
The mobile radio channel experiences a lot of limitations on the 

performance of wireless systems. The transmission path can vary 
from line-of-sight to one severely obstructed by buildings and foliage. 

Unlike wired channels, radio channels are extremely random and do 
not offer easy analysis. The speed of motion, for example, impacts on 

how the signal level fades as the mobile terminal moves in space. 
This modeling is therefore based more on statistics and requires 

specific measurements for an intended communication system. 
 

Broadly the mechanics of electromagnetic wave propagation are 
confined to reflection, diffraction, and scattering. 

Reflection, diffraction, and scattering are the three basic propagation 
mechanisms for radio waves. Received power (or its reciprocal, path 

loss) is generally the most important parameter predicted by large-
scale propagation models and is based on these three phenomena. 
This is also applicable to small-scale fading and multipath 

propagation. 
 

Reflection 
This occurs when electromagnetic waves bounce off objects whose 

dimensions are large compared with the wavelength of the 
propagating wave. They usually occur from the surface of the earth 

and off buildings and walls. A radio wave, when propagating in one 
medium, impinges on another medium with different electrical 

properties and is partially transmitted and reflected. The plane wave 
is incident on a perfect dielectric, part of the energy is transmitted 

into the second medium and part is reflected back into the first 
medium without any loss of energy in absorption. If the second 

medium is a perfect conductor then all of the incident energy is 
reflected back into the first medium without loss of energy. The 

electric field intensity of the reflected and transmitted waves may be 
related to the incident wave in the medium of origin through the 

Fresnel reflection coefficient. This reflection coefficient is a function of 
the material properties and generally depends on the wave 

polarization, angle of incidence, and frequency of the propagating 
wave. 
 

 
 

2.1 Radio Wave Propagation 

 
 



Diffraction 
Diffraction allows radio signals to propagate around the curved 

surface of the earth, beyond the horizon, and behind obstructions. 

The received field strength decreases rapidly as a receiver moves 
deeper into the obstructed (shadowed) region and is usually of 

enough intensity so as to produce a discernable signal. The 
phenomenon of diffraction can be explained by the Huygens 

principle, which states that all points on a wavefront can be 
considered as point sources for the production of secondary wavelets 

and that these secondary wavelets combine to produce a new 
wavefront in the direction of propagation. Diffraction is caused by the 

propagation of secondary wavelets into a shadowed region. The field 
strength of a diffracted wave in the shadowed region is the vector 

sum of the electric field components of all the secondary wavelets in 
the space around the obstacle. 

 
Scattering 

The actual received signal in a mobile radio environment is 
often stronger than what is predicted by reflection and diffraction 
models alone. This occurs because when a radio wave impinges on a 

rough surface, the reflected energy is spread out (diffused) in all 
directions due to scattering. Objects such as lampposts and trees 

tend to scatter energy in all directions, thereby providing additional 
radio energy at the receiver. 

 
Sometimes reflection, diffraction and scattering are collectively 

referred to as scattering. Cellular systems usually operate in urban 
areas, where there is no direct line of- sight path between the 

transmitter and receiver and where high-rise buildings cause severe 
diffraction loss. Multiple reflections from various objects cause the 

electromagnetic waves to travel along different paths of varying 
lengths. The interaction between these waves causes multipath 

fading at a given location, because their phases are such that 
sometimes they add and sometimes they subtract (fade). The 

strengths of these waves slowly reduce with distance from the 
transmitter. 

 
Propagation models based on average-received signal strength at a 
given distance from the transmitter are useful to estimate a radio 

coverage area and are called large-scale propagation models or 
macroscopic fading models.  

 
 



They are characterized by a large separation—usually a few 
kilometers—between the transmitter and receiver. On the other 
hand, propagation models that characterize the rapid fluctuations of 

the received signal strength over very short distances (a few 
wavelengths) or short time durations (on the order of seconds) are 

called smallscale fading models or microscopic fading models. The 
latter gives rise to rapid fluctuations as the mobile moves over short 

distances and the received power sometimes varies as much as 30 to 
40 dB when the receiver moves only a fraction of a wavelength.  

 
Large-scale fading is manifest when the mobile moves over larger 

distances, causing the local average signal level to gradually 
decrease. It is this local average signal level that is predicted by 

large-scale propagation models. Typically, the local average-received 
power is measured by averaging signal measurements over a 

measurement track of 5λ to 40λ.  
 

For cellular frequencies in the 1-to 2-GHz band, this works out to 
movements of 1 to 10m. Figure shows an example of small-scale 

fading and large-scale fading. Small-scale fading movements are 
rapid fluctuations, whereas large-scale fading movements are much 
slower average changes in signal strength. The statistical distribution 

of this mean is influenced by parameters like frequency, antenna 
heights, environments and so on. However, it has been observed that 

the received power averaged over microscopic fading approaches a 
normal distribution when plotted on a logarithmic scale (i.e., in 

decibels) and is called log-normal distribution.  
 

It is given by 

                           
In this equation x is in decibels and is a random variable 
representing the long-term signal power level fluctuation; μ and  

are, respectively, the mean and standard deviation of x expressed in 
decibels. μ is the path loss described earlier. A typical value for  is 8 

dB. 
 
 

 
 

 



 
 

 

Large-Scale Fading or Macroscopic Fading 
 

Free-Space Propagation Model 
If there is a clear unobstructed line-of-sight path between the 

transmitter and receiver, then we resort to the free-space propagation 
model. Satellite communication systems and microwave line-of-sight 

radio links undergo free-space propagation. In this model, the power 
is presumed to decay with distance from the transmitter according to 

some power law, usually as square of the distance from the 
transmitter. The free-space power received by an antenna at a 

distance d from the transmitter is given by, 
 

                       
where Pt is the transmitted power, Pr (d) is the received power as a 
function of the separation distance d in meters, G1 is the transmit 

antenna gain, G2 is the receive antenna gain, L is the system loss not 
related to propagation (L ≥1) and l is the wavelength in meters. The 

gain of an antenna is related to its effective aperture by 
 

 
 

where f is the carrier frequency in Hz and c is the speed of light in 
meters/sec (3*108 m/sec). The values of Pt and Pr must be expressed 

in identical units and Gt and Gr are dimensionless quantities. The 
miscellaneous losses (L ≥1) are usually due to transmission line 

attenuation (plumbing losses), filter losses, and antenna losses in the 
communication system. L = 1 indicates no losses in the system 

hardware. 

2.2 Macroscopic Fading - Free Space and Out Door, Small Scale Fading 

 
 



 
Equation shows that the received power falls off as the square of the 
separation distance d. This implies that the received power decays 

with distance at a rate of 20dB/decade. We define an isotropic 
radiator as an ideal antenna that radiates power with unit gain 

uniformly in all directions and is often used as a reference antenna 
gain in wireless systems.  

 
The effective isotropic radiated power (EIRP) is defined as 

                    EIRP = Pt Gt 
 

and represents the maximum radiated power available from a 
transmitter in the direction of maximum antenna gain compared 

with an isotropic radiator. In practice, antenna gains are given in 
units of dBi (dB gain with respect to an isotropic antenna). 

 
The path loss, which is the amount of attenuation suffered by the 

signal in dBs, is defined as the difference (in dB) between the 
transmitted power and the received power and is given by 
 

              
 

It is important to note that the free-space model is only applicable in 
the so called far-field region of the transmitting antenna or in the 

Fraunhofer region and is defined as 
 

                                      
 
where D is the largest physical linear dimension of the antenna (e.g., 

the length of a rectangular array antenna). We note that the equation 
does not hold for d = 0. Hence, largescale propagation models use a 
close-in distance, d0 , as a known received power reference point. The 

received power at any distance d > d0 may then be related to Pr and 
d0.The value Pr (d0) may be predicted from the equation by 

extrapolation or may be measured in the radio environment by 
taking the average received power at many points located at a close-

in radial distance d0 from the transmitter.  



The reference distance must be so chosen that it lies in the far-field 
(i.e.,d0 ≥ df) and d0 is chosen to be smaller than any practical distance 
used in the mobile communication system. Thus from the equation, 

the received power in free space at a distance greater than d0 is given 
by 

                  
In mobile radio systems, Pr changes by many orders of magnitude 

over a typical coverage area of several square kilometers. In view of 
this very large dynamic range of received power levels, dBm or dBW 

units are used to express received power levels. dBm is the power in 
dBs referred to one milliwatt. dBW is the power in dBs referred to 

one watt. For example, 
 

          
 

where Pr (d0) is in watts. The reference distance d0 for practical 
systems using low-gain antennas in the 1–2 GHz region is typically 

1m in indoor environments and 100m or 1 Km in outdoor 
environments, so that the numerator is a multiple of 10. This makes 

loss computations easy in dB units. 
 

Outdoor Propagation Models 
 

Free-space propagation is rarely encountered in real-life 
situations. In reality, we need to take into account the terrain profile 

in a particular area for estimating path loss. The terrain may vary 
from a simple curved earth profile to a highly mountainous profile. 
The presence of trees, buildings, and other obstacles must be taken 

into account. A number of propagation models are available to 
predict path loss over irregular terrain. These models differ in their 

ability to predict signal strength at a particular receiving point or in a 
specific local area (called a sector) because their approach is different 

and their results vary in terms of accuracy and complexity. These 
models are based on iterative experiments conducted over a period of 

time by measuring data in a specific area.  
 

We discuss two such well known models. 



Okumura Model 
This is a widely used model for signal prediction in an urban 

area. It is applicable for frequencies in the range of 150 to 1,920 MHz 

and can be extrapolated up to 3 GHz and distances of 1 to 100 Km. It 
can be used for base station antenna heights ranging from 30 to 

1,000m. Okumura developed a set of curves giving the median 
attenuation relative to free space (Amu) in an urban area over a quasi-

smooth terrain with a base station effective antenna height (hte) of 
200m and a mobile antenna height (hre ) of 3m. These curves were 

developed from extensive measurements using vertical omni 
directional antennas at both base and mobile and are plotted as a 

function of frequency in the range 100 to 1,920 MHz and as a 
function of distance from the base station in the range of 1 to 100 

Km. To use these curves, we first determine the free-space path loss 
between the points of interest and then the value of Amu(f , d) (as read 

from the curves) is added to it along with correction factors to 
account for the type of terrain.  

The model is expressed as 
 
               L50 (dB) = LF + Amu ( f , d) - G(hte ) - G(hre ) - GAREA 

 

 where L50 is the 50th percentile (i.e., median) value of propagation 

path loss, LF is the free-space propagation loss, Amu is the median 
attenuation relative to free space, G(hte ) is the base station antenna 

height gain factor, G(hre ) is the mobile antenna height gain factor, 
and GAREA is the gain due to the type of environment. The antenna 

height gains are strictly a function of height and have nothing to do 
with the antenna patterns. 

 
Plots of Amu (f,d) and GAREA for a wide range of frequencies are shown. 

Moreover, Okumura determined that G(hte ) varies at a rate of 20 
dB/decade and G(hre ) varies at a rate of 10 dB/decade for heights of 

less than 3m. 

                        



 
Other corrections may also be applied to Okumura’s model. Some of 
these are terrain undulation height (∆h), isolated ridge height, 

average slope of the terrain, and the mixed land-sea parameter. Once 
the terrain-related parameters are calculated, the necessary 

correction factors can be added or subtracted as required. All these 
correction factors are also available as Okumura curves. 

Okumura’s model is completely based on measured data and there is 
no analysis to justify it. All extrapolations to these curves for other 

conditions are highly subjective. 
 

           
Figure 2.1 Median attenuation relative to free space (Amu (f,d)) over a  
                 quasi-smooth terrain. 

 
 

 
 



           
 

Figure 2.2 Correction factor GAREA for different types of terrain. 

 
 

Yet it is considered the simplest and best in terms of accuracy in 
path loss prediction for cellular systems in a cluttered environment. 

It has become a standard in Japan.  
 

The major disadvantage is its slow response to rapid changes in 
terrain. Hence, it is not so good in rural areas. Common standard 
deviations between predicted and measured path loss values are 

around 10 dB to 14 dB. 
 

Hata Model 
The Hata model is an empirical formulation of the graphical 

path loss data provided by Okumura and is valid from 150 to 1,500 
MHz. Hata presented the loss as a standard formula and supplied 

correction equations for application to other situations. 
 

 



The standard formula for median path loss in urban areas is given by  
 
L50 (urban) (dB) = 69.55 + 26.16 log fc - 13.82 log hte – a (hre) +  

                            (44.9 - 6.55 log hte ) log d 
 

Where fc is the frequency in MHz from 150 to 1,500 MHz, hte is the 
effective transmitter (base station) antenna height (in meters) ranging 

from 30 to 200m, hre is the effective receiver (mobile) antenna height 
(in meters) ranging from 1 to 10m, d is the T-R separation distance 

(in Km), and a(hre ) is the correction factor for effective mobile 
antenna height, which is a function of the size of the coverage area.  

 
For a small to medium-sized city, the correction factor is given by 

 
           a(hre ) = (1.1 log fc - 0.7)hre - (1.56 log fc - 0.8) dB 

 
and for a large city, 

 
    a(hre ) = 8.29(log 1.54hre )2 - 1.1 dB for fc  300 MHz  
 

     a(hre ) = 3.2(log 11.75hre )2 - 4.97 dB for fc  300 MHz  
 

To obtain the path loss in a suburban area, the standard Hata 
formula is modified as 

 
L50 (dB) = L50 (urban) - 2[log (fc /28)]2 - 5.4  

 
and for path loss in open rural areas, the formula is modified as 

 
L50 (dB) = L50 (urban) - 4.78(log fc )2 + 18.33 log fc - 40.94 

 
The predictions of Hata’s model compare very closely with the 

original Okumura model, if d exceeds 1 Km. This model is well-suited 
to large cell mobile systems. 

 
Small-Scale Fading 

Small-scale fading or simply fading is used to describe the rapid 
fluctuations of the amplitude, phases, or multipath delays of a radio 
signal over a short period of time or travel distance, so that large-

scale path loss effects may be ignored. Fading is caused by a number 
of signals (two or more) arriving at the reception point through 

different paths, giving rise to constructive (strengthening) vectorial 
summing of the signal or destructive (weakening) vectorial 



subtraction of the signals, depending on their phase and amplitude 
values. These different signals other than the main signal are called 
multipath waves. 

 
Multipath in a radio channel creates small-scale fading effects. These 

effects are commonly characterized as causing: 
 

 Rapid changes in signal strength over a small travel distance or 
time interval. 

 Random frequency modulation due to varying Doppler shifts on 

different multipaths. 

 Time dispersion (echoes) caused by multipath propagation 
delays. 

 
Even when a line-of-sight exists, multipath still occurs due to 

reflections from the ground or surrounding structures. Assume that 
there is no moving object in the channel. In such a case, fading is 
purely a spatial phenomenon. The signals add or subtract, creating 

standing waves in the area where the mobile is located. 
In such a case, as the mobile moves, it encounters temporal fading 

as it moves through the multipath field. In a more serious case, the 
mobile may stop at a particular point at which the received signal is 

in deep fade. Maintaining good communication in that case becomes 
very difficult. It can only be countered using diversity techniques. 

 
Microscopic Fading 

Microscopic fading refers to the rapid fluctuations of the 
received signal in space, time, and frequency and is caused by the 

signal scattering off objects between the transmitter and receiver. 
Since this fading is a superposition of a large number of independent 

scattered components, then by the central limit theorem, the 
components of the received signal can be assumed to be independent 

zero mean Gaussian processes. The envelope of the received signal is 
consequently Rayleigh distributed and is given by 

                          
where Ω is the average received power and u(x) is the unit step 
function defined as 



                               
If there is a direct LOS path between the transmitter and receiver, 

the signal envelope is no longer Rayleigh and the distribution of the 
signal is Ricean. The Ricean distribution is often defined in terms of 

the Ricean factor, K, which is the ratio of the power in the mean 
component of the channel to the power in the scattered component. 

The Ricean PDF of the envelope is given by 

 
where I0 is the zero-order modified Bessel function of the first kind 
defined as 

                               
In the absence of a direct path, K = 0 and the Ricean PDF reduces to 
Rayleigh PDF, since I0 (0) = 1. Figure shows the combined effects of 

path loss and macroscopic and microscopic fading on received power 
in a wireless channel. We note from Figure that the mean 

propagation loss increases monotonically with range. Local 
deviations from this mean occur due to macroscopic and microscopic 

fading. 

 
 

Figure 2.3 Signal power fluctuation versus range in wireless  
                 channels 



There are three types of microscopic fading : 
 
· Doppler spread-time selective fading; 

· Delay spread-frequency selective fading; 
· Angle spread-space selective fading. 

 
Doppler Spread-Time Selective Fading 

Time varying fading due to the motion of a scatterer or the 
motion of a transmitter or receiver or both results in Doppler spread. 

The term spread is used to denote the fact that a pure tone frequency 
fc in hertz spreads across a finite bandwidth (fc ± fmax). There is a 

direct relationship between the autocorrelation function of a signal 
and its spectrum and is defined by the Wiener-Khinchin equations. 

The Fourier transform of the time autocorrelation of the channel 
response to a continuous wave (CW) tone is defined as Doppler power 

spectrum. 
The Doppler shift of the received signal denoted by fd is given by 

                         
Where v is the velocity of the moving object (or vehicle speed, if we 
are talking about static scatterers and a moving vehicle), u is the 

relative angle between the moving object and the point of reception of 
the Doppler signal, and c is the speed of light. Obviously, the 

maximum Doppler will be received at a relative angle of 0° (i.e., when 
the moving object is ahead or astern). The root mean square (RMS) 

bandwidth of ψDo ( f ) is called the Doppler spread and is given by 
 

 
 



In LOS cases the spectrum is modified by an additional discrete 
frequency component given by fd. We define coherence time of the 
channel as 

                                     
 

Where Tc is defined as the time lag for which the signal 
autocorrelation coefficient reduces to 0.7. It serves as a measure of 

how fast the channel changes in time, implying that the larger the 
coherence time, the slower the channel fluctuation. 

 
Delay Spread-Frequency Selective Fading 

The small-scale variations of a mobile radio signal can be 

directly related to the impulse response of the mobile radio channel. 
This stems from the fact that a mobile radio channel may be modeled 

as a linear filter with a time varying impulse response, where the 
time variation is due to receiver motion in space. The filtering nature 

of the channel is caused by the summation of amplitudes and delays 
of the multiple arriving waves at any instant of time. Therefore, the 

impulse response is a useful characterization of the channel because 
it can be used to predict and compare the performance of many 

different mobile communication systems and transmission 
bandwidths for a particular channel condition. 

 
To compare different multipath channels and develop some general 

design guidelines for wireless systems, certain parameters were 
decided on as benchmarks to quantify the multipath channel. These 

parameters are the mean excess delay, RMS delay spread, and 
excess delay spread and they can be determined from the 

power delay profile.  
 
Mean excess delay: The mean excess delay is the first moment of the 

power delay profile and is defined as 
 

                                 
 



RMS delay spread: The RMS delay spread is the square root of the 
second central moment of the power delay profile and is defined as 

                                    

 
 

These delays are measured relative to the first detectable signal 
arriving at the receiver at t0=0. Equations do not rely on the absolute 

power level of P(t ), but only on the relative amplitudes of the 
multipath components within P(t ). Typical values of RMS delay 

spread are on the order of microseconds in outdoor mobile radio 
channels and on the order of nanoseconds in indoor radio channels. 

 
Angle Spread-Space Selective Fading 

  Angle spread at the receiver refers to the angle of arrival (AOA) 
of the multipath components at the receive antenna. Similarly, the 

angle of departure (AOD) from the transmitter of the multipath that 
reaches the receiver is called the angle spread at the transmitter. We 
denote AOA by u and the rest of the analysis is as was done for delay 

spread, the only difference being that instead of t we substitute u. 
The terminology now becomes RMS angle spread and is given by 

 
 

The RMS angle spread is measured similar to the RMS delay spread. 
These angles are measured relative to the first detectable signal 

arriving at the receiver at θ0 = 0. 
 



 
 
 

 
Microscopic Fading Measurements 

We have by now become well acquainted with the importance of 
channel measurements in wireless communications and the need to 

determine the microscopic fading parameters in a radio channel. We 
will now examine briefly three important channel sounding 

techniques to achieve this. These are: 
 

· Direct pulse measurements. 
· Spread-spectrum sliding correlator measurements. 

· Swept frequency measurements. 
 

Direct Pulse Measurements 
This technique enables engineers to rapidly determine the 

power delay profile of the channel. Basically we generate a pulse 
train of narrowband pulses of width Tp. These pulses are then 
received by a receiver that has a bandpass filter at its input of 

bandwidth BW = 2/Tp. The signal is then amplified, envelope 
detected, and given to a storage oscilloscope. This gives an immediate 

measurement of the square of the channel impulse response 
(envelope detection) convolved with the probing pulse. If the 

oscilloscope is set on averaging mode, we obtain the average power 
delay profile of the channel. The advantage here is that the system is 

not complex. The minimum resolvable delay between multipath 
components is equal to the probing pulse width Tp.  

 
Due to the wideband input filter, the system is subject to a lot on 

noise. Also, the pulse system relies on the ability to trigger the 
oscilloscope on the first arriving signal. If this signal is in deep fade, 

the system may not trigger properly. In addition, the phase of the 
multipath components is lost due to the envelope detector. This 

problem can be solved by using a coherent detector. 
 

 
Spread-Spectrum Sliding Correlator Channel Sounding 

The following Figure describes a spread-spectrum channel 

impulse response measurement system. In the previous effort, we 
saw that if the first trigger is not available 

 
 

2.3 Microscopic Fading Measurements And Its Types 



 
 
Figure 2.4 Spread-spectrum channel impulse response measurement  

                system 
 

due to deep fades, the system fails. The problem is further 
compounded by the fact that the input filter, being wideband, lets 

noise into the system. To counter this, the spread-spectrum system 
was developed. The idea here is to ‘‘spread’’ the carrier signal over a 

wide bandwidth by mixing it with a binary pseudonoise (PN) 
sequence having chip duration Tc and a chip-rate Rc equal to 1/Tc Hz. 
The power spectrum envelope of the transmitted signal is given by 

 

 
 
The signal is then transmitted and at the receiver the reverse 

operation takes place (i.e., it is ‘‘despread’’ using the same PN 



sequence). However, there is a nuance here. The transmitted PN 
sequence is at a slightly higher rate than the PN sequence at the 
receiver. This causes the window to ‘‘slide’’ at the receiver at the 

difference frequency given by 
 

           
 

Mixing the chip sequence in this fashion gives rise to a ‘‘sliding 
correlator.’’ Therefore, as the delayed multipaths arrive one after the 

other, they are reflected as peaks on the power delay profile. The PN 
sequences are selected to have good autocorrelation and cross-

correlation properties. This implies that ‘‘own’’ sequence (the true 
signal) will give rise to a maximum peak signal and the rest will be 

treated as ‘‘noise’’ and be spread throughout the bandwidth. In this 
way the narrowband filter that follows the correlator can reject 

almost the entire incoming signal power. 
Hence, the wideband input filter problem, as was noted in the 

previous method, is absent. This type of processing results in 
processing gain and is given by 

                          
where Tp = 1/Rp is the period of the baseband information and SNR 
is signal-to noise ratio. 
 

Since the incoming spread-spectrum signal is mixed with a receiver 
PN sequence that is slower than the transmitter PN sequence, the 

signal is essentially downconverted to a low-frequency narrowband 
signal. Hence, the relative rates of the two codes slipping past each 

other is the rate of information transferred to the oscilloscope. This 
narrowband signal allows narrowband processing, eliminating much 

of the passband noise and interference.  
 

 



The processing gain is then realized using a narrowband filter  
(BW = 2( - β)). 
 

The equivalent time measurements refer to the relative times of 
multipath components as they are displayed on the oscilloscope. The 

observed time scale on the oscilloscope using a sliding correlator is 
related to the actual propagation time scale by 

              
This effect is due to the relative rate of information transfer to the 
sliding correlator and must be kept in mind when measuring. This 

effect is known as time dilation. The length of the PN sequence must 
be greater than the longest multipath propagation delay; otherwise, 
these delays will be missed out. 

 
The advantages of this system are: 

 

 Passband noise is rejected. 

 Transmitter and receiver synchronization problem is eliminated 

by  the sliding correlator. 

 Sensitivity is adjustable by changing the sliding factor and the 
postcorrelator filter bandwidth. 

 Required transmitter powers can be considerably lower than      
comparable direct pulse systems due to the inherent 
‘‘processing gain’’ of the spreadspectrum systems. 

 
The disadvantages are: 

 

 The measurements are not made in real time, unlike in direct 
pulse systems, because they are compiled as the PN codes slide 

past each other. 

 Time taken to measure the channel is very high. 

 Phase measurement is not possible because the detector is 
noncoherent.  

 
Frequency Domain Channel Sounding 

The following Figure shows the frequency domain channel 
impulse response measurement system. This method exploits the 

dual relationship between time domain and frequency domain. In 
this case we measure the channel in the frequency domain and then 

convert it into time domain impulse response by taking its inverse 



discrete Fourier transform (IDFT). A vector network analyzer controls 
a swept frequency synthesizer. An S-parameter test set is used to 
monitor the frequency response of the channel.  

                
Figure2.5 Frequency domain channel impulse response  

                measurement system. 
 

The sweeper scans a particular frequency band, centered on the 
carrier, by stepping through discrete frequencies. The number and 

spacing of the frequency step impacts the time resolution of the 
impulse response measurement. For each frequency step, the S-
parameter test set transmits a known signal level at port 1 and 

monitors the received signal at port 2. These signals allow the 
analyzer to measure the complex response, S21 (ω), of the channel 

over the measured frequency range. The S21 (ω) measure is the 
measure of the signal flow from transmitter antenna to receiver 

antenna (i.e., the channel). This technique works well and indirectly 
provides amplitude and phase information in the time domain. 

However, it requires careful calibration and hard-wired 
synchronization between the transmitter and receiver, making it 

suitable only for indoor channel measurements. This system is also 
nonreal-time. Hence, it is not suitable for time-varying channels 

unless the sweep times are fast enough. 
 

 



 
 
 

 
Antenna Diversity 

 
Diversity Combining Methods 

In first chapter itself, we examined the advantages of diversity 
and how it helps to combat fading. In this chapter we examine 

diversity combining techniques for SIMO channels. 
There are three principal methods—selection combining, maximal 

ratio combining, and equal gain combining. 
 

Selection Combining 
This is the simplest combining method. Consider a MR receiver 

system. In this method, we select the signal coming into each of the 
MR antennas that has the highest instantaneous SNR at every 

symbol interval. This makes the output of the combiner equal to that 
of the best incoming signal. The advantage here is that this method 
does not require any additional RF receiver chain. In other words, all 

receive antennas share a single RF receiver chain. This keeps the 
cost down. In practice the strongest signals are selected [i.e., signals 

with the highest (S + N)/N ratio] because it is difficult to measure 
SNR alone. Consider MR independent Rayleigh fading channels 

available at the receiver. Each channel is called a diversity branch. 
Assume that each branch has an average SNR, η, given by 

 
 

The probability that the SNR for the ith receive antenna is lower than 
a threshold v is given by 

                                    
 

2.4 Antenna Diversity – Diversity combining methods 



where fγi () denotes the probability density function of γi , which is 
assumed to be the same for all antennas. If we have MR independent 
receive antennas, the probability that all of them have an SNR below 

the threshold v is given by 

              
 

and this decreases as MR increases.  
This is also the CDF of the random variable 

                                
 
Maximal Ratio Combining 

In maximal ratio combining (MRC), the signals from all of the MR 
branches are weighted according to their individual SNRs and then 

summed. Here the individual signals need to be brought into phase 
alignment before summing. This implies individual RF receiver 

tracts. If the signals are ri from each branch, and each branch has a 
gain Gi , then 

                                 
where ri = hisi + vi , si = 2Es being the transmitted signal, vi is the 
noise in each branch with a power spectral density of 2N0 and hi is 
the channel coefficient. 

 

                         
 
The power spectral density of the noise after MRC is given by 

 

                              
 
The instantaneous signal energy is 



 
 

Equal Gain Combining 
It is the same as MRC but with equal weighting for all branches. 

Hence, in this sense it is suboptimal. The performance is marginally 
inferior to MRC, but the complexities of implementation are much 

less. 
 

POST TEST MCQ 
 

1. Space wave propagates at which frequency band? 

a) VHF 

b) HF 

c) MF 

d) EHF 

 

 
 

 



 
2. Communication through LOS can be increased by decreasing 

the height of antenna. 

a) True 

b) False 

 
 

3. In which of the following mode of propagation the waves are 

guided along the surface of the earth? 

a) Ground wave 

b) Sky wave 

c) LOS 

d) Space wave 

 

4. Which factor influence the small scale fading? 

a) multipath propagation 

b) speed of mobile 

c) speed of surrounding objects 

d) all the above 

 
5. The ground wave propagation uses horizontal polarized 

antennas 

a) True 

b) False 

 
6. The field strength of the wave at a unit distance from 

transmitting antenna depends on _____ 

a) only the power radiated by the transmitting antenna 

b) only on the power received by the receiving antenna 

c) only on directivity of antenna in vertical and horizontal 

planes 

d) both on the power radiated by the transmitting antenna 

& directivity in vertical and horizontal planes 

 

 



7. The field strength of the surface wave of flat earth is given by 

a) E=AE0/d 

b) E=AE0/λ 

c) E=dE0/A 

d) E=λE0/A 

 
8. On which of the following factors does the LOS distance 

depends? 

a) Height of receiving antenna alone 

b) Height of transmitting antenna alone 

c) Only on height of transmitting and receiving antenna 

d) On height of transmitting and receiving antenna and 

effective earths radius factor k 

 

9. On which of the following the refractivity depends on? 

a) Air pressure 

b) Water pressure 

c) Temperature 

d) Air pressure, water pressure and temperature 

 

10. The height at a point above the earth’s surface at which the 
wave bends down to the earth is called  

a) Actual height 
b) Virtual height 
c) Skip distance 

d) Distance of separation between transmitter and antenna 
 

 
 

CONCLUSION: 

Upon completion of this, Students should be able to 

 
 Understand the propagation models. 

 Understand the fading and its types. 
 Understand about the Antenna Diversity. 
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ASSIGNMENT  
 

 
1. Explain radio wave propagation with neat diagram. 

2. Explain the free space and outdoor fading. 
3. Explain about the Fading Measurements. 

4. Explain the Antenna diversity methods. 
 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 



 
 
 

AIM & OBJECTIVES  
 

 To understand the Space time block codes. 
 To understand delay diversity. 

 To understand transmit diversity and decoding. 
 

PRE-TEST MCQ 
 

1. Space wave propagates at which frequency band? 

a) VHF 

b) HF 

c) MF 

d) EHF 

 

2. Communication through LOS can be increased by decreasing 

the height of antenna. 

a) True 

b) False 

 
3. In which of the following mode of propagation the waves are 

guided along the surface of the earth? 

a) Ground wave 

b) Sky wave 

c) LOS 

d) Space wave 

 

4. Which factor influence the small scale fading? 

a) multipath propagation 

b) speed of mobile 

c) speed of surrounding objects 

d) all the above 

 
5. The ground wave propagation uses horizontal polarized 

antennas 

a) True 

b) False 

UNIT-3 Space-Time Block Coding 
 



6. The field strength of the wave at a unit distance from 

transmitting antenna depends on _____ 

a) only the power radiated by the transmitting antenna 

b) only on the power received by the receiving antenna 

c) only on directivity of antenna in vertical and horizontal plane 

d) both on the power radiated by the transmitting antenna 

& directivity in vertical and horizontal planes 

 

7. The field strength of the surface wave of flat earth is given by 

a) E=AE0/d 

b) E=AE0/λ 

c) E=dE0/A 

d) E=λE0/A 

 

8. On which of the following factors does the LOS distance 

depends? 

a) Height of receiving antenna alone 

b) Height of transmitting antenna alone 

c) Only on height of transmitting and receiving antenna 

d) On height of transmitting and receiving antenna and 

effective earths radius factor k 

 
9. On which of the following the refractivity depends on? 

a) Air pressure 

b) Water pressure 

c) Temperature 

d) Air pressure, water pressure and temperature 

 

10.The height at a point above the earth’s surface at which the wave 
bends down to the earth is called  

a) Actual height 
b) Virtual height 

c) Skip distance 
d) Distance of separation between transmitter and antenna 

 
PRE- REQUISITE:    Basic knowledge of Wireless Communication 

 



 
 
 

 
Introduction 

Space-time block coding is a simple yet ingenious transmit 
diversity technique in MIMO technology. We shall now discuss space-

time block codes (STBC) and evaluate their performance in MIMO 
fading channels. We shall first examine the Alamouti code, which 

started it all. Basically Alamouti proposed a simple scheme for a 2x2 
system that achieves a full diversity gain with a simple maximum 

likelihood decoding algorithm. We shall then examine higher-order 
diversity systems involving a large number of antennas, but whose 

basic approach is derived from the method proposed by Alamouti.  
 

The premise in all of these approaches has been that we have perfect 
knowledge of the channel at the receiver and that the data streams 

are independent. In reality, however, this is not true. Therefore, we 
shall then go on to examine the behavior of these space-time codes in 
the presence of imperfect channel estimates and correlated slow 

Rayleigh fading channels. 
 

 
Delay Diversity Scheme 

Early attempts to obtain transmit diversity were based on the 
so-called delay diversity scheme. Suppose we assume MT = 2 and MR 

= 1 (this will be a MISO channel). Initially let us examine what will 
happen if we transmit the same signal simultaneously from both 

antennas. If we assume a flat fading environment, where the channel 
signatures corresponding to the transmit antennas are given by h1 

and h2 , the received signal r may be expressed as 
 

                       
where Es is the average energy available at the transmitter over a 

symbol period and is evenly divided between the transmit antennas 
and n is the ZMCSCG noise, representing additive white Gaussian 

noise sample at the receiver. We know from probability theory that 
the sum of two complex Gaussian random variables is also complex 

Gaussian.  
 

3.1 Delay Diversity scheme 



 
Hence, we determine that 1/ (√2(h1 + h2 ) is also ZMCSCG with unit 
variance. Hence, 

                              
where h is ZMCSCG with E{|h|2} = 1. Therefore, we can readily infer 

that this technique does not impart diversity. 
 

In the delay diversity scheme, however, this approach is 
implemented, but with a major difference. We do not transmit the 

same symbol simultaneously from both antennas, but with a delay 
between the transmissions (i.e., we transmit the data signal from the 

first antenna and a delayed replica of the same signal from the 
second antenna after an interval). 

If we assume that this delay is one symbol interval, the effective 
channel as ‘‘seen’’ by the receiver now becomes two channels as 

given by, 

                        
where h1 and h2 are the channel gains between the two transmit 

antennas and the single receive antenna, respectively. We assume 
that h1 and h2 are i.i.d. ZMCSCG random variables with unit 

variance. From the point of view of the receiver, such a channel looks 
exactly like a two-path channel with independent path fading and 

equal average path energy.  
 

If we now employ a maximum likelihood (ML) detector at the receiver, 
we can capture full second-order diversity at the receiver. The 

negative side to this approach is that the method introduces 
interference between symbols and the complexity of the ML detectors 

rises exponentially with the number of transmit antennas. Hence, 
there was a need to look for an alternate approach. 

 
 

 
 

 
 
 

 
 

 



 
 
 
 

 

The information bits are first modulated using an M-ary modulation 
scheme. The encoder then takes a block of two modulated symbols s1 
and s2 in each encoding operation and gives it to the transmit 

antennas according to the code matrix, 

                               
 
In the above, the first column represents the first transmission 

period and the second column the second transmission period. The 
first row corresponds to the symbols 

           
 
Figure 3.1 A block diagram of the Alamouti space-time encoder. 

 
transmitted from the first antenna and the second row correspond to 

the symbols transmitted from the second antenna. Elaborating 
further, during the first symbol period, the first antenna transmits s1 

and the second antenna transmits s2.  
 
During the second symbol period, the first antenna transmits -s2* 

and the second antenna transmits s1* being the complex conjugate of 

s1. This implies that we are transmitting both in space (across two 
antennas) and time (two transmission intervals). This is space-time 

coding. Looking at the equations, 

                                    
 

where s1 is the information sequence from the first antenna and s2 is 
the information sequence from the second antenna. 

3.2 Alamouti Space-Time Code 



A close examination of equation reveals that the sequences are 
orthogonal (i.e., the inner product of s1 and s2 is zero). This inner 
product is given by, 

                                  
 
If we assume one antenna at the receiver, the receiver signals are 

defined as follows, based on the scheme. The fading coefficients from 
antennas 1 and 2 are defined by h1(t ) and h2(t), respectively, at time 

t. If we assume that these coefficients are constant across two 
consecutive symbol transmission periods, we obtain, 

                            
 
where |hi| and ui , i = 1, 2 are the amplitude gain and phase shift for 

the path from transmit antenna i to the receive antenna and T is the 
symbol duration. At the receiver the signals after passing through the 

channel can be expressed as, 
 

                           
 

           
 

   Figure 3.2 Alamouti’s two-antenna transmit diversity scheme. 
 

where n1 and n2 are independent complex variables with zero mean 
and unit variance, representing additive white Gaussian noise 

samples at time t and t + T, respectively. 
 



 
 
 

Maximum Likelihood Decoding 
We now assume that the channel coefficients h1 and h2 can be 

recovered perfectly at the receiver. We use these coefficients as the 
CSI. The combiner combines the received signal as follows: 

               
 
and sends them to the maximum likelihood detector, which 

minimizes the following decision metric 

                  
 
over all possible values of s1 and s2 . Expanding this and deleting 

terms that are independent of the code words, the above 
minimization reduces to separately minimizing 

 

 
 

 
 

3.3 Maximum Likelihood Decoding Maximum Ratio Combining. 



Maximum Ratio Combining 
In the case of maximum ratio combining (see Figure), the 

resulting received signals are 

 

 
Figure 3.3 Maximum ratio combining with 1 Tx and 2 Rx. 

 

 
 

The maximum likelihood detector decides signal si using exactly the 
same decision rule in the equation for PSK signals. 

 
Note that the MRC signal s˜0 in the above equation  is equivalent to 

the resulting combined signals of the transmit diversity scheme, 
except for a phase difference in the noise components that do not 

affect the effective SNR. This shows that the diversity order from 
Alamouti’s two-antenna transmit diversity (with one receive antenna) 

is the same as that of the two-branch MRC. 
 

 
 

 
 

 
 



 
 
 

 
The transmissions in the Alamouti scheme are orthogonal. This 

implies that the receiver antenna ‘‘sees’’ two completely orthogonal 
streams. Hence, we obtain a transmit diversity of two. Consider two 

distinct code sequences S and Sˆ generated by the inputs (s1, s2) and 
(sˆ1 , sˆ2 ), respectively, where (s1 , s2 ) ≠ (sˆ1 , sˆ2 ). The code word 

difference matrix is given by 

                           
Since the rows of the code matrix are orthogonal, the rows of the 
code word difference matrix are orthogonal as well. The code word 

distance matrix is given by 

 
Since (s1, s2) ≠ (sˆ1 , sˆ2 ), very obviously the distance matrixes of any 

two distinct code words have a full rank of two. In other words, the 
Alamouti scheme gives us a transmit diversity of MT = 2. The 

determinant of matrix A(S, Sˆ) is given by 
 

                         
The code word distance matrix has two identical eigenvalues. The 

minimum eigenvalue is equal to the minimum squared Euclidian 
distance in the signal constellation. Hence, the minimum distance 

between any two transmitted code sequences remains the same as in 
the uncoded system. This implies that the coding gain is 1. This is 

the disadvantage of the Alamouti scheme in that, unlike space-time 
trellis codes, the scheme achieves full transmit diversity gain without 
CSI at the transmitter but has no coding gain unless it is given the 

CSI. 
 

3.4 Transmit Diversity 



 
 
 

 
 

Space-Time Block Codes 
The Alamouti scheme brought in a revolution of sorts in 

multiantenna systems by providing full diversity of two without CSI 
at the transmitter and a very simple maximum likelihood decoding 

system at the receiver. Maximum likelihood decoders provide full 
diversity gain of MR at the receiver. Hence, such a system provides a 

guaranteed overall diversity gain of 2MR, without CSI at the 
transmitter. This is achieved by the key feature of orthogonality 

between the sequences generated by the two transmit antennas. Due 
to these reasons, the scheme was generalized to an arbitrary number 

of transmit antennas by applying the theory of orthogonal designs. 
The generalized schemes are referred to as space-time block codes 

(STBCs)These codes can achieve the full transmit diversity of MTMR , 
while allowing a very simple maximum likelihood decoding algorithm, 
based only on linear processing of received signals.  

 
Let MT represent the number of transmit antennas and p represent 

the number of time periods for transmission of one block of coded 
symbols. Let us also assume that the signal constellation consists of 

2m points. Then each encoding operation maps a block of km 
information bits into the signal constellation to select k modulated 

signals s1,s2, . . . , sk , where each group of m bits selects a 
constellation signal. These k modulated signals are then encoded in a 

space-time block encoder to generate MT parallel signal sequences of 
length p, as shown in Figure. This gives rise to a transmission matrix 

S of size MT x p.  
 

These sequences are transmitted through MT transmit antennas 
simultaneously in p time periods. Therefore, the number of symbols 

the encoder takes as its input in each encoding operation is k.The 
number of transmission periods required to transmit the entire S 

matrix is p. The rate of the space-time block code is defined as the 
ratio between the number of symbols the encoder takes as its input 
and the number of space-time coded symbols transmitted from each 

antenna. It is given by 

                                          

3.5 Space Time Block Codes For Real Signal Constellation And 
Complex Signal Constellation 



The spectral efficiency of the space-time block code is given by 
 

                            
 

Where rb and rs are the bit and symbol rate, respectively, and B is the 
bandwidth. 

 
The entries of the transmission matrix S are so chosen that they are 

linear combinations of the k modulated symbols s1,s2, . . . , sk and 
their conjugates s1*, s2*, . . . , sk*. The matrix itself is so constructed 

based on orthogonal designs such that 

                     
 

Where c is a constant, MT is the number of transmit antennas, SH is 
the Hermitian of S, and IMT is an MT x MT identity matrix. This 

approach yields a diversity of MT. These code transmission matrixes 
are cleverly constructed such that the rows and columns of each 

matrix are orthogonal to each other (i.e., the dot product of each row 
with another row is zero). 

 

               
 

Figure 3.4 Encoder for STBC. 
 

If this condition is satisfied, then the equation will be satisfied, 
yielding the full transmit diversity of MT. Another way of looking at 

this problem is recalling from linear algebra, that if the rows of a 
matrix are orthogonal (i.e., their dot product is zero), then the rows of 

that matrix are deemed independent. This implies that each row 
contributes an eigenvalue (i.e., the matrix is of full rank). Hence, full 

transmit diversity s is achieved as each transmit antenna contributes 
to one row in that matrix.  

 
 



The code rates will, however, vary depending on how the matrix is 
constructed. We can have R = 1, which is a full rate. This implies 
that there is no bandwidth expansion involved, whereas a code with 

rate R < 1 implies a bandwidth expansion factor of 1/R. It will be 
shown  that code rates of unity (i.e., full rates) are relatively easily 

achievable if the matrix is real, but the choice for full-rate codes is 
more restricted if the matrix is complex. Using (4.19), the 

orthogonality achieved in all cases enables us to achieve full transmit 
diversity, irrespective of the code rate and additionally allows the 

receiver to decouple the signals transmitted from different antennas. 
Consequently, a simple maximum likelihood decoding, based only on 

linear processing of the received signals, can be employed at the 
receiver. 

 
STBC for Real Signal Constellations 

In the preceding paragraph we mentioned that based on the 
type of signal constellation, space-time block codes can be classified 

into STBC with real signals or STBC with complex signals. We shall 
now examine the generation of real transmission matrixes. At the 
outset, it should be noted that it is crucial to our design.  

 
Let us consider square transmission matrixes. Such matrixes exist if 

the number of transmit antennas MT = 2, 4, or 8. These codes are full 
rate, since the matrix is square, and also full transmit diversity of 

MT. The transmission matrixes are given by 
 

                                         
for MT = 2 transmit antennas. The reader can verify that for this 

matrix, is satisfied. 
 

 



              
for MT = 8 transmit antennas. 
 

The reader can verify that all the preceding matrixes have 
independent rows in that their dot product is zero for any real 

constellation, such as M-ASK. This automatically satisfies. We can 
also verify by inspection that the code rate for all these matrixes is 

unity. For example, if we consider there are four transmit antennas 
(i.e., we are dealing with a space-time block code of size 4, 

corresponding to four rows). There are also four transmission periods 
p corresponding to each column of the matrix. There are also four 

symbols (i.e., k = 4, s1, s2, s3 and s4). Hence, during the first 
transmission interval, s1, s2 , s3 and s4 are transmitted, wherein s1 is 

transmitted from the first antenna, s2 from the second antenna and 
so on. During the next transmission interval, -s2, s1 , -s4 , and s3 are 

transmitted, wherein -s2 is transmitted from the first antenna, s1 
from the second antenna and so on. This gives us, 

                                        
(i.e., a code rate of unity). 
 

If we now desire to construct full code rate R = 1 transmission 
schemes for any number of antennas, since full code rates are 
desirable and are bandwidth efficient, we can do so by following 

another set of rules applicable to both square and nonsquare 
matrixes. This rule [3] says that for MT transmit antennas, the 

minimum value of transmission periods p to achieve the full rate is 
given by 



                                       
Where the minimization is taken over the set 

                       
Based on these equations, we construct nonsquare matrixes of size 
3, 5, 6, and 7 for real numbers, yielding full diversity and full rate.  

 
These are as follows 

            
 

                



Once again, we take as an example, the transmission matrix S7. In 
this example, k = 8, as there are eight symbols involved, s1 , s2, . . . , 
s8 , with eight transmission periods, p = 8. We transmit these eight 

symbols over eight transmission periods from seven antennas as 
before. This yields the full diversity of MT = 8 and a code rate of 

                              
STBC for Complex Signal Constellations 

Complex orthogonal design matrixes are defined as matrixes of 
size MT x p with complex entries of s1, s2. . . sk and their conjugates. 

Such matrixes provide the full transmit diversity of MT with a code 
rate of k/p. The Alamouti scheme is itself one such matrix with 

complex entries for two transmit antennas. This is represented by 

                                      
This scheme provides the full diversity of 2 with a full code rate of 1. 

The Alamouti scheme is unique in that for complex entries, it is the 
only such matrix with a code rate of unity. Hence, for higher order 

modulations other than binary phase shift keying (BPSK), this has 
found wide application.  
The design rules for this class of transmission matrixes are identical 

to those already discussed for real entries and we minimize the value 
of p to minimize the decoding delay. We present the following 

complex transmission matrixes of size MT = 3 and MT = 4 
incorporating a code rate of 1/2. 

                



The reader can easily verify that the inner product of any two rows of 
these matrixes is zero. This proves that the matrix is orthogonal and 
of full rank yielding full diversity of MT = 3 and MT = 4, respectively. 

In the case of G3 , for example, we note that there are four symbols, 
s1 , s2 , s3 , and s4 and their complex conjugates, yielding k = 4, and 

there are eight transmission periods, yielding p = 8. 
 

This gives us a code rate of R = k/p = 4/8 = 1/2. Similarly, G4 has a 
code rate of R = k/p = 4/8 = 1/2, but with a diversity of MT = 4. 

The desire for higher code rates leads us to more complex linear 
processing.  

 
The following are size 3 and 4 codes with rate 3/4 

      

     
 
The search is still on for codes with rates greater than 0.5. This is 

still an open field for further research. 
           

 
 



 
 
The decoding of these codes is similar to the one proposed for 

Alamouti’s scheme. We present the formula for decoding G3 and G4. 
The reader is advised to refer to for the decoding procedures for the 

other codes. 
 

The decoder for G3 minimizes the decision metric 
 

 
 
 

 
 
 

3.6 Decoding of STBC 



 

 

 



for decoding s3 , the decision metric 
 

 
 
 

 
 

POST-TEST MCQ 
 

1. Space time block coding uses  
a) spatial  

b) temporal diversity 
c) both  

d) none of the above 
 

2. The Alamouti space time code are modulated using  
a) Ask modulation 

b) Psk modulation 
c) Fsk modulation 
d) M-ary modulation 

 
3. In  Alamouti space time code, the column in  S code matrix 

represents  
a) Transmission time period 

b) Received time period 
c) Transmitting antennas 

d) Receiving antennas 
 

4. In  Alamouti space time code, the row in  S code matrix 
represents  

a) Transmission time period 
b) Received time period 

c) Transmitting antennas 
d) Receiving antennas 



 
5. STBC provides a guaranteed overall diversity gain of  
a) 2MR 

b) 3MR 
c) 4MR 

d) 5MR 
 

6. Maximum likelihood decoding of any STBC can be achieved by  
a) Linear processing at receiver 

b) Non Linear processing at receiver 
c) Linear processing at Transmitter 

d) Non Linear processing at Transmitter 
 

 
7. Decoders used in Alamouti space time code  

a) Maximum likelihood decoding 
b) Maximum ratio combining 

c) Both 
d) None of the above 
 

8. The delay diversity introduces 
a) Interference 

b) Attenuation 
c) Reflection 

d) Absorption  
 

9. The  rate of STBC is  
a) k/p 

b) p/k 
c) k/m 

d) m/k 
 

10. what  is the value of  in decision metric? 
a) Path gain 

b) Path loss 
c) Channel gain 

d) None of the above 
 
 

 
 

 
 



CONCLUSION: 

Upon completion of this, Students should be able to 
 

 Understand the Space time block codes. 
 Understand delay diversity. 

 Understand transmit diversity and decoding. 
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ASSIGNMENT  
 

1. How to represent STBC codes. 
2. Explain the delay diversity in detail. 

3. Explain the transmit diversity of STBC. 
4. Explain the decoding techniques of STBC. 

 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 



 
 
 

 
AIM & OBJECTIVES  

 
 To understand the concepts STTC Codes. 

 To understand design of STTC codes on fading. 
 To understand channel estimation. 

 Comparing STBC and STTC codes 
 

PRE-TEST MCQ 
 

1. Space time block coding uses  
a) spatial  

b) temporal diversity 
c) both  

d) none of the above 
 

2. The Alamouti space time code are modulated using  

a) Ask modulation 
b) Psk modulation 

c) Fsk modulation 
d) M-ary modulation 

 
3. In  Alamouti space time code, the column in  S code matrix 

represents  
a) Transmission time period 

b) Received time period 
c) Transmitting antennas 

d) Receiving antennas 
 

4. In  Alamouti space time code, the row in  S code matrix 
represents  

a) Transmission time period 
b) Received time period 

c) Transmitting antennas 
d) Receiving antennas 

 

 
 

 
 

UNIT-4 Space-Time Trellis Codes 



5. STBC provides a guaranteed overall diversity gain of  
a) 2MR 

b) 3MR 

c) 4MR 
d) 5MR 

 
6. Maximum likelihood decoding of any STBC can be achieved by  

a) Linear processing at receiver 
b) Non Linear processing at receiver 

c) Linear processing at Transmitter 
d) Non Linear processing at Transmitter 

 
 

7. Decoders used in Alamouti space time code  
a) Maximum likelihood decoding 

b) Maximum ratio combining 
c) Both 

d) None of the above 
 
8. The delay diversity introduces 

a) Interference 
b) Attenuation 

c) Reflection 
d) Absorption  

 
9. The  rate of STBC is  

a) k/p 
b) p/k 

c) k/m 
d) m/k 

 
10. what  is the value of  in decision metric? 

a) Path gain 
b) Path loss 

c) Channel gain 
d) None of the above 

 
 
PRE- REQUISITE:    Basic knowledge of Wireless Communication. 

 
 

 
 



 
 
 

 
In last Chapter, we discussed space-time block codes. These codes 

provided maximum diversity advantage using simple decoding 
techniques. However, space-time block codes did not provide coding 

gain, and nonfullrate space-time block codes introduced bandwidth 
expansion. In view of this, it becomes worthwhile to consider a joint 

design of error control coding, modulation, transmit, and receive 
diversity to develop an effective signaling scheme called space-time 

trellis codes (STTC), which is able to combat effects of fading. This 
concept was first introduced by Tarokh, Seshadri, and Calderbank.It 

became extremely popular because STTC can simultaneously offer 
coding gain with spectral efficiency and full diversity over fading 

channels. This coding gain is achieved through the inherent nature 
of the STTC itself and is distinct from the coding gain achieved by 

temporal block codes and convolution codes. 
 
In this chapter, we explore the basic theory leading to such code 

design using M-PSK schemes for various numbers of transmit 
antennas and spectral efficiencies, in both slow as well as fast fading 

channels. The code performance is examined with simulations and 
the effects of imperfect channel estimations and correlation are also 

considered. 
 

Space-Time Coded Systems 
We consider baseband space-time coded system with MT 

transmit antennas and MR receives antennas, as shown in Figure. 
The data to be transmitted are encoded by a space-time encoder. At 

each instant t, a block of m binary information symbols denoted by 

                    
is fed into the space-time encoder. The space-time encoder maps the 
block of m binary input data into MT modulation symbols from a 

signal set of M = 2m points. The coded data are applied to a serial-to-
parallel (S/P) converter to produce a sequence of MT parallel symbols, 

arranged as a MT x 1 column vector 

                                      
 

 

4.1 Space-Time Coded Systems 



                  
Figure 4.1 A block diagram of space-time trellis encoder. 

 
Where T means the transpose of a matrix. The MT parallel outputs 

are simultaneously transmitted from all the MT antennas, whereby 

symbol si
t , 1 i  MT is transmitted by antenna i and all transmitted 

symbols have the same duration of T sec. The vector of coded 
modulation symbols from different antennas are called space-time 
symbol. The spectral efficiency of the system is 

                                  
 

Where rb is the data rate and B is the channel bandwidth. The 
spectral efficiency is equal to the spectral efficiency of a reference 
uncoded system with one transmit antenna. 

The multiple antennas at both the transmitter and receiver create a 
MIMO channel. We assume flat fading between each transmit and 

receive antenna and we also assume that the channel is memoryless. 
 

The channel matrix at any given time t is given by 
 

                
 
where the jith element, denoted by ht

j, i , is the fading attenuation 

coefficient for the path from transmit antenna i to receive antenna j. 
The coefficients are assumed to be i.i.d. Gaussian. There are two 

cases that we need examine. The first case is that we assume that 
the channel is a slow fading channel (i.e., the fading coefficients are 

constant during a frame and vary from one frame to another). This is 
also called quasi-static fading.  
 



The second case is a fast fading channel (i.e., the fading coefficients 
are constant within each symbol period and vary from one symbol to 
another). At the receiver, we note that the signal at each antenna is a 

noisy superposition of MT transmitted signals degraded by channel 
fading. At time t the received signal at antenna j , j = 1, 2, . . . , MR 

denoted by rj
t is given by 

                                       
Where nj

t is the noise component of receive antenna j at time t, which 
is also i.i.d.Gaussian. 

 
We represent 

 
Thus the received signal vector can be represented as 

                            
                                         rt = Ht st + nt 

 

The decoder uses a maximum likelihood algorithm to estimate the 
transmitted information sequence and we assume that the receiver 

has complete knowledge of the channel. The transmitter, however, 
has no knowledge of the channel. The decision metric is computed 

based on the squared Euclidian distance between the received 
sequence as measured and the actual received sequence, as 

 

                                  
The decoder selects a code word with the minimum decision metric 

as the decoded sequence. This decoder is implemented as a Viterbi 
decoder. 

 
 



 
 
 

 
We assume that the transmitted data frame length is L symbols long 

for each antenna. This leads to a space-time code word matrix  
MT x L, 

              
 
where each row corresponds to the data sequence transmitted from 

each antenna and each column is the space-time symbol at time t. 
 

 
 

 
 

Where Re{ . } refers to the real part of the argument. 
 

If we assume that the receiver has perfect knowledge of the channel, 
then for a given instance of channel path gains {hi , j}, the term on the 

right is a constant equal to d2 (e, s) and the term on the left is a zero-

4.2 Space-Time Code Word Design Criteria 



mean Gaussian random variable with variance 42d2 (e, s). Hence, 
the PEP conditioned on knowing {hi , j} is given by 

 
 

 
 
 

                                                 VAV† D 

 

The rows {v1 , v2, . . . , vMT } of V are the eigenvectors of A and form a 
complete orthonormal basis of an MT -dimensional vector space. 

Furthermore, the diagonal elements of D are the eigenvalues λi , i = 
1, 2, . . . ,MT of A, including multiplicities, and are nonnegative real 
numbers since A is Hermitian. By the construction of A, the code 

word difference matrix, B where 
 

 



 

 
 

Since hi , j are samples of a complex Gaussian random variable with 
mean Ehi , j , let 

                        
 

Since V is unitary, this implies βi,j are independent complex 
Gaussian random variables with variance 0.5 per dimension and 

with mean Kj . vi. 
 

 
 
 

 
 

 
 

 
 

 
 

 
 

 



 
 
 

 
Error Probability on Slow Fading Channels 

In the case of flat Rayleigh fading, Ehi ,j = 0 for all i and j. To 
obtain an upper bound on the average probability of error, we 

average

 
 

 
 

by independence and 

 

                 
 

4.3 Design of Space Time TC On Slow Fading Channels 



 

                  

 
 
Note that the diversity advantage is defined as the power of the SNR 

in the denominator of the right-hand expression. Intuitively the 
coding advantage is an estimate of the gain over an uncoded system 

with the same diversity advantage. 
 

Design Criteria for Slow Rayleigh Fading STTCs 
The basic design criteria for slow Rayleigh STTCs: 

 
The rank criterion: To obtain maximal diversity, we need to maximize 

the minimum rank r of the matrix B over all pairs of distinct code 
words. A diversity advantage of rMR is achieved. 

 
The determinant criterion: Let rMR be the target diversity advantage. 
Then the design goal is to maximize the minimum determinant   

πr
i = 1λi of the matrix A along the pairs of distinct code words with 

that minimum rank. These criteria are referred to as rank and 
determinant criteria. This is also called the TSC criteria. Maximizing 

the minimum rank r of the matrix B implies that we need to find a 
space-time code that achieves the full rank of the matrix B (i.e., MT). 

This is not always achievable due to the restriction of the trellis code 
structure.  For a space-time trellis code with memory order of n , the 

length of an error event, denoted by L, can be lower bounded as 
 



                                 L  [v/2] + 1 
 
For an error event path of length L in the trellis, B(s, e) is a matrix of 

size MT x L, which results in the maximum achievable rank of min 
(MT, L). This yields the upper bound as given by min (MT , [v /2] + 1). 

The upper bound of the rank values for STTC with various numbers 
of transmits antennas and memory orders are listed in Table. 

 
We note that the full rank is achievable only for STTC with two 

transmit antennas. In case of three and four transmit antennas, we 
require a memory order of the encoder of at least four and six, 

respectively, to achieve full rank. Further examination of Table tells 
us that there is an interaction between the maximum achievable 

rank, the number of transmit antennas, and the memory order of an 
STTC. From (5.11), the PEP conditioned on knowing {h i , j } is given 

by 

 
 

 
 

 



This is the upper bound on the conditional pairwise error probability 
expressed as a function of | βj,i |, which is contingent upon hj,i .We 
know that | βj,i |2 follow the central Chi-square distribution with the 

mean value and the variance given by 
 

                                       
For a large rMR (>3) value according to the central limit theorem , the 
expression 

                                        
 

approaches a Gaussian random variable D with the mean value 
 

 
Thus the unconditional pairwise error probability can be upper-
bounded by 

                    
 



   

 
 
 

To minimize the PEP, it follows from (5.24) that the sum of the 
eigenvalues of matrix A(s, e) where A(s, e) = B(s, e) B*(s, e) should be 

maximized. For a square matrix the sum of all the eigenvalues is 
equal to the trace of the matrix, denoted by tr (v). It can be written as 

                                   
 
where Ai,i are the elements on the main diagonal of matrix A(s, e). The 

trace of matrix A(s, e) can be expressed as 
 

                                 
 
 

 
 

 
 

 
 

 
 



  
   
 

 
Error Probability on Fast Fading Channels 

The analysis for slow fading channels in the previous sections 
can be directly applied to fast fading channels. At each time t, we 

define a space-time symbol difference vector, F(s, e) as 

                
Examples of 2 transmit space-time trellis code with 8 states (4-PSK 
constellation with spectral efficiency of 2 bit/s/Hz). 

 

                 
 
Following the derivation, we consider a MT x MT matrix S = S(s, e), 

defined as S = F(s, e) F †(s, e). It is clear that S is Hermitian, so there 
exists a unitary matrix Vt and a real diagonal matrix Dt such that 

 
                                      Vt SVt† = Dt 

 
The diagonal entries of Dt , { Di

t , i = 1, . . . , MT} are the eigenvalues 

of S; the rows of Vt , { Vi
t , i = 1, . . . , MT} are the eigenvectors of S, 

which form a complete orthonormal basis of an MT -dimensional 

vector space. Note that S is a rank 1 matrix (since we are dealing on 
a symbol basis) if s ≠ e and is rank 0 otherwise. It follows that MT - 1 

elements in the list { Di
t , i = 1, . . . , MT} are zeros and, consequently, 

we can let the single nonzero element in this list be D1
t , which is 

4.4 Design of Space-Time Trellis Codes on Fast Fading 
Channels 



equal to the squared Euclidian distance between the two space-time 
symbols st and et . 

 

                            
 

This can be rewritten as 

                               
where βt

j , i = hj
t . vj

t . 

 
Since at each time t there is, at most, only one nonzero eigenvalue, 

D1
t, the expression can be represented by 

                          
 
where ρ(s, e) denotes the set of time instances t = 1, 2, . . . , L such 

that |st - et | ≠ 0.  
 



         
Once again, like in the slow fading cases, we discuss two situations, 
such as when HMR < 4 and HMR 4. 

 
Case HMR 4 

When According to the central limit theorem, the expression 
d2(s, e) can be approximated by a Gaussian random variable with the 

mean  

                     
and the variance 

                      
By averaging the equation over the Gaussian random variable and 

using 
        

 
 

we obtain the PEP as 
 

 
 
where d2

E is the accumulated squared Euclidian distance between 
the two spacetime symbol sequences, given by 



                           
and D4 defined as 

                       
 
Case when HMR < 4 

 
This is applicable if HMR is small. The design criteria can be 

summarized as: 

 Maximize the minimum space-time symbol-wise Hamming 
distance H between all pairs of distinct code words. 

 Maximize the minimum product distance d2
p, along the path 

with the minimum symbol-wise Hamming distance H. 
 

Case when HMR  4 
 

This is applicable for large values of HMR. In such cases the pairwise 
error probability is upper-bounded. In the case of high SNRs, 

                                       

                                           
 

 
 
 



 
 
 

Performance Analysis in a Slow Fading Channel 
The performance of the STTC on slow fading channels is 

evaluated through simulations. These curves have been obtained 
using the accompanying software. In these simulations for both slow 

and fast fading channels, the rank and determinant criteria have 
been employed in formulating codes if the number of receive 

antennas is one and trace criteria for all other cases. Figure 5.9 
shows that all the codes achieve the same diversity order of 2, 

demonstrated by the same slope of the FER performance curves. The 
code performance is improved by increasing the number of states. 

Figure shows the relative performance of 4-PSK 4-state and 8-state 
codes with MT =MR = 2 and MT = 4 and MR = 2.  

 
It shows that increasing the number of transmit antennas also 

increases the margin of the coding gain compared with the coding 
gains in the top- half graph. This is evident, wherein the value of rMR 
(ideally MTMR), defines the amount of coding gain. Similarly, if we 

keep MT constant and increase MR we achieve the same result with 
something more, in that part of this margin is also due to the array 

gain through multiple receive antennas. Furthermore, the diversity 
order realized with this scheme in the lower half is twice that in the 

upper half. Proceeding logically, as the number of receiver antennas 
increases, the diversity order increases proportionately and the 

channel tends to AWGN due to the increased diversity. A similar 
effect can be observed by keeping the number of receive antennas 

constant and increasing the number of transmit antennas. Finally, in 
the presence of a large number of receive antennas, increasing the 

number of transmit antennas does not produce that much of an 
increase in performance, as seen in the case when the number of 

receive antennas is limited and we increase the number of transmit 
antennas. 

 

4.5 Performance Analysis in Slow and fast Fading Channel 



              
Figure 4.2 Performance comparison of 4-PSK codes based on the  
rank and determinant criteria on slow fading channels with two 

transmit and one receive antennas. 
 

          
 

Figure 4.3 Performance comparison of 4-PSK codes based on trace 
criterion on slow fading channels with two transmit and two receive 

antennas and four transmit and two receive antennas. 



Performance Analysis in a Fast Fading Channel 
The performance of the STTC on fast fading channels is 

evaluated through simulations. Figure shows the FER performance of 

QPSK STTC with a bandwidth efficiency of 2 bit/s/Hz in Rayleigh 
channel. The number of receive antennas was one in the simulations. 

We can see that 16-state QPSK codes are better than 4-state codes 
by 5.9 dB at a FER of 10-2 for two transmit antennas. Once again, as 

the number of states increases, the coding gain increases and so 
does the performance. The error rate curves of the codes are parallel, 

as predicted by the same value of H. Different values of d2
p yield 

different coding gains, which are represented by the horizontal shifts 

of the FER curves. In Figure we examine the case of three transmit 
antennas. We note that 16-state QPSK codes are superior to 4-state 

codes by 6.8 dB at a FER of 10-2. This means that the performance 
relative to two transmit antennas has improved. The conclusion here 

is that as the number of the transmit antennas gets larger, the 
performance gain achieved from increasing the number of states 

becomes larger. 

 
Figure 4.4 Performance of the QPSK STTC on fast fading channels 
with two transmit and one receive antennas. 

 
 



 
 
Figure 4.5 Performance of QPSK STTC on fast fading channels with 

three transmit and one receive antennas. 
 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 
 

 
 

 



  
 
 

We carry out imperfect estimation using the MMSE technique. The 
results are shown in Figure for 4-PSK 4-state code with two transmit 

and two receive antennas and imperfect channel estimation in a slow 
Rayleigh fading channel. In the simulation 10 orthogonal signals in 

each data frame are used as pilot sequence to estimate the channel 
state information at the receiver. From the figure, we can see that the 

deterioration due to imperfect channel estimation is about 5 dB 
throughout. 

 

 
 
Figure 4.6 Performance of the 4-state 4-PSK code on slow Rayleigh 

fading channels with two transmit and two receive antennas and 
imperfect channel estimation. 

 
 

 
 
 

 

4.6 The Effect of Imperfect Channel Estimation on Code Performance 



 
 
 

Effect of Antenna Correlation on Performance 
The following Figure shows the performance of 4-PSK 4-state 

code. This example has been implemented using the code based on 
trace criterion. The performance gap is 0.5 dB throughout for both a 

correlation factor of 0.75 as well as unity. The reader is encouraged 
to try this with the accompanying software using the code provided 

in the simulation. 
 

 
 
Figure 4.7Performance of the 4-PSK 4-state code on correlated slow 

Rayleigh fading channels with two transmit and two receive 
antennas. 

 
 

 
 

 
 

 
 

    4.7 Effect of Antenna Correlation on Performance 

 



 
 
 

Comparison of STBC and STTC 
We have learned that space-time block codes and space-time 

trellis codes are two very different transmit diversity schemes. Space-
time block codes are constructed from known orthogonal designs, 

achieve full diversity, and are easily decodable by maximum 
likelihood decoding via linear processing at the receiver, but they 

suffer from a lack of coding gain. On the other hand, space-time 
trellis coders possess both diversity and coding gain, yet are complex 

to decode (since we use joint maximum likelihood sequence 
estimation) and arduous to design. In both cases, however, the code 

design for a large number of transmit antennas remains an open 
question.  

 
A pressing question is the performance comparison between 

STBC and STTC. In such a case, it is only fair to use concatenated 
STBC since STBC inherently lacks Space-Time Trellis Codes coding 
gain. Concatenated codes that have been used so far include AWGN 

Trellis codes or turbo codes. An attempt to provide such a 
comparison is found but the comparison was unfair in terms of the 

data rate and computational complexity. A fair comparison was given 
but only for the fast fading channel. Bauch concatenated turbo codes 

with STBC but did not provide a performance comparison with STTC.  
Comparison of the performance of STBC with STTC over the flat 

fading quasistatic channel, presenting results in terms of the FER 
while keeping the transmit power and spectral efficiency constant.  

 
In general, any STC can be analyzed in the same way as STTC using 

diversity advantage and coding advantage. Both of these advantages 
affect the performance curve differently. Diversity advantage causes 

the slope of the FER versus SNR graph to change in such a way that 
the larger the diversity, the more negative the slope. Coding 

advantage shifts the graph horizontally: the greater the coding 
advantage, the larger is the left shift.  

 
 
 

 
 

 
 

4.8 Comparison of STBC and STTC 
 

 



    

 
 
POST TEST MCQ 

 
1. The coding in space is obtained by using multiple antennas at 

a) Transmitter 
b) Receiver 

c) Channel 
d) None of the above 

 
2. Q represents the number of  

a) Time period 
b) Symbol period 

c) Charge period 
d) Code period  

 
3. The received signal matrix can be written as 

a) R=SH +N 
b) R=S+N 

c) R=H+N 
d) R=H+SN 
 

4. In The Probability Of Error B+ denotes 
a) Hermitian transpose of matrix B 

b) Hermitian Matrix B 
c) Hermitian Sum of matrix B 

d) None of the above 
 

 
 

 



5. Transmission bandwidth depends on 
a) Rate of signalling 
b) Density of signal points 

c) Reduced distance 
d) None of the mentioned 

 
6. STBC codes can able to provide 

a) Coding gain 
b) Diversity gain 

c) Both 
d) None of the above 

  
7. STBCs need only  

a) linear processing 
b) non linear processing 

c) both 
d) none of the above 

 
8. Trellis structure  for a 4 state  space time coded with 
a) PSK 

b) QPSK 
c) M-ARY 

d) BPSK 
 

9. 4-state space-time trellis coded QPSK scheme with __________ 
transmit antennas 

a) 1 
b) 2 

c) 3 
d) 4 

 
10. Decoder Structure of STTC includes 

a) Maximum Likelihood Decoding  
b) Employ Viterbi Algorithm  

c) Minimize the path metric 
d) All the above 

 
 
 

 
 

 
 



 
CONCLUSION: 

Upon completion of this, Students should be able to 

 
 Understand  the concepts STTC Codes. 

 Understand  design of STTC codes on fading. 
 Understand  channel estimation. 

 Comparing STBC and STTC codes 
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ASSIGNMENT  
 

1. Explain the word design criteria for STTC code. 
2. Explain the design of STTC on fast fading channels. 

3. Explain the performance analysis of STTC. 
4. Compare STBC and STTC codes. 

 
 

 
 

 
 

 
 

 
 

 
 
 

 
 

 



 
 
 

 
 

AIM & OBJECTIVES  
 

 To understand the LST transmitter and receiver. 
 To understand capacity of MIMO-OFDM. 

 To understand capacity of MIMO multiuser systems. 
 

PRE –TEST MCQ 
 

1. The coding in space is obtained by using multiple antennas at 
a) Transmitter 

b) Receiver 
c) Channel 

d) None of the above 
 

2. Q represents the number of  

a) Time period 
b) Symbol period 

c) Charge period 
d) Code period  

 
3. The received signal matrix can be written as 

a) R=SH +N 
b) R=S+N 

c) R=H+N 
d) R=H+SN 

 
4. In The Probability Of Error B+ denotes 

a) Hermitian transpose of matrix B 
b) Hermitian Matrix B 

c) Hermitian Sum of matrix B 
d) None of the above 

 
5. Transmission bandwidth depends on 

a) Rate of signalling 

b) Density of signal points 
c) Reduced distance 

d) None of the mentioned 
 

UNIT-5 LAYERED SPACE TIME CODES 
 



 
 

6. STBC codes can able to provide 

a) Coding gain 
b) Diversity gain 

c) Both 
d) None of the above 

  
7. STBCs need only  

a) linear processing 
b) non linear processing 

c) both 
d) none of the above 

 
8. Trellis structure  for a 4 state  space time coded with 

a) PSK 
b) QPSK 

c) M-ARY 
d) BPSK 

 

9. 4-state space-time trellis coded QPSK scheme with __________ 
transmit antennas 

a) 1 
b) 2 

c) 3 
d) 4 

 
10. Decoder Structure of STTC includes 

a) Maximum Likelihood Decoding  
b) Employ Viterbi Algorithm  

c) Minimize the path metric 
d) All the above 

 
 

 
 

 
PRE- REQUISITE:    Basic knowledge of Wireless Communication 
 

 
 

 
 



 
 
 

In last Chapters we considered codes that had a spatial rate of 
unity or less than unity. These codes did not have any multiplexing 

gain with respect to a SISO channel, but, on the other hand, unlike a 
SISO channel, they possessed a diversity order of ideally MTMR . 

Hence, these codes were excellent for improving the link quality by 
combating deep fades. In this chapter, we shall examine codes that 

are expressly meant for improving the multiplexing gain by 
transmitting MT independent data streams. This yields a spatial rate 

and multiplexing gain of MT.  
 

Foschini proposed layered space-time (LST) architecture. In this 
landmark paper, he proposed to exploit the delay spreads existing in 

a wideband channel. Basically, the reader should imagine delay 
spreads as independent highways existing through the channel 

between the transmitter and receiver antennas. Depending on the 
frequency and bandwidth of the transmitted signals, they take a 
particular path through the channel. The time taken to traverse that 

path is delay spread for that path. These paths by their very nature 
are independent and each path does not ‘‘see’’ the other. Foschini 

decided to exploit this property existing in nature by transmitting 
signals through these paths. Hence, we do not need to deliberately 

make the data streams orthogonal like we do in space-time block 
coding.  

 
The orthogonal property just exists in nature and we simply exploit 

it. In view of the narrowband nature of the transmission, each data 
stream follows only one route to the receiver and, consequently, there 

are no multipaths experienced by the individual data streams. This is 
a very important criterion in that the signals are narrowband. Indeed 

it is applicable to all MIMO transmission systems. This technology is 
called spatial multiplexing (SM). However, the reality is far from this 

ideal. The data streams are not truly independent and they do 
possess a certain amount of interaction with each other, giving rise 

to a phenomenon called multistream interference (MSI) and the 
usual channel fading and additive noise. 
 

LST Transmitters: Types of Encoding 
There are two major types of classification of SM technology, 

horizontal encoding (HE) and vertical encoding (VE).  
 

5.1 LST transmitter – Horizontal and Vertical 



 
Horizontal Encoding 

The schematic for this method is shown in Figure. This is also 

called horizontal layered space-time code (HLST). 
 

 
 

Figure 5.1 Horizontal encoding. 
 
In this method the bit stream is first demultiplexed into MT data 

streams. Each data stream is thereafter block encoded and 
interleaved. This is followed by mapping into the chosen modulation 

scheme from a constellation. The temporal encoding is independent 
and each data stream is transmitted from its individual antenna. 

The spatial rate is, therefore, obviously MT. If rm is the modulation 
rate depending on the type of constellation chosen, and rc the 

convolution rate, then the signaling rate becomes rmrcMT 
bits/transmission. In this scheme each transmitted stream is 

received by MR antennas.  
 



Hence, the maximum diversity attainable is MR order diversity. This 
makes this system suboptimal, since we would have preferred MT MR 
order diversity. We have assumed no channel knowledge at the 

transmitter and perfect channel knowledge at the receiver, yielding 
an array gain of MR at the receiver. There is also a coding gain 

accruing from the encoder. There are two variants of this scheme 
made with a view to increasing the diversity order as close to MT MR 

as possible. These are diagonal encoding (DE) and threaded encoding 
(TE). 

 
Diagonal Encoding 

This type of encoding, also called diagonal layered space-time 
code (DLST), is shown in Figure. The initial signal processing is just 

like that for HE. However, before going to the antenna, the signal is 
stream rotated in a round-robin fashion so that the bit-stream and 

antenna association is periodically recycled. If the code word is large 
enough we can ensure that it is transmitted over all MT antennas. 

This imparts a diversity of MT at the transmitter. 
 

 
   
Figure 5.2 Diagonal encoding or D-BLAST transmission technique. 

 
 



This is the Diagonal Bell Laboratories Layered Space-Time (D-BLAST) 
scheme. Note the wasted space-time area in Figure, where no 
transmission takes place. This initial wastage is required to enable 

optimal decoding. This is explained as follows. D-BLAST architecture 
arranges the layers diagonally in space and time. Each block 

represents a transmitted symbol. Each layer is represented with a 
different shade and runs diagonally through the antenna elements as 

time progresses. Instead of committing each data stream to a single 
antenna like in Figure 6.1, the diagonal approach ensures that none 

of the layers miss out because of a poor transmission path. The 
BLAST receiver uses a multiuser detection strategy based on a 

combination of interference, cancellation, and suppression. 
 

In D-BLAST, each diagonal layer constitutes a complete code word, 
so decoding is performed layer-by-layer. Consider the code word 

matrix in Figure. The entries below the first diagonal layer are zeros. 
To decode the first diagonal, the receiver generates a soft-decision 

statistic for each entry in that diagonal. In doing so, the interference 
from the upper diagonals is suppressed by projecting the received 
signal onto the null space of the upper interfaces. The soft statistics 

are then used by the corresponding channel decoder to decode this 
diagonal. The decoder output is then fed back to cancel the first 

diagonal contribution in the interface while decoding the next 
diagonal. The receiver then proceeds to decode the next diagonal in 

the same manner. In spite of all this, D-BLAST can achieve MT MR 
order diversity if we use Gaussian code blocks with infinite block 

size. As usual, coding gain will depend on the encoder and array gain 
of MR is realizable at the receiver, since it has perfect knowledge of 

the channel. We have stated that D-BLAST can achieve MT MR order 
diversity if we use Gaussian code blocks with infinite block size. In 

reality this is not possible and so a new type of SM coding called 
threaded layered space-time code (TLST) was proposed. This method 

mixes the signal more thoroughly across the antennas than does the 
D-BLAST diagonal system. The only requirement here is that during 

each symbol period any given layer is transmitting over, at the most, 
one antenna. As a result all spatial interference will come from other 

layers. However, unlike D-BLAST we cannot deal with the signal 
processing at the receiver one layer at a time but we need to carry 
out joint decoding of multiple threads. Hence, it is more complex to 

implement. 
 

 
 



Vertical Encoding 
The configuration for vertical encoding is shown in Figure. In 

this method the bit stream is encoded, interleaved, and mapped 

before being fed to a demultiplexer. It is then split into MT streams. 
The implication in the design is that each information bit can be 

spread across all antennas. This kind of transmission, however, 
requires joint decoding at the receiver, making it very complex. The 

spatial rate is MT and the signaling rate is rm rcMT bits/transmission. 
Since the transmission bits are spread over MT antennas and each 

stream is received by MR antennas, the diversity order is MTMR.  
Furthermore, as usual, we also have coding gain depending on 

the temporal code and array gain at the receiver, which has perfect 
knowledge of the channel. 

 
V-BLAST 

A variant of the virtual encoding (VE) is the vertical BLAST (V-
BLAST) algorithm is shown. 

 

 
 

Figure 5.3 Vertical encoding 
 

The basic idea here is to usefully exploit the multipath, rather than 
mitigate it, by considering the multipath itself as a source of diversity 

that allows the parallel transmission of substreams from the same 
user. This approach is based on a MIMO (MTMR ) system (MT 

transmitting and MR receiving antennas) that supports transmit 
space diversity obtaining higher data rate while using the same total 
power and bandwidth adopted for the 1-D (SISO) system. 

 
 



 
 

Figure 5.4 V-BLAST configuration. 

 
The indoor environment is the ideal rich scattering environment 

necessary to get the best performance promised by this approach. 
The Bell Labs Layered Space-Time (BLAST) architecture uses 
multielement antenna arrays at both transmitter and receiver to 

provide high capacity wireless communications in a rich scattering 
environment. It has been shown that the theoretical capacity 

approximately increases linearly as the number of antennas is 
increased. Two types of BLAST realizations have been widely 

publicized: V-BLAST and D-BLAST.  
 

The V-BLAST is a practical algorithm shown to achieve a large 
fraction of the MIMO channel capacity in the case of narrowband 

point-to-point communication scenarios. The V-BLAST algorithm 
implements a nonlinear detection technique based on zero forcing 

(ZF) combined with symbol cancellation to improve the performance. 
The idea is to look at the signals from all the receive antennas 

simultaneously, first extracting the strongest substream from the 
received signals, then proceeding with the remaining weaker signals, 



which are easier to recover once the strongest signals have been 
removed as a source of interference. This is called successive 
interference cancellation (SIC) and is somewhat analogous to 

decision feedback equalization. When symbol cancellation is used, 
the order in which the substreams are detected becomes important 

for the overall performance of the system. In fact, the transmitted 
symbol with the smallest postdetection SNR will dominate the error 

performance of the system. 
 

Postdetection SNR is determined by ordering. The optimal ordering is 
based on the result that simply choosing the best postdetection SNR 

at each stage of the detection process leads to the maximization of 
the worst SNR over all possible orderings. Suppose the number of 

transmitters is MT and the number of receivers is MR. QAM 
transmitters 1 to MT operate cochannel at symbol rate 1/T symbols, 

with synchronized symbol timing. This collection of transmitters 
constitutes a vector drawn from a QAM constellation. Receivers 1 to 

MR are individually conventional QAM receivers. The receivers also 
operate cochannel, each receiving the signals radiated from all MT 
transmit antennas. Flat fading is assumed and the matrix channel 

transfer function is HMRxMT, where hi,j is the complex transfer function 

from transmitter j to receiver i and MT  MR . We assume that the 

transmission is organized in bursts of L symbols and that the 
channel time variation is negligible over the L symbol periods, 

comprising a burst, and that the channel is estimated accurately 
using training symbols embedded in each burst. 
 

Let a = (a1 a2 … aM)T denote the vector of transmit symbols. Then the 
corresponding received MR vector i 

 
                                   r1 = Ha + v 

Where v is a wide sense stationary (WSS) noise vector with i.i.d. 
components. 

 
Step 1: Using nulling vector wk1, form a linear combination of the 

components of r1 to yield yk1: 
   

                                    yk1 = wT k1 r1  
 

Step 2: Slice yk1 to obtain aˆ k1 : aˆ k1 = Q(yk1 ) 
 

Where Q(.) denotes the quantization (slicing) operation appropriate to 
the constellation in use. 



 
Figure 5.5 V-BLAST systems. 

 
Step 3: Assuming that aˆ k1 = a1, cancel ak1 from the received vector 

r1 ; resulting in modified received vector r2: 
 

                               r2 = r1 - aˆk1 (H)k1  
 

Where (H)k1 denotes the k1th column of H. Steps 1–3 are then 
performed for components k2 . . . kMT by operating in turn on the 

progression of modified received vectors r2 , r3, . . . , rMT. 
 
The specifics of the detection process depend on the criterion chosen 

to compute the nulling vectors wki, the most common choices being 
minimum MMSE and ZF. The detection process used in this section 

is the latter and is simpler. The ki th ZF nulling vector is defined as 
the unique minimum norm vector satisfying 

                              
 
Thus, the kith ZF nulling vector is orthogonal to the subspace 

spanned by the contributions to ri, due to those symbols not yet 
estimated and canceled. It can be easily shown that the unique 

vector satisfying is just the kith row of H± kj - 1, where the notation H- 

kj denotes the matrix obtained by zeroing columns k1 , k2, . . . , kj of 

H and + denotes the Moore-Penrose pseudoinverse. 

 

The full ZF detection algorithm is a recursive procedure, including 
determination of optimal ordering:  

 



 
 
where (Gi)j is the jth row of Gi . Thus determines the elements the 

optimal row sequence that maximizes the performance of the BER 
curve. Equation compute the ZF nulling vector, the decision statistic, 

and the estimated component of a, respectively. Equation performs 
the cancellation of the detected component from the received vector 

and computes the new pseudoinverse for the next iteration. This new 
pseudoinverse is based on the ‘‘deflated’’ version of H in which the 

columns k1, k2. . . kj have been zeroed. This is because these 
columns correspond to components of a, which have already been 

estimated and canceled. 
 

 
 

 
 
 

 



 
 
 

LST Receivers 
The reality of MIMO receivers is that we need to contend with 

MSI, since the transmitted streams interfere with each other. In 
addition to this, we have the usual problem of channel fading and 

additive noise. Initially we assume uncoded SM (i.e., the data stream 
comprises uncoded data, where no temporal coding has been 

employed, but only mapping). 
 

The three most common receivers for uncoded SM are ML ZF, and 
MMSE. We assume a flat fading environment following the law for the 

received signal 
                            r = Hs + n  

where  r is the received MR x 1 vector, H is the channel matrix of size 
MR x MT , s is the MT x 1 transmitted signal and n is the MR x 1 

ZMCSCG noise vector with covariance matrix N0 IMR.  
 

ML Receiver 
This is an optimum receiver. If the data stream is temporally 

uncoded, the ML receiver solves 

                        
Where sˆ is the estimated symbol vector. The ML receiver searches 

through all the vector constellation for the most probable transmitted 
signal vector. This implies investigating SMT combinations, a very 

difficult task. Hence, these receivers are difficult to implement, but 
provide full MR diversity and zero power losses as a consequence of 

the detection process. In this sense it is optimal. There have been 
developments based on fast algorithms employing sphere decoding. 

The interested reader is referred to these for further details. 
 

Zero-Forcing Receiver 
The ZF receiver is a linear receiver. It behaves like a linear filter 

and separates the data streams and thereafter independently 
decodes each stream. We assume that the channel matrix H is 

invertible and estimate the transmitted data symbol vector as 
 

                   
 

5.2 LST Receiver and its types 



where † represents pseudoinverse [5]. Since an inverse of H can only 
exist if the columns of H are independent, it is assumed that H = Hω 
(i.e., the entries are i.i.d). The noise in the separated streams is 

correlated and consequently the SNRs are not independent. The SER 
on any one channel averaged over all channel instances is upper-

bounded. 

                              
Equation shows that the diversity order of each stream is MR-MT + 1. 

The ZF receiver decomposes the link into MT parallel streams, each 
with diversity gain and array gain proportional to MR - MT + 1. Hence, 

it is suboptimum. 
 

MMSE Receiver 
We examine another linear detection algorithm to the problem 

of estimating a random vector s on the basis of observations y is to 
choose a matrix B that minimizes the mean square error. 

          
 

The solution of the linear MMSE is given by 

                        
Where the superscript H denotes the complex conjugate transpose. 
The ZF receiver perfectly separates the cochannels’ signals at the 

cost of noise enhancement. The MMSE receiver, on the other hand, 
can minimize the overall error caused by noise and mutual 

interference between the cochannel signals, but this is at the cost of 
separation quality of the signals. 

 
Successive Cancellation Receiver 

The successive cancellation receiver (SUC) algorithm is usually 
combined with V-BLAST receivers. This provides improved 

performance at the cost of increased computational complexity. 
Rather than jointly decoding the transmitted signals, this nonlinear 

detection scheme first detects the first row of the signal and then 
cancels its effect from the overall received signal vector. It then 

proceeds to the next row.  



The reduced channel matrix now has dimension MR x (MT - 1) and 
the signal vector has dimension (MT - 1) x 1. It then does the same 
operation on the next row. The channel matrix now reduces to MR x   

(MT - 2) and the signal vector reduces to (MT - 2) x 1 and so on. If we 
assume that all the decisions at each layer are correct, then there is 

no error propagation. Otherwise, the error rate performance is 
dominated by the weakest stream, which is the first stream decoded 

by the receiver. Hence, the improved diversity performance of the 
succeeding layers does not help. To get around this problem the 

ordered successive cancellation (OSUC) receiver was introduced. In 
this case, the signal with the strongest signal-to-interference-noise 

(SINR) ratio is selected for processing.  
This improves the quality of the decision and reduces the chances of 

error propagation. This is like an inherent form of selection diversity 
wherein the signal with the strongest SNR is selected. 

The OSUC algorithm is as follows: 
 

Ordering: Determine the optimal detection order by choosing the row 
with minimum Euclidian norm (strongest SINR). 
 

Nulling: Estimate the strongest transmit signal by nulling out all the 
weaker transmit signals. 

 
Slicing: Detect the value of the strongest transmit signal by slicing to 

the nearest signal constellation value. 
 

Cancellation: Cancel the effect of the detected signal from the 
received signal vector to reduce the detection complexity for the 

remaining signals. 
 

The OSUC algorithm is usually combined with the ZF or MMSE 
receiver, as in the V-BLAST algorithm discussed. 

 
Zero Forcing V-BLAST Receiver already discussed. 

 
MMSE V-BLAST Receiver 

The OSUC is combined with the MMSE algorithm to yield a 
performance superior to the ZF with OSUC combination. The MMSE 
receiver suppresses both the interference and noise components, 

whereas the ZF receiver removes only the interference components. 
This implies that the mean square error between the transmitted 

symbols and the estimate of the receiver is minimized. Hence, MMSE 
is superior to ZF in the presence of noise.  



The algorithm is as follows: 
 
Initialization 

                     
Recursion 

                        
Where  2 is the variance of i.i.d. complex Gaussian random noise 

with zero mean. It can be seen that the detection ordering is based 
on the SINR. 

 
Iterative Receivers 

Ideally, in order to achieve high capacities, we would like to use 
very large code words followed by ML decoders at the receiver. Reality 

precludes us from these goals, because the block sizes are finite in 
length and ML receivers are too complex. In encoded systems the 

complexity of ML receivers is further enhanced because it has to 
perform joint detection and decoding on an overall trellis obtained by 

combining the trellises of the layered space-time coded and the 
channel code. The complexity of the receiver is an exponential 

function of the product of the number of transmit antennas and the 
code memory order. Iterative receivers can approach optimal 



performance with a tolerable receiver complexity. It shows block 
diagram of an iterative receiver. This receiver can be applied only to 
coded LST systems. The decoders are soft input/soft output 

decoders. The outer coded bits are then subtracted from the input 
and interleaved. The interleaved output is canceled a posteriori from 

the preceding received signal. Interleaving helps receiver 
convergence. This is called soft iterative interference cancellation.  

 
The decoder can apply the maximum a posteriori algorithm (MAP) 

among many possible. This algorithm is optimum in the sense that it 
minimizes the bit error probability at the decoder output. 

 
      

 
 

Figure 5.6 Generic block diagram of an iterative receiver. 
 

 
 

 
 
 

 
 

 
 

 
 



 
 
 

Capacity of MIMO-OFDM Systems 
We investigate the capacity behavior of wireless OFDM based 

spatial multiplexing systems in broadband fading environments for 
the case where the channel is unknown at the transmitter and 

perfectly known at the receiver. We will examine the influence of 
physical parameters such as the amount of delay spread, cluster 

angle spread, and total angle spread and system parameters such as 
the number of antennas and antenna spacing on ergodic capacity 

and outage capacity.  
 

In OFDM-based spatial multiplexing, each antenna transmits 
statistically independent data symbols from different antennas and 

different tones. If the channel is unknown at the transmitter we 
allocate the total available power uniformly across all the antennas 

and OFDM tones.  
        

 
 
Figure 5.7 Integration scenario for IEEE 802.11a system for STC. 

  
 

Once transmitted, these symbols, depending on their frequency, will 
choose a delay path across the channel. These paths are also called 

data pipes. Remember that our precondition for spacetime coding is 

 5.3 Capacity of MIMO-OFDM Systems 
 



that the environment is ideally a rich scattering environment. In 
such an environment there are bound to be a number of delay paths. 
The symbols propagate along these paths and reach the receiver. The 

orthogonality between the data streams is dependent on the fact that 
these paths are mutually independent. Hence, each symbol stream 

does not ‘‘see’’ the other symbol streams. Intuitively, the more the 
streams or delay paths the greater the capacity because there are 

more data pipes. We will now mathematically prove this assumption. 
In this analysis, L is the number of delay paths across the channel, 

with each path being considered a scatterer cluster and each of the 
paths emanating from within the same scatterer cluster experiencing 

the same delay. Microdelay variations within the scatterers will be 
neglected. 

 
Assumptions 

 
Propagation scenario:  

We assume that the subscriber unit (SU) is surrounded by local 
scatterers so that fading at the SU antennas is spatially 
uncorrelated. The BTS is high enough so that it is unobstructed and 

no local scattering occurs. Therefore, spatial fading at the BTS will be 
correlated depending on the BTS antenna spacing, the angle spread 

observed at the BTS array, and coherent distance for that channel. 
We incorporate the power delay profile of the channel but neglect 

shadowing. These assumptions are typical for a cellular environment, 
wherein the BTS is on a tower or on the roof of a tall building and the 

terminal is on the street level and experiences local scattering. We 
restrict ourselves to the uplink case, the results being similar for 

downlink. In the following derivation, boldface letters signify vector-
matrix notation, thus H. 

 
Channel:  

Assume that there are L distinct scatter clusters and that each 
of the paths emanating from within the same scatterer cluster 

experiences the same delay. Micro delay variations within the 
scatterers will be neglected. Let s[n] be the MT x 1 transmitted signal 

vector and r[n] the MR x 1 received signal vector. 
Then, 

                                 
 



Where the MR x MT complex valued random matrix H, represents the 
ℓth tap of the discrete-time MIMO fading channel impulse response. 
In general in a wideband channel, there will be a continuum of 

delays. The channel model is based on the assumption that there are 
L resolvable paths, where L = [Bt] with B and t denoting the signal 

bandwidth and delay spread, respectively. The individual H, are 
(possibly correlated) ZMCSCG. Different scatterer clusters are 

uncorrelated, that is, 

                 
 

where ε denotes the expectation operator and superscript H stands 
for conjugate transposition and where 

                     
 

with hℓ,k being column vectors of the matrix Hℓ, and 0MRMT denoting 
the all zero matrix of size MRMT x MRMT . Each scatterer cluster has a 

mean angle of arrival at the BTS denoted as θℓ, a cluster angle spread 
ℓ, (proportional to the scattering radius of the cluster), and a path 

gain ℓ
2 , (derived from the power delay profile of the channel). 

 

Array geometry: We assume a uniform linear array (ULA) at both the 
BTS and SU with identical antenna elements. We can also extend out 

results to nonuniform arrays. The relative antenna spacing is 
denoted as ∆ = d/λ where d is the absolute antenna spacing and λ = 

c/fc is the wavelength of a narrowband signal with center frequency 
fc. 

 
Mutual Information 

We now derive the expression for mutual information of OFDM-
based spatial multiplexing system. Spatial multiplexing, as we 

already know from Chapter 6, has the potential to drastically 
increase the capacity of wireless radio links with no additional power 
or bandwidth consumption. The gain in terms of ergodic capacity 

over SISO systems resulting from the use of multiple antennas is 
called multiplexing gain. OFDM turns a frequency-selective channel 

into a frequency-nonselective one. This allows for simple equalization 
in that for each OFDM tone, we need to only invert the constant 

matrix.  



In OFDM-based spatial multiplexing, the data streams are passed 
through the OFDM modulators, as is shown in Figure and then 
launched from the individual antennas. This takes place 

simultaneously from all the MT antennas. In the receiver, the 
individual signals are passed through OFDM demodulators, 

separated, and then decoded. We assume that the length of the cyclic 
prefix is more than the maximum delay spread in the channel. This 

will obviate ISI. This assumption guarantees that the frequency-
selective fading channel decouples into a set of parallel frequency flat 

fading channels. 
 

Ergodic Capacity and Outage Capacity 
There are basically two cases that we need to investigate. 

 
Ergodic case:  

The assumption here is that the transmission time is long 
enough to reveal the long-term ergodic properties of the fading 

channel. From probability theory, we know that the term ergodic 
implies that the process is such that one sample from it is 
representative of that class. In this case the Shannon capacity (the 

maximum possible capacity for a channel) is given by C = ε { I }.For a 
good code, at rates lower than C the error probability decays 

exponentially with the transmission length. The assumption here is 
that the fading process is ergodic, coding and interleaving are 

performed across OFDM symbols, and the number of fading blocks 
spanned by a code word goes to infinity, whereas the block size 

(NMT) remains constant and finite. Capacity can be achieved in 
principle by transmitting a code word over a very large number of 

independently fading blocks. We note that the capacity obtained for 
an OFDM-based spatial multiplexing system is a lower bound for the 

capacity of the underlying broadband MIMO channel.  
 

This means that an OFDM-based system attains the same capacity 
as the minimum possible capacity that can be attained by the actual 

MIMO channel through which the transmission propagates. This is 
determined by not only MT and MR but also the size (rank) of the 

channel impulse response matrix H, which, in turn, is determined by 
the number of delay paths in the channel, which, in turn, determines 
the number of eigenvalues in the channel sum correlation matrix R.  

 
 

 
  



Nonergodic case:  
In this case, we assume that the code word spans an arbitrary 

but fixed number of blocks while the block size goes to infinity. This 

occurs when there is a finite time limit imposed for the transmission, 
like in the case of speech transmission over wireless channels. 

Unlike in the previous case, these assumptions give rise to error 
probabilities that do not decay with an increase of block length. 

Therefore, a capacity in the Shannon sense does not exist since with 
nonzero probability, which is independent of the code length, the 

mutual information I falls below any positive rate, as small as it may 
be. Thus we invoke the concept of outage. Assuming that the code 

words extend over a single block, the outage (or failure) probability 
for a given rate is the probability that I falls below that rate. In this 

case capacity is viewed as a random entity since it depends on the 
instantaneous random channel parameters. 

 
Expressions  for the ergodic and outage capacities of OFDM-based 

spatial multiplexing systems for the case where the channel is 
unknown at the transmitter and perfectly known at the receiver. We 
studied the influence of propagation parameters and system 

parameters on ergodic capacity and outage probability and 
demonstrated the beneficial impact of delay spread and angle spread 

on capacity. Specifically we showed that in the MIMO case, as 
opposed to the SISO case, delay spread channels may provide 

advantage over flat fading channels not only in terms of outage 
capacity, but also in terms of ergodic capacity (provided the 

assumption that delayed paths tend to increase the total angle 
spread is true). We furthermore found that while the multiplexing 

gain is governed by the rank of the sum correlation matrix R, the 
diversity gain is governed by the rank of the individual correlation 

matrix Rℓ. Finally, the capacity of an OFDM-based spatial 
multiplexing system is defined by 

                 C = min (L, MT , MR ) 
 

 
 

 
 
 

 
 

 
 



 
 

 

MIMO Multiuser 
We have covered MIMO-single user (MIMO-SU), wherein we 

have multiple antennas at the transmitter interacting with multiple 
antennas of one user at the receiver. We now examine a case 

comprising multiple users at the receiver, each with one or more 
antennas. For simplicity we shall assume that each user has only 

one antenna and interacts with a multiple antenna array at the base 
station. Obviously, in such a scenario the problem devolves to a case 

of MIMO broadcast channel (MIMO-BC) in the downlink and MIMO 
multiple access (MIMO-MAC) in the uplink (i.e., from the user to the 

base station). We now examine the capacity of such systems. 
  

The following are the assumptions: 

 The sources are located in the far field (i.e., they are so far away 
that when the wavefront arrives at the base station, it is 

planar). The channel is a narrowband channel. 

 The noise is i.i.d. Gaussian, spatially, and temporally white. 

 The signals from the users are independent and have a 
Gaussian distribution and are temporally white. 

 The channel is quasi-static (i.e., it varies from frame to frame). 
 
The received signal vector y of size M x 1 is given by 

                            
 

where s = [s1, s2, . . . , sP ]T is a P x 1 vector, H = [h1, h2, . . . , hP ] is 
an M x P matrix, and n is an M x 1 ZMCSCG spatially white noise 

vector with covariance matrix N0Im.The elements of H are not 
normalized because each element has a different value owing to path 
loss differences between users. The number of antennas M must be 

equal to or greater than the number of users P so that the users can 
be spatially separated. This stems from basic antenna theory wherein 

we can form spatially separate beams equal in number to the 
number of antenna elements (antennas). Hence, the number of 

antennas needs to be at least equal in number to the number of 
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users. Since the users are uncorrelated, the covariance matrix of the 
vector s, Rss = E { ssH } is given by 

                    
There are two basic decoding strategies under consideration at the 

base station— joint decoding and independent decoding. By joint 
decoding, we mean that the signals are decoded collectively, whereas 
independent decoding implies that each user is decoded 

independently and in parallel with the assumption that the other 
user is ‘‘noise.’’ Joint decoding requires O(2P) operations, whereas 

independent decoding requires O(P) operations, making the former 
extremely complex with the rise in number of users. 

 
Joint Decoding 

The signal is detected at the base station using ML detection. 
Let T be a subset of the set {1, 2, . . . , P} and Tc represent its 

complement [i.e., T ∩ Tc = , T U Tc = (1, . . . , P)]. We denote the 
covariance matrix of the signals transmitted from the terminals by 

indexing them with T, thus Rss,T and the corresponding channel 
matrix HT of size M x c(T ) where c(T ) is the cardinality of the set T. If 

we assume Gaussian signaling for each user, the error free rate 
maintained by the ith user is given by 

 

 
 

 



In Figure, the line AB represents which is the maximum achievable 
sum-rate on the uplink. Point B signifies the rate given by, wherein 
user 2 transmits at full power and ignores user 1. Point A pertains to 

user 1 transmitting at full power and at a rate defined by and 
ignoring user 2. The line AB represents the time-sharing between 

users. If the number of users exceeds two, then the capacity region 
becomes polyhedral. 

 
Independent Decoding 

In this case, we attempt to recover each user’s signal, treating 
all other signals as interfering ‘‘noise.’’ In joint decoding each user 

transmits at its full rate, ignoring the other users, but the decoding 
is carried out in a joint manner wherein we do not treat the other 

users as ‘‘noise.’’ In this case of independent decoding, we do treat 
the other users as ‘‘noise.’’ In such a case the covariance matrix,  Ryy 

= ε {  yyH  }, is given by 
 

 
 
The capacity region for the two user system is given as 

                       
Figure 5.8 Capacity region for MIMO-MAC with independent  
                 decoding at the receiver. 



If the number of users exceeds two, the capacity region will be 
cuboid. 
 

Case (i) 
 

When the users are orthogonal to each other, there is no mutual 
interference between them. In such a case, the capacity regions are 

maximal and the capacity region for independent decoding coincides 
with that for joint decoding since we can separate one signal from the 

other exactly. 
 

Case (ii) 
 

In this case, the users cannot be spatially separated. However one 
does gain a factor of M in SNR in joint decoding by using multiple 

antennas. This is because with M sensors, the receiver gets M 
replicas of the signal, which can then be added coherently, whereas 

noise adds up incoherently. In the limit the capacity region for 
independent decoding will eventually merge with that for joint 
decoding as the number of receivers increases. 

 
 

                     
Figure 5.9 Capacity regions with different users’ positions. 

 

 
 

 
 

 
 



POST TEST MCQ 
 

1. LST code means 

a) Layered space time 

b) Layer space time 

c) Line space time 

d) None of the above 

 
2. STBC and STTC did not have any multiplexing gain with respect 

to  

a) SISO 

b) SIMO 

c) Both 

d) None of the above  

 

3. Diagonal encoding also called as 

a) HLST 

b) DLST 

c) DSLT 

d) HSLT 

 

4. D-BLAST architecture  arranges the  layers diagonally in  

a) Space 

b) Time 

c) Both 

d) None of the above 

 

5. TLST means 

a) Time Layered space time 

b) Threaded Layered space time 

c) Traditional Layered space time 

d) Timing Layered space time 

 

 
 
 



6. ZF receivers are  

a) Linear filter 

b) Non linear filter 

c) Both 

d) None of the above 

 
7. SUC algorithm combined with 

a) D-BLAST 

b) V-BLAST 

c) Both 

d) None of the above 

 
8. The variants of HLST  

a) DE 

b) TE 

c) Both 

d) None of the above 

 
9. The OSUC algorithm includes 

a) Ordering 

b) Nulling 

c) Cancellation 

d) All the above 

 

10. The decoding techniques used in multiuser MIMO system 

a) Joint decoding 

b) Independent decoding 

c) Both 

d) None of the above 

 

 
 

 
 

 
 



 
CONCLUSION: 

Upon completion of this, Students should be able to 

 Understand the LST transmitter and receiver. 
 Understand the capacity of MIMO-OFDM. 

 Understand  the capacity of MIMO multiuser systems. 
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ASSIGNMENT  

 
1. Explain the LST Transmitter in detail. 

2. Explain the any two LST receivers. 
3. Explain the capacity of MIMO-OFDM. 

4. Explain the  capacity of MIMO multiuser systems 


