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This chapter provides a brief overview of the Communications Toolbox. It
explains how to use this guide and points you to additional manuals for
information on installation, the working environment, and related products.

What Is the Communications Toolbox?

The Communications Toolbox is a collection of computation functions and
simulation blocks for research, development, system design, analysis, and
simulation in the communications area. The toolbox is designed to be suitable
for both experts and beginners in the communications field. The toolbox
contains ready-to-use functions and blocks, which you can easily modify to
implement your own schemes, methods, and algorithms. The Communications
Toolbox is designed for use with MATLAB® and Simulink®.

The Communications Toolbox includes:

« Simulink blocks
« MATLAB functions

You can use the toolbox directly from the MATLAB workspace. You can use the
Simulink environment to construct a simulation block diagram for your
communication system. For convenience, the Communications Toolbox
provides online interactive examples that use many of the functions found in
this toolbox.

Available Functions

This toolbox supports a variety of functions in the communications area. These
functions include:

= Data source

= Source coding/decoding

= Error-control coding

= Modulation/demodulation

= Transmission/reception filters
=« Transmitting channel

= Multiple access

= Synchronization

= Utilities



Related Products and Documentation
The Communications Toolbox requires:

- MATLAB
= The Signal Processing Toolbox

What is MATLAB?

MATLARB is a powerful collection of tools for algorithm development,
computation, and visualization. It provides more control and flexibility
compared to a traditional high-level programming language. Unlike such
languages, MATLAB is compact and easy to learn, letting you express
algorithms in concise, readable code. In addition, MATLAB provides an
extensive set of ready-to-use functions including mathematical and matrix
operations, graphics, color and sound control, and low-level file /0. MATLAB
is readily extensible — you can use the MATLAB language to easily create
functions that operate as part of the MATLAB environment.

Note: The Communications Toolbox requires version 4.2c or later of
MATLAB.

The Using MATLAB guide describes how to work with the MATLAB language.
It discusses how to enter and manipulate data and use MATLAB's extensive
collection of functions. It explains how to perform command-line computations
and how to create your own functions and scripts. The online MATLAB
Function Reference provides reference descriptions of supplied MATLAB
functions and commands.

What is the Signal Processing Toolbox?

The Signal Processing Toolbox is a collection of tools built on the MATLAB
numeric computing environment. The toolbox supports a wide range of signal
processing operations, from waveform generation to filter design and
implementation, parametric modeling, and spectral analysis.

The Signal Processing Toolbox User’s Guide describes the toolbox in detail. It
discusses how to use the toolbox functions to address a variety of signal
processing tasks, and provides tutorial information, examples, and individual
function reference pages.
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Note: The Communications Toolbox requires version 3.0b or later of the
Signal Processing Toolbox.

What is Simulink?

Simulink is a dynamic system simulation environment. It allows you to
represent systems as block diagrams, which you build using your mouse to
connect blocks and your keyboard to edit block parameters. The
Communications Toolbox, if used in conjunction with Simulink, is part of this
environment — many blocks are actually masked Simulink models.

The Using Simulink guide describes how to work with Simulink. It explains
how to manipulate Simulink blocks, access block parameters, and connect
blocks to build models. It also provides reference descriptions of each block in
the standard Simulink libraries.

Note: The Communications Toolbox requires version 1.3c or later of Simulink
if you want to run the toolbox in the Simulink environment.

Recommended Products

The Communications Toolbox takes full advantage of the functionality and
structure of Simulink. Although the Communications Toolbox does not require
Simulink to run, using Simulink with the toolbox is highly recommended for
system simulation.

There are other optional MathWorks products that you can use with the
Communications Toolbox. While the Communications Toolbox provides some
support for channel noise generators, you can find a broader selection of noise
generators in the Statistics Toolbox. The Real-Time Workshop™ is an optional
software component that you can use to generate code from Simulink models.
The DSP Blockset is a collection of block libraries designed for use with
Simulink. These block libraries are designed specifically for digital signal
processing applications, such as convolution and Fourier transforms. All these
products are compatible with the Communications Toolbox.



Installation

The Communications Toolbox follows the same installation procedures as the
MATLAB toolboxes.

« To install this toolbox on a workstation, see the Installation Guide for UNIX.

« To install the toolbox on a PC or Macintosh, refer to the Installation Guide
for PC and Macintosh.

To determine if the Communications Toolbox is already installed on your
system, check for subdirectories named comm, commsim, and commfun under the
comm subdirectory within the main toolbox directory or folder.

Using the Toolbox

If you are new to the communications fieldread through the rest of this chapter,
the Introduction to Communication Systems chapter, and the Tutorial chapter.
These two chapters provide the necessary information for you to understand
the key techniques in the communications field.

If you are an experienced communications useyou need to read through the rest
of this section. You may want to skip the Introduction to Communication
Systems chapter. You can refer back to the Tutorial and Examples chapters for
further details about any specific topic.

If you just want to start as soon as possible, read through the rest of this
section. You may also want to read through the “Differences between Simulink
and MATLAB Simulation” section in Chapter 2.

All toolbox users can learn to use the toolbox by using the examples provided
in the Simulink block library. Type

commlib

in the MATLAB workspace.

Double-clicking any block in the commu window brings up a function block
sublibrary or a more detailed category sublibrary. Except for self-explanatory
utility functions, every function block in this toolbox has a companion example
that shows how to use the block. All function blocks are black with a white
background. All example blocks are black with a cyan background. By
double-clicking a Simulink block diagram, you can begin its simulation by
choosing Start in the Simulation menu.
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The Communications Toolbox supports an online interactive example that you
can access by typing

commgui

in the MATLAB workspace. A description of how to use this example is
provided in the “MATLAB Functions” section in Chapter 2.

To view all MATLAB functions in the toolbox, type

help comm

for a list of all toolbox commands.

The Communications Toolbox is divided into MATLAB functions and Simulink
block libraries. The subdirectory comm contains the MATLAB functions. The
subdirectory commsim contains the Simulink block library.

comm — MATLAB functions
commsim — Simulink block library
In addition, there is a commsfun sublibrary, which includes all S-function files.

If you use the MATLAB functions, see the online MATLAB Function Reference
for information on specific MATLAB functions. The function reference
descriptions include a synopsis of the function’s syntax, as well as a complete
explanation of options and operation.

If you use the Simulink block library, you should read the Using Simulink
guide for information on specific function blocks. The block reference
descriptions include the parameter settings of the blocks as well as a complete
explanation of options and operation.

Organization of this Manual
Chapter 2 provides a brief overview of communication systems.

Chapter 3 provides a thorough description of the various communication
techniques implemented in the Communications Toolbox. The discussion is
based on interaction with the functions and blocks provided in this toolbox.
This chapter does not discuss theoretical issues. You can use this chapter to
scan quickly through each area in the communication systems field. For your
convenience, Appendix B, Bibliography, lists standard reference books in the
communications field.



Chapter 4 provides simulation examples for communication systems. Some
results of the examples are shown using figures created by MATLAB Handle
Graphics®. A number of the examples are based on practical communication
systems.

Chapter 5 contains detailed descriptions of all MATLAB M-file functions in the
Communications Toolbox. The chapter lists the functions alphabetically.

Chapter 6 contains the Simulink block library. Each block in the Simulink
block library is discussed in detail. The Simulink library is divided into several
sublibraries based on functionality. Refer to the beginning of chapter 6 for a
discussion of that chapter’'s organization.

Appendix A discusses using the Real-Time Workshop with the
Communications Toolbox, and Appendix B contains a bibliography.

Acknowledgments
The author would like to acknowledge the following people:
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“Communication” involves the transfer of information from one place to
another. Communication can take many forms; talking is a common way for
people to communicate between each other. However, one person’s voice is not
loud enough to be audible over a long distance. So people must rely on other
communication systems to transfer information over long distances. For
example, Bostonians are used to getting weather information by looking at the
lights on the top of the old John Hancock building since people in the Boston
area know the lights mean:

Steady blue — Clear view
Flashing blue — Clouds due
Steady red — Rain ahead
Flashing red — Snow instead

(Flashing red in the summer means that the Red Sox baseball team is playing
in town that night.)

Voice goes short distances

Got it.

Light travels much longer distances

In most cases, light travels longer distances than sound. Using this principle,
engineers developed various ways to transfer messages. One of the most
popular methods is to use radio frequency signals to transfer human voice
signals over a long distance. The process of using a radio frequency signal (a
higher frequency signal) to carry a human voice (a lower frequency signal) is
known as modulation. The receiver uses a demodulation method to recover the
received modulated signal. There are different methods for signal modulation/
demodulation. The demodulation method must match the modulation method
to recover the transmitted signal correctly.



The Parts of a Communication System

The Parts of a Communication System

Other signal ﬁ»

Modulation|—p{ Multiple | Channel | Filter | Demodulation _»Infgll'rrpkatlon

Information
Source

Other signal J

—

A simple communication system contains three parts: the transmitter, the
channel (the transmitting medium), and the receiver. The information source
and information sink are also considered part of the communication system.

Information Transmitter :> . Information
Source — Channel Receiver —p» Sink

The task of communication system engineers is to design and maintain a
communication system such that the receivers can correctly demodulate,
decode, and correct errors in the transmitted message.

In general, a communication system can be classified as either analog or
digital. A transmitter for an analog communication system may include signal
modulation and multiple access. Multiple access is a “sharing” technique
whereby signals are sent in turn. A receiver for an analog communication
system may include a signal filtering bank and signal demodulation.

access

The messages in a digital communication system are represented by using
digital numbers or bits.A transmitter for a digital communication system may
include source coding, data compression, error-control coding, digital
modulation, and multiple access. Source coding is a process using a digital
signal to represent an analog signal. Data compression is a process that
converts the message into a compressed message, meaning a message that has
fewer information bits than the original message. The receiving side can
recover the original message from the compressed message by a data
decompression process. Error-control coding adds redundant error-checking
and/or error-correction bits. The receiving side can use the extra bits to detect
and/or correct the transmission errors. Digital modulation maps the digital
signal to an analog signal and then uses a higher frequency signal to carry the
analog signal. This figure shows the parts of the transmission process:
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Informatio
Source

coding

Source Data Error-control Modulation |- .
> compression > coding hal Multiple Channel

access
Other signal J

A receiver is conceptually the inverse of the transmitter. In most cases, the
receiving process method should match exactly the transmitting process
method to recover the transmitted message. This figure shows the parts of the
receiving process:.

Information

Sink -

Source Data Error-control | glDemodulation W
decoding‘compression‘ decoding - 4_

The channels in communication systems may vary in different applications. In
general, a channel may introduce noise, fading, phase shifting, and
interference to the transmitted signal.

The techniques used in the digital communications field are also used in other
applications. For instance, source coding, data compression, and error-control
coding techniques are widely used in computer storage applications.

Except for data compression, this toolbox provides ready-to-use tools to design,
analyze, and simulate communication systems. These systems include both
analog and digital communication systems.

The Communications Toolbox Block Library

To use the block library in the Communications Toolbox, you must have
Simulink installed. To open the block diagram of the Simulink block library,
type the command

commlib

in the MATLAB workspace.



The Parts of a Communication System

The block diagram of the top level of the Simulink library shows the
communication system structure:

Errar
Source e Egé'{ﬁ; ™ control —e Modulation — pyjtiple Transmitter
coding ACCESS ’ HMilters ¥
Fram ather E
Source
a
n
To other h
sink ‘ a
. . |
Error Multiple ‘ Receiver |
Sink — dgg;‘éﬂ? — control  —Demodulation ACCESS filters
8 decoding
Tutarial Synchronization, l:'.miitsi'gs Diemos

Figure 2-1: The Communications Toolbox Simulink Block Library

The upper row of blocks is the transmitting part of a communication system.
The bottom row contains the receiving part of a communication system. The
receiving part is a mirror image of the transmitting part. In most — but not all
— cases, the receiving computation is exactly the reverse of the transmitting
computation. Below the communication system diagram are utilities and
synchronization sublibraries that play supporting roles in the
transmitter-channel-receiver sequence.

Double-clicking any block in this library opens a sublibrary. The same block
library opens whenever you double-click a transmitting block or its
mirror-image receiving block. For example, double-clicking the Error control
coding or Error control decoding blocks opens up the same sublibrary.

Two sublibraries contain further subcategories. These are:

<« Error-control code/decode
< Modulation/demodulation

Double-click any subcategory block to reach the function blocks.
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A sublibrary usually contains two different block types: function blocks and
demo blocks. The demo blocks are cyan colored (or gray on black and white
screens). You can use the function blocks to build the block diagram of your own
communication system. Double-clicking a function block opens the parameter
dialog box to set the parameters for that block. In some sublibraries, there are
lines to link the transmitting blocks and receiving blocks, which means that
they are direct pairs of the transmitting and the receiving process. In general,
the blocks must be used together in a communication system. Double-clicking
a demo block opens a block diagram of a simple system which illustrates the
use of blocks located on the left of the demo block in the sublibrary.

The figure on the next page shows an example of the hierarchical structure of
the Communications Toolbox Simulink Block Library. Double-clicking a block
opens a block diagram in the next level.



The Parts of a Communication System

Top level library block diagram

COMMUNICATIONS TOOLBOX SIMULINK BLOCK LIBRARY

Error
‘ Source H %gg{gg H control Hmodulallun Multiple Transmitter
coding access Tilters
| —
From other I‘l

To other
sink
Error Multiple Receiver
sink qogurce control emodulatiol access ffilters
9 decoding
‘ Tutorial ‘ }Synchronizalion ‘ Ullities ‘ ‘ Demos ‘

[ |avasible biocks
(I
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Figure 2-2: The Hierarchical Structure of the Communications Toolbox

Simulink Block Library
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MATLAB Functions

The Communication Toolbox includes the most commonly used functions for
communication system design, analysis, and simulation. The MATLAB
functions are in subdirectory comm. You can get a list of the contents by typing

help comm

or

hthelp commhelp

Often there are various ways to implement a given concept in this toolbox. For
instance, there are six different analog modulation techniques supported in the
Communications Toolbox. You can find general information for using the
analog modulation function by typing

help amod

on the command line. The help utility lists a set of ‘method strings’ that
describe each of the modulation techniques. For help on how to use a specific
modulation method, type amod followed by the method string. For instance, to
find out about the QAM method, type:

amod gam



MATLAB Functions

Note that this command produces the help file for the QAM method even

though the word ‘help’ doesn’t appear on the command line. This table lists all

the functions that use this particular help command:

Function Description

amod Passband analog modulation. Methods of choice: amdsb-sc,
amdsb-sc, amssb, gam, fm, pm.

ademod Passband analog demodulation.

amodce Baseband analog modulation. Methods of choice: amdsb-sc,
amdsb-sc, amssb, gam, fm, pm.

ademodce Baseband analog demodulation.

dmod Passband digital modulation. Methods of choice: ask, psk,
gask, fsk, msk.

ddemod Passband digital demodulation.

dmodce Baseband digital modulation. Methods of choice: ask, psk,
gask, fsk, msk.

ddemodce Baseband digital demodulation.

modmap Digital signal to analog signal mapping. Methods of choice:
ask, psk, gask, fsk, msk.

demodmap Analog signal to digital signal mapping.

encode Error-control encoding. Methods of choice: hamming, block,
cyclic, bech, rs, convolution.

decode Error-control decoding.
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Differences Between Simulink and MATLAB Simulation

There are differences between simulation with Simulink block diagrams and
MATLAB functions. In Simulink simulation, each block in the diagram
advances at each time step. In other words, all the Simulink blocks are
performed concurrently during each time step; this is called time flow
simulation. In MATLAB simulation, the functions sequentially follow the data
flow. This means that the processed data goes through one computation stage
before activating the next stage. This is known as data flow simulation. Specific
applications may require one scheme over the other.

Data Flow Simulation Example

Let's use an example to explain the data flow simulation concept. The example
shows a 16-QASK modulation with BCH error-control coding. The simulation
uses the MATLAB functions encode and decode for error-control coding and
decoding. It uses the MATLAB functions dmod and ddemod for digital
modulation and demodulation. The message source used in the simulation is a
sequence of random integers. In the command lines, the lines starting with "%"
are comment lines:

% Define the multiple number, codeword length, and message
% length.
M = 16; N = 15; K = 11;

% Define the carrier frequency, digital transfer frequency,
% and simulation frequency.
Fc = 10000; Fd = 1000; Fs = 100000;

% Generate a 1100-by-1 matrix that contains the digital message
% to be transferred. The multiple number is M.

% randint generates random int.

msg = randint(KIl00,1);

% Use BCH code. The codeword length is N
% and the message length is K.
code = encode(msg,N,K,"bch®);
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% Use a 16-QASK digital modulation method.
% The multiple number is M=16.
modu = dmod(code,Fc,Fd,Fs, "gask",M);

% Assume the STD of the added Gaussian noise is 0.1.
std value = 0.1;

% Add AWGN with STD equal to std_value.
modu_noise = modu+randn(length(modu),1)std_value;

% Demodulation process
demo = ddemod(modu_noise,Fc,Fd,Fs,"qask®, M);

% BCH decode

% The codeword length is N and the message length is K.
msg_r = decode(demo,N,K, "bch®);

rate = biterr(msg,msg_r,M)

In the simulation, the entire data vector is processed as a unit. The
computation process generates a 1100-by-1 random integer vector. The
message signal is encoded by BCH encoding functions. The encoded signal is
sent to the next procedure, the QASK modulation, and so on. The modulation
process does not begin until the error control encode is finished. The data
process of the above MATLAB commands follows the arrows indicated in this
block diagram:

Source
signal

BCH

encoding|

QASK AWGN QASK BCH Recover

> mod > channel | ™ |demod [ decoding > signal

Once the simulation finishes, you can use MATLAB to post-process the data.

The last line of the above MATLAB commands compares the original data with
the recovered data from the receiving side. In general, when using data flow

simulation, you have to wait until the end of the simulation to see the overall
results and to compare the results to previous runs. It is not possible to reset
parameters in the middle of a simulation. If you want to change a parameter
in the MATLAB code, you must rerun the simulation after making the change.
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Time Flow Simulation Example

Using the Simulink block library, you can build a Simulink block diagram that
closely follows the parts of the communications process described earlier in this
chapter. This figure shows a Simulink block diagram that performs the same
functions as the “Data Flow Simulation Example”:

Vec to sca

A 4
A4

converter Error Rate

Rd wksp

|

eter
B—f LMW [ | [WwW r
BCHen [ VEC10SCA Lyl S QASK 1" AWGN 1 S-QASK Hy SCatovec L pJE———oml | Vecto sca

converter converter BCH de converter

Pulse  H»rEdge det~

The long sequence of blocks in the center row of the figure are the function
blocks. The Vector to scalar converter, Vector pulse, and Edge detector blocks
are 1/0 and timing blocks that support the basic communications functions in
the figure. Like the block diagram introduced in the “Data Flow Simulation
Example,” this block diagram introduces the Signal generator (Sampled read
variable block), BCH encode, QASK modulation, Channel, QASK
demodulation, and BCH decode blocks. The Error Rate Meter block compares
the original message to the recovered signal on the receiving side. It
corresponds to the last line of the MATLAB code in the “Data Flow Simulation
Example.”
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Unlike the MATLAB simulation, Simulink recovers and displays the received
message bits at each simulation time step. This figure shows the error rate
comparison map generated by the Error Rate Meter block:

15 15
1] 1]
14 14
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3 3
5 5
7 7
9 9
Message 11 11 .Recovered
symbols 13 13 symbols
15 15
6 6
10 10
11 11
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4 4
13 13
3 3
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- 0 Symbol
0 error
172 .
0 Bit error
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In the simulation the timing for the demapping can be chosen by tuning the
pulse generator. The process for determining the optimal demapping rate
involves using an eye-pattern plot, which is a multiple overlaid trace plot of the
received signal. The decision is determined by finding where the “eye” is most
widely open:

Eye-Pattern Diagram

amplitude

0 0.001 0.002 0.003 0.004 0.005 0.006 0.007 0.008 0.009 0.01
time (second)

The decision point in this eye-pattern plot is at t=0.005. This means that the
trigger signal for the QASK demodulation block should be set to 1/0.005 = 200
Hertz.

The Simulink simulation is an interactive simulation. This means that you can
reset most of the parameters in a block during the simulation (not all
parameters can be reset during the simulation). You can use the display blocks
to show the simulation results while the simulation is still running. You can
also save the data into files or into MATLAB workspace variables and do post-
processing on the saved data using MATLAB functions.

Comparison of Time and Data Flow Simulation
Schemes

Data flow and time flow simulations result in the same solutions (within
computational tolerances). Since data and time flow simulation schemes
handle simulation time differently, one method may be more suitable than the
other in a given application. In the examples described in the last two
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subsections, the data flow and time flow computations can be viewed as
processes with different timing. This figure is a qualitative comparison of the
timing used in the two schemes:

t+Dt Simulation time flow
Source signal generator

Error-control encoding

4 Digital modulation

A [~
\J

L

4 Digital demodulation

4 Error-control decoding
Y Error-rate analysis

|
|
|
Transmitting channel |
|
|
|

Simulation data flow

\J

Figure 2-3: Comparison of Time and Data Flow Simulations

The arrows inside the process category blocks indicate the simulation delay in
the process. If the arrow is strictly vertical, there is no delay in the process. If
the arrow is not strictly vertical, there is a delay in the process. Because of
cumulative delays, the data sent at time t from the data source is fully
recovered at time t+Dt, where At is the transmission delay. The transmission
delay can be modeled in both data flow and time flow simulation. Using the
Simulink user interface in the time flow simulation, you can adjust the
estimated time delay in the communication system by changing the offset of
the trigger pulse signals. The time delay is an important factor in the design of
a communication system as well as in the communication simulation. From the
synchronization point of view, the time flow simulation is more favored than
the data flow simulation.

In data flow simulation, you can easily design a filter in the domain or perform
a spectrum analysis at any stage in the simulation. For instance, you can
implement a perfect cut-off frequency filter. The implementation of a perfect
cut-off frequency filter is almost impossible when working in the time domain.
Since a data flow simulation uses batch file processing, you can perform a
spectral analysis on the entire data set and shape the data by using the desired
filters. This is useful for theoretical research. In a practical communication
system, the signals are processed in real time. To use a special filter, you can
either implement the required filter as a time domain filter, or hold the
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transfer data in a buffer, processing the buffered data using frequency
analysis. This figure illustrates the buffering-data procedure:

Sequential in Buffer

Vector Process

E——

4>

Buffer Sequential out
Figure 2-4: Data Buffering

Frequency filtering can be done at the “vector process” stage in the figure. Note
that the buffer process introduces a longer time delay compared to the time
domain filter. It also introduces more computational complexity. The longer
the buffer length, the more accurate the process, but the cost is a longer delay.

In the extreme case, when the buffer size is the same as the entire data vector
size, the time flow simulation is equivalent to the data flow simulation. In this
case, Dt equals the entire length of the process.
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This chapter provides an introduction to the techniques implemented in the
Communications Toolbox. This chapter also reviews communication systems
concepts. It does not contain theoretical discussions. See Appendix B at the end
of this User’'s Guide for references to more detailed discussions of
communications theory. If you are a beginner in the communication field, you
can learn communications techniques while using the toolbox. If you are an
expert, you can modify the functions and the blocks for your own applications.

This chapter assumes that you know basic communications terminology, such
as the distinction between bits and symbols. If you don’t know these
distinctions, refer to a general reference in communications theory, such as Lee
& Messerschmidt or Proakis.

This chapter examines communication techniques using the M-files and
Simulink blocks provided in the toolbox. For descriptions of individual
Simulink blocks and MATLAB functions, read Chapter 5, MATLAB Function
Reference, and Chapter 6, Simulink Block Library Reference.

A typical communication system includes a signal source, sink, and channel as
well as processes for transmitting and receiving. Except for the channel, these
concepts divide into pairs. The sections in this chapter follow the transmitting/
receiving diagram flow as shown in the figure:

coding [filters

Other signal

-

ource Error-control . i Receiver
sourc - <—Demodulat|on<—MUIt'ple<—

decoding

Channel

access

decoding [filters




This toolbox contains a Simulink block sublibrary and a MATLAB function
category for each item in the figure. In addition, the toolbox also contains
various synchronization and utilities functions and blocks. The table below
lists the basic processes involved in communications and the functions
associated with each process. The MATLAB functions are listed in
parentheses. Each of these processes is discussed in this chapter:

Process

Associated Functions

Signal Generator and Display
Devices

Source Coding

Error-Control Coding

Modulation and Demodulation

Random signal generator

Display devices (eyescat)

Error-rate analysis (symerr/bitter)
Scalar quantization (quantize/1l1oyd)
A-law compander (compander)

p-law compander (compander)

Predictive quantization
(dpcmenco/dpcmdeco/dpcmopt)

Linear block code

Hamming code
(encode/decode for all coding methods)

Cyclic code

BCH code

Reed-Solomon code

Convolutional code

Passband analog (amod/ademod)
Baseband analog (amodce/ademodce)
Passband digital (dmod/ddemod)

Baseband digital (dmodce/ddemodce)
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Process Associated Functions

Signal Multiplex and Time division
Demultiplex (Multiple Access) L
Frequency division
Code division
Transmitting and Receiving Raised cosine filter
Filters . .
Hilbert transform filter
Complex parameter filter
Channels Additive white Gaussian noise
Rayleigh fading channel
Rayleigh noise channel
Utilities/ Synchronization - phase-locked loop
Miscellaneous .
Format conversion
Voltage-controlled oscillator

Galois field computations (MATLAB
functions only)
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Signal Generators and Display Devices

This toolbox includes a number of signal generator and signal display blocks
and functions. The Source sublibrary contains the signal generator and signal
display blocks. The signal generators introduced in this section, all of which
generate random signals, are used in the transmitting channel. The display
devices introduced, including eye-pattern diagrams and scatter plots, are
among the most commonly used techniques in error analysis of communication
systems.

Random Signal Generators

This toolbox provides Gaussian, Rayleigh, Rician, Poisson, and uniform noise
generators in the Simulink block library.

You can find the MATLAB functions for generating the random variables in the
Statistics Toolbox.

Gaussian Noise Generator

Gaussian noise is the most widely used noise model in communication system
analysis. The probability density function (pdf) of the n-dimensional Gaussian
noise is

1 1 T,.-1
f(x) = —F———exp5(x—1) K (x-w)g

(210)2./det(K)

where x is a length n vector, K is the n-by-n covariance matrix associated with
X, and [ is the mean value vector of x. Gaussian noise is used in the most
popular channel model in communication systems, the AWGN (additive white
Gaussian noise) channel.

You can find the Gaussian Noise Generator block in the Source sublibrary and
the AWGN block in the Channel sublibrary. randn, which generates normally
distributed numbers, is available as a built-in MATLAB function.
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Rayleigh Noise Generator

The Rayleigh Noise Generator block generates signals that are Rayleigh
distributed. Rayleigh noise is noise with Rayleigh distributed amplitude. A
Rayleigh distribution is equivalent to that of the root sum square (RSS) of a
two-dimensional, zero mean Gaussian variable. Let y; and y, be the two
independent Gaussian random variables with zero mean and a common

variance 6. The Rayleigh random variable x is x = /yl2 + yz2 . The pdf of the
Rayleigh noise is:

The mean value of this distribution is 0+/T/2 and its variance is (2-11/2)02. The
Rayleigh noise is frequently used in radio channels, such as cellular radio
channels.

Rician Noise Generator

The Rician Noise Generator block generates signals that follow a Rician
distribution. Let y; and y, be two independent Gaussian random variables
with means m; and m, and a common variance ¢2. The quantity v2, called the
noncentrality parameter, equals m12+m22. The pdf of the Rician noise is:

E _X +;/
X | [XV 20
fxX) = 0=sly— x=20
0 o2 0%2%
. 0 X <0

where function 10(u) is the modified zeroth order Bessel function of the first
kind given by:

1 1
lo(u) = 5= &"“ldt

The mean value of Rician noise is (2+m) and the variance is 4(1+2m).
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Poisson Random Integer Generator

The Poisson Random Integer Generator block generates integers that follow a
Poisson distribution. This toolbox uses the Poisson random integer generator
for error-control code testing. The pdf of the Poison distribution is:

| >
x

f(x) = e™ when x=0,1,2,...

I:II:II:II:II:I

0 otherwise

The mean and variance of this distribution are both equal to A. When A is less
than 1, the probability of the nonzero data generated by the Poisson random
number generator is approximately equal to A. The binary error channel in this
toolbox uses this property to generate binary noise signals. You can find the
Poisson Random Integer Generator block in the Source sublibrary.

Uniform Noise Generator

The Uniform Noise Generator block, which generates uniformly distributed
noise signals, is commonly used in the estimation of source coding distortion.
For by, > bjgy, the uniformly distributed random variable x satisfying the
distribution is:

O 1
0 —

£(x) = O Buy—Brow when by, <x<b,
E 0 otherwise

The mean value of this distribution is (1/2)*(byp+bjew) and the variance is
(1/12)*(bup+b|ow) You can find the Uniform Noise Generator block in the
Source sublibrary rand, which generates uniformly distributed numbers, is
available as a built-in MATLAB function.

Display Devices

The Communications Toolbox provides display devices that make it easier to
analyze the performance of a communication system. Included in display
devices are the eye-pattern diagram, scatter plot, and error-rate computation.
This toolbox supports both Simulink blocks and MATLAB functions that
produce these display devices.
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Eye-Pattern Diagrams

In communications, it is often useful to quantify the degradation of a
transmission signal. Eye-pattern diagrams, so-called because they are eye-like
in appearance, are a widely used graphical illustration of this degradation. A
common way to generate eye-pattern diagrams is to set an oscilloscope to
sweep a signal at the rate of 1/T, where T is the symbol period. The continuous
overlay of sweeps produces the eye-pattern plot.

Digital transmission simulation involves two different sampling frequencies:
the decision frequency, Fy, at which symbol value decisions are made, and the
simulation sample frequency, Fg, where Fg > Fy. Let x be the signal at the
demodulator output. It is sampled once during each symbol period, and the
value of that sample is used to determine which symbol was most likely
transmitted. There are F¢/Fy data points in the 1/Fy symbol period. The one
which is used to make the decision regarding the estimated value of the
transmitted symbol is called the decision point. Note that in this toolbox the
symbol decision is called demapping.

In message transmission, a number of factors may distort the received signal,
such as the transmitting/receiving filters, channel noise, channel interference,
and the filters used in the demodulation. A communications engineer must
develop an algorithm for deciding what message was actually sent. You can use
an eye-pattern diagram to determine the decision point, which makes it
possible to decide what message was most likely sent. Usually, the decision
point is the point where the “eye” is most widely opened. This is the point at
which the signal is least sensitive to phase variations and timing jitter.

This toolbox provides the Eye-Pattern Diagram block in the Simulink library.
There is also a MATLAB function eyescat for plotting eye-pattern diagrams.
You can also use the digital demodulation functions, such as dmod, dmodce, and
demodmap, to plot eye-pattern diagrams.

Eye-pattern diagrams are also useful in evaluating the effect of intersymbol
interference (I1SI).
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Eye-Pattern Diagram Example . This example demonstrates the use of the
eye-pattern plot in the digital demodulation for digital transmission. Given
that the M-ary number (the number of different symbols than can be
transmitted) of the signal source is 16 and that the digital modulation method
is QASK, these command lines demonstrate the use of the eye-pattern plot:

% Define the M-ary number, calculation sample frequency.

M = 16; Fs = 10;

% Define the number of points in the calculation.

Pd = 100;

% The default symbol rate is Fd = 1.

% Generate an integer message in range [0,M-1].

msg_d = randint(Pd,1,M);

% Use square constellation QASK method for modulation.
msg_a = modmap(msg_d,1,Fs, "gask",M);

% Assume the channel equivalent to a raised cosine Filter.
rcv_a = rcosflt(msg_a,1,Fs, "Fs");

% Compare the signal before and after raised cosine Filter.
plot([0:1/Fs:Pd-1/Fs],msg_a,[0:1/Fs:Pd-1/Fs],rcv_a)

% Plot the eye-pattern diagram of the received signal.
eyescat(rcv_a,l1,Fs,0,10);

You must tune the fifth parameter in the above eyescat command to make the
D-point line (the line that locates the decision point) in the eye-pattern diagram
cross over the “eye” at the eye’s most widely opened point.

% Use the offset information for digital demapping.
rcv_d = demodmap(rcv_a,1,[10,10], "qask",16);
% Symbolic error analysis
symerr(msg_d,rcv_d)
ans=
0
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The figure generated by the plot command is a comparison between the
transmitted message and the received signal. In the figure, the solid lines are
the transmitted digital signal; the dotted curves are the received signal:

4

_4 L L L L L
0 0.05 0.1 0.15 0.2 0.25 0.3

The eye-pattern diagram repeatedly overlays the received signal over the
digital transmission period. The figure is generated by the command eyescat.
It is clear that the eye is widely opened at the D-point line.

Eye—Pattern Diagram

amplitude

0 0.001 0.002 0.003 0.004 0.005 0.006 0.007 0.008 0.009 0.01
time (second)
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Scatter Plots

The scatter plot is closely related to the eye-pattern diagram plot. The scatter
plot records the received data value at the decision point. In the MATLAB
function library, you can use the function eyescat to generate scatter plots. In
Simulink, you can use the Scatter Plot block.

The plots below compare two scatter plots that were generated using two
different offset points in the computation. The first, which is shown in the
left-hand side of the figure, has shifted one data point from the optimal decision
point. The second, which is shown at the right-hand side of the figure, has the
decision point exactly at the optimal point:

Scatter plot Scatter plot

3 3 ¥
3l
A
A
Lo PO - oo e . ] “
] ) )
El 5
2 El
S0 £o
@ [+
3 =
54 &
& -1y . . o
ol
ol
A} . ~
3P '-‘-‘,: - e v
-3 L »

.3

S 2 a1 o 1 2z s B2 a4 o PR
In-Phase In-Phase

The scatter plot for a two-column vector is a two-dimensional plot with the

x-axis equalling the in-phase component and the y-axis equalling the

guadrature component.
The commands used in generating the figure are:

eyescat(rcv_a,Fd,Fs,9,".%);
eyescat(rcv_a,Fd,Fs,10,".%);

Refer to the Eye-Pattern and Scatter Plot blocks in the Simulink reference
pages for more information on how to generate eye-pattern and scatter plot
diagrams.
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Error-Rate Analysis

Error-rate analysis is frequently used to evaluate the quality of a
communication system design or the performance of a special technique or
algorithm. The number of error bits is the number of bit errors resulting from
comparing the message sent to the message received. The bit error rate is the
number of bit errors divided by the total number of bits transmitted. The
number of symbol errors and the symbol error rate are defined similarly on the
transmitted symbol level.

In the MATLAB function library, there are two functions, symerr and biterr,
dedicated to symbol-error number and error-rate computation. In the Simulink
block library, there is an Error-Rate Meter block to display the symbol to
symbol comparison between the sender and the receiver(s) and to compute the
symbol error number, symbol error rate, bit error number, and bit error rate.
A snapshot of the Error-Rate Meter is shown in the figure below:

gz L DEesre || e |

1“ ? — 1“ Errors in transmission
2 2 2
3 3 3
4 4 4
5 5 5
6 10 2
7 7 7 -
i i i Symbol to symbol comparison
1 1 i between sender and receivers
2 2 2
3 3 3
4 4 4
5 5 5
6 i 6
7 7 7

Symbol Transfered ] 242 Number of symbol errors and

200 | 25 error rate
0.086079077 I 0.01029654
Bit Transfered I 7284
sig | 30 }Number of bit errors and error rate
0.043657331 I 0.0041186161

As indicated in the figure, after 7284 bits transmitted, the block detects 318
error bits in receiver 1. The error rate is:

318/7284 = 0.043657

The block detects 30 error bits in receiver 2; the error rate is 0.004118.
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Source Coding

The Communications Toolbox includes some basic functions for source coding.
Source coding, also known as quantization or signal formatting, includes the
concepts of analog-to-digital conversion and data compression.

Source coding divides into two basic procedures: source encoding and source
decoding. Source encoding converts a source signal into a digital code using a
guantization method. The source coded signal is represented by a set of
integers {0, 1, 2, ..., N-1}, where N is finite. Source decoding recovers the
original information signal sequence using the source coded signal. This
toolbox includes two source coding quantization methods: scalar quantization
and predictive quantization. A third source coding method, vector
qguantization, is not included in this toolbox.

Scalar Quantization

Scalar quantization is a process that assigns a single value to inputs that are
within a specified range. Inputs that fall in a different range of values are
assigned a different single value. An analog signal is in effect digitized by
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scalar quantization. For example, a sine wave, when quantized, will look like a
rising and falling stair step:

Quantized sine wave
1.5 T T T

Amplitude

1 1 1 1 1
0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
Time (sec)

15 i i i i
0

Scalar quantization requires the use of a mapping of N contiguous regions of
the signal range into N discrete values. The N regions are defined by a
partitioning that consists of N-1 distinction partition values within the signal
range. The partition values are arranged in ascending order and assigned
indices ranging from 1 to N-1. Each region has an index that is determined by

this formula:
% 0 X £ partition(1)
indx(x) = 0 i partition(i) < x < partition(i + 1)
% N-1 partition(N — 1) < x

For a signal value x, the index of the corresponding region is indx(x).

To implement scalar quantization you must specify a length N-1 vector
partition and a length N vector codebook. The vector partition, as its name
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implies, divides the signal input range into N regions using N-1 partition
values. The partition values must be in strictly ascending order. The codebook
is a vector that assigns a value, typically either an endpoint of the region or
some average value of the interval, to each region defined in the partition.
Since each region must have an assigned output value, the length of the
codebook must equal the length of the partition. Another way to view this is
that the codebook functions as a table lookup with each element assigned to a
partition.

The index value indx(x) is the output of the quantization encode function. The
codebook contains the values that correspond to sample points. There is no
function for quantization decoding, which is simply constructing the quantized
signal using the stream of index values output by the quantizer. Construct the
qguantized signal by using the MATLAB command:

y = codebook(indx+1);

In general, a codebook has the following relation with the vector partition:

codebook(1) < partition(1) < codebook(2) < partition(2) < ...
... < codebook(N —1) < partition(N — 1) < codebook (N)

The quality of the quantization, called the distortion, is the mean-square error
between the original signal data sig and the quantized signal quan:

M
distortion = % Z (sig(i)—quan(i))2
i=1

where M is the number of samples of the source signal sig.
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3-16

The computation procedure for the quantization source coding and decoding is
shown in the figure below:

distortion computation

The dashed square at the top of this figure is the source encode algorithm,
which assigns an index after deciding in which region the input signal value
falls. The dashed square in the middle of the figure is the quantization decode
algorithm, which maps the input index to whatever value the codebook assigns
to that particular index. The dashed square at the bottom of the figure is the
distortion computation, which calculates a cumulative average in which M is
the total number of points used in the computation.

The MATLAB function quantiz computes all three outputs shown in the above
figure. The Simulink Scalar Quantizer block is available in the source code
sublibrary.

Training of Partition and Codebook Parameters

The key functions in quantization are the assignment of the partition and
codebook parameters. In large signal sets with a fine quantization scheme, the
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selection of all the correct parameters can be tedious. In the Communications
Toolbox you can train these two parameters by using the MATLAB function
11oyds. To train the parameters, you must prepare a training set, which
typically represents function input data. The function 1loyds finds the
partition and codebook parameter vectors by minimizing the distortion using
the provided training data. Here is an example of the data training for a
sinusoidal signal:

N = 273; % three bits transfer channel

t = [0:1000]pi/50;

sig = sin(t); % one complete period of sinusoidal signal
[partition,codebook] = Iloyds(sig,N);
[indx,quant,distor] = quantiz(sig,partition,codebook) ;
plot(t,sig,t,quant,"--");

In the above commands, sig is a sinusoidal signal to be quantized. The peak
amplitude of the input signal must be one. The trained codebook and the
partition can be used for sinusoidal signals of any frequency. The above code
generates a figure that compares the original signal (the smooth curve) to the
guantized signal (the digital curve):

0.5 ‘ | b

-1

L

W)
Vi

0

10

60

70

The decoding procedure is simple using the basic MATLAB computation
format. Use the following command to obtain the decoded result:

quant = codebook(indx+1)
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Companders

The quantization discussed above is linear. In certain applications, you may
need to quantize a signal based on the power level of the input signal. In this
case, it is common to use a logarithm computation before the quantization
operation. Since a simple logarithm computation can only handle a positive
signal, some modification of the input signal is needed. The logarithm
computation is known as a compressor. The reverse computation of a
compressor is called an expander. The combination of a compressor and
expander is called a compander (compress and expand). This toolbox supports
two companders: the p-law and A-law companders. The selection of either
method is a matter of user preference.

The MATLAB function compand is designed for compander computation. The
Simulink block library includes four blocks for the p-law and A-law compander
computations: p-Law Compressor, p-Law Expander, A-Law Compressor, and
A-Law Expander.

p-law Compander
For a given signal x, the output y of the p-law compressor is

_ Vlog(1 + p|x|/V)
~ log(1+p)
where V is the peak value of signal x, which is also the peak value of y. p is the

p-law parameter of the compander. The function log is the natural logarithm
and sgn is the sign function.

sgn(x)

The p-law expander is the inverse of the compressor:

« = \_/(elyllog(l +H)/V
H
The MATLAB function for p-law companding is compand. The corresponding

Simulink p-Law Compressor and p-Law Expander blocks also support p-law
companding.

+1)sgn(y)
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A-law Compander
For a given signal x, the output y of the A-law compressor is

Alx|

T+ logA S9N (X) for 0<|x| <A/V

V(1 + logAlx|/V) for A/V<|x sV
1+logA )

<
1
o o

where V is the peak value of signal x, which is also the peak value of y. A is the
A-law parameter of the compander. The function log is the natural logarithm
and sgn is the sign function.

The A-law expander is the inverse of the compressor:

|

0 1+logA V
=0 Y[=—%——sgn(y) for 0=I¥l= T5755A

O Jyl(1+logA)/V -1V v

Ee Asgn(y) f0r1+|OgA<|y|sV

The MATLAB function for A-law companding is compand. The corresponding
Simulink A-Law Compressor and A-Law Expander blocks also support A-law
companding.

Predictive Quantization

The quantization introduced in the “Scalar Quantization” section is usually
implemented when there is no a priori knowledge about the transmitted signal.
In practice, a communications engineer often has some a priori information
about the message signals. An engineer can use this information to predict the
next signal to be transmitted based on past signal transmissions; i.e., he or she
can use the past data set x={x(k-m),...,x(k-2), x(k-1)} to predict x(k) by using
some function f(.). The most common way to implement predictive quantization
is to use the differential pulse code modulation (DPCM) method. The
Communications Toolbox provides the tools necessary to implement a DPCM
predictive quantizer.
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Differential Pulse Code Modulation

Using the past data set and predictor as described above, the predicted value
is assumed to be

x(k) = f(x(k=m), ..., x(k—2), x(k = 1))

where k is the computation step index. The function f(.) is called the predictor;
the integer m is the predictive order. The predictive error e(k) = x(k) —x(K) is
guantized by using the method discussed in the “Scalar Quantization” section.

The structure of predictive quantization is:

source inpuk(k)

e(k) Quantization

+ ? ’ Source encode
uantizedy(k
o ) iz

(k)

source encoded i&déndx(k)

Predictor |

This method is known as the differential pulse code modulation method
(DPCM). In the figure, indx(k) is the source encoded index, and y(k) is the
guantized output. The DPCM method transfers the bit length reduced indx(k)
instead of the real data x(k). At the receiving side, a quantization decoder
recovers the quantized y(k) from indx(k).

The figure below shows the quantization source decoding method:

source encoded inddmdx@ Quantization quantize@@

source decode <J
Predictor

The predictor must be the same one used in the encoding figure.

This toolbox uses a linear predictor:

X(K) =p(D)x(k=1)+...+p(m-1)x(k—=m+ 1) + p(m)x(k—m)
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The transfer function of this predictor is represented by a polynomial. The
vector p_trans = [0, p(1) ... p(k—m+1), p(k —m)| represents the finite
impulse response (FIR) transfer function:

A special case of the DPCM source code method is the widely used
delta-modulation method, in which the linear predictor is a first order predictor
with

The Communications Toolbox provides MATLAB functions dpcmenco and
dpcmdeco for the source encoding and source decoding using the DPCM
method. This toolbox also provides the function dpcmopt, which uses a set of
training data to generate an optimal transfer function of the predictor p_trans,
the partition, and the codebook. The training data represents the input
signal used in the DPCM quantization. For example, you can use dpcmopt to
find the parameters needed to encode/decode a sinusoidal signal using the
delta-modulation method. This example is a continuation of the example
provided in the “Scalar Quantization” section:

% Generate the optimal predictive transfer function,
% the partition, and the codebook.
[p_trans,partition,codebook] = dpcmopt(sig,1,N);

% Encode the signal using DPCM.

indx = dpcmenco(sig,codebook,partition,p_trans);

% Decode using DPCM.

quant = dpcmdeco(indx,codebook,p_trans);

% Compare the original and the quantized signal.
plot(t,sig,t,quant,"--%)
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Note that the sample time is important in the DPCM quantization. The figure
below shows the plot generated from the code:

15 T T T T T T

1r i
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The predictor must be the same one used in the encoding figure. Comparing the
result generated in this example to the one generated by scalar quantization,
notice that the DPCM guantization is of much better quality. The distortion
here is 6.2158e-5, which is much lower than the distortion value of 5.002e-3
achieved by the scalar quantization. Both methods used three bit symbols in
the quantization.

Simulink blocks for the DPCM encode and decode are available in the source
code sublibrary. A simple block diagram example of using DPCM encode and
decode blocks for source coding is:

oooo
°° > Mux| P
Signal |
DPCM Mux1
generator Eni%('}/é ———> decode Scope

This block diagram encodes a generated signal using the DPCM method and
then recovers the signal by DPCM decoding. The scope in the block diagram
compares the original signal with the quantized signal. The curve displayed on
the scope is the same as the curve shown in the plot generated from the
MATLAB code.
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Error-Control Coding

Error-control coding techniques are used to detect and/or correct errors that
occur in the message transmission in a digital communication system. The
transmitting side of the error-control coding adds redundant bits or symbols to
the original information signal sequence. The receiving side of the error-control
coding uses these redundant bits or symbols to detect and/or correct the errors
that occurred during transmission. The transmission coding process is known
as encoding, and the receiving coding process is known as decoding.

There are two major classes in error-control code: block and convolutional. In
block coding, successive blocks of K information (message) symbols are formed.
The coding algorithm then transforms each block into a codeword consisting of
N symbols where N>K. This structure is called an (N, K) code. The ratio K/N is
called the code rate. A key point is that each codeword is formed independently
from other codewords.

Convolutional codes differ from block codes in that there are no independent
codewords. The encoding process can be envisioned as a sliding window, M
symbols wide, which moves over the sequence of information symbols in steps
of K symbols. M is called the constraint length of the code and K is usually
equal to 1. With each step of the sliding window, the encoding process
generates N symbols based on the M symbols visible in the window. The code
rate is K/N.

There are two main types of decoding used with error-control codes: algebraic
and probabilistic. Algebraic decoding is based on the mathematical properties
of linear algebra and Galois (finite) fields. It is usually performed on block
codes. There is a set of MATLAB functions for Galois field calculations in this
toolbox. The most common type of probabilistic decoding is Viterbi decoding,
which is almost always performed on convolutional codes. This toolbox
provides an easy-to-use user interface that enables you to use Simulink block
diagrams to construct a convolutional code transfer function. The decoding of
convolutional codes in this toolbox uses the Viterbi algorithm.

An error-control code is a linear code if the transmitted signals are a linear
function of the information symbols. The code is called systematic code if the
information symbols are transmitted without being altered. Most block codes
are systematic, whereas most convolutional codes are nonsystematic. Almost
all codes used for error control are linear. The symbols in a code can be either
binary or nonbinary. Binary symbols are the familiar 0 and 1. Nonbinary codes
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are usually elements of a Galois field GF(pM). There are pM possible values for
these symbols where p is a prime number and M is a positive integer. The value
of p is usually 2. Reed-Solomon codes are the most popular nonbinary codes.

You can execute all encode computations by calling the function encode. The
format for encode is

code = encode(msg,N,K,method,opt);

where msg is the message signal (or information signal sequence), N is the
codeword length, and K is the message length (or number of information bits).
method is a string that specifies what type of encoding process to use, and opt
is an optional parameter used in some of the methods. The table below lists the
method strings, their meaning, and the corresponding opt parameter:

Method Meaning opt Parameter

hamming Hamming code Not used

block Linear block code Generator matrix

cyclic Cyclic code Generator polynomial

bch BCH code Not used

rs Reed-Solomon code Not used

convolution Convolutional code Octal form transfer function

We encourage you to understand the error-control coding techniques. However,
you do not need to be an expert in the coding methods to set the parameters.
The rest of this section provides a brief discussion and a few examples that
explain how to use the error-control coding functionality of this toolbox.

This example uses a codeword length 15 and 11 information bits to encode a
binary message. The example uses BCH code for the encoding process:

N = 15;

K= 11;

row_num = 100;

msg = randint(KOrow_num,1,2);
code = encode(msg,N,K,"bch®);
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Decoding is the inverse of the encoding process. Use the MATLAB function
decode for all decoding processes. The format for function decode is:

msg = decode(code,N,K,method,optl,opt2);

The decode optional parameters vary depending what coding method you use.
You must use the same method in the encode and decode functions to recover
the information signal sequence. Continuing the encoding example, assume
there is some transmission error in the channel. As a test, randomly add one
bit error to each codeword:

randbit(row_num,N, .3);
rem(code(:)+nois(:),2);

nois
code

Decode the message by typing:

rcv = decode(code,N,K, "bch*®)

The bit error in the decode is:

err
err

biterr(rcv,msg)

0

There is a MATLAB block sublibrary containing functions dedicated to the
error-control coding/decoding process. These functions are also available to the
Simulink block library.

Vector vs. Sequential Input/Output

There are two main input/output formats for the blocks in the Error-Control
Coding sublibrary: the vector input/output format and the sequential input/
output format.
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Vector Input/Output Format

For vector input/output format, the encode blocks accept length K vectors as
their input signals and output length N codeword vectors. The input/output
length for decoding blocks is the reverse of the encoding blocks. A decode block
accepts a length N codeword vector and outputs a length K recovered message.
This figure shows the vector input/output format for encoding and decoding a

message:

Encode

Transmittin
Length N Receivingg Length N >

message

codeword

codeword

Decode

Length K>

message

Vector Input/Output Format Block Diagram. You can build a Simulink block diagram
to simulate the BCH code using the vector input/output format. A simple block

diagram is shown below:

Sampled
read
variable

a| Vec to sca

”| converter

A 4

”| encode

» BCH |

Binary err

channel

BCH
decode

Vec to sca
converter

Error Rate
Meter
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In the block diagram, the Sampled Read Variable block is the data source. The
BCH encode and decode blocks are dedicated to the encoding and decoding
processes respectively. The Binary Err Channel block simulates a digital
transmission channel, which adds errors into the encoded binary signal. The
Error Rate Meter block compares the source data and the decoded data and
calculates the error rate. The simulation error-rate data is shown in the figure
opened from the error-rate meter. A snapshot of the error-rate meter is:

1673

Symbol Tranzfered

11
0.0065789474
Bit Tranzfered 6688
20

0.0023304306

Sequential Input/Output Format

In the sequential input/output format, the blocks automatically buffer up the
sequential input signal into a vector signal. The output mechanism
automatically buffers down the vector signal to a sequential signal. The buffer
up/down procedure causes delays. The delay time is the input buffer length
multiplied by the input sampling time, or equivalently, it is the output buffer
length multiplied by the output sampling time. Refer to the Simulink reference
page for each block for its delay time. Note that the sample time for an input
signal is different from the sample time for an output signal. The sample time
for the encode block is based on the block input sequence and the sample time
for the decode block is based on the block output sequence. The figure below
shows a sequential input/sequential output encoding block diagram.
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Encode )
_ > sequential I/~ —"_ __
— - T — - time-sequential
_L;ga K 7 codeword output
| Input buffer |
Ef ENNARRNARENN
o5
|§_§ Encode S |
| 25 J vector /o |Length N 3sg |
| message 3 |
D]]]]]]]]]]]|—> g codeword E’% |
—>
time-sequential Length N
message input [_ Output buffer |

encode, empty input buffer, and refresh output buffer. The time delay of this block fills up
the input buffer, which equals the input_sample_tifikeor the output_sample_tinieN.
Note that the input_sample_time need not equal the output_sample_time.

The sequential input/output decoding process is the exact inverse of the
encoding process.

To obtain a correct decode result, the decode method and parameters must
match the encode counterpart exactly, except for timing and phase offsets,
which may differ.

Example of the Sequential Input/Output Format. A sequential input/sequential
output example can be built to simulate the BCH code encoding and decoding
process. The block diagram for the sequential input/sequential output block

diagram is:
Samnrd BCH [ L,/ Bi BCH |—> Error Rat
rea > inary err —1_,, rror Rate
variable "| encode char¥nel decode —|_> Meter

To learn how to set the parameters correctly, see the Simulink reference
entries on BCH block sequential code/decode blocks. See Chapter 5, “MATLAB
Function Reference,” for descriptions of the Galois field computation functions.
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Error-Control Coding Library Blocks

The blocks included in the error-control coding library and the categories they
belong to are as follows. The encoding computations in the following list can be
done by using function encode. The decoding computations in the following list

can be done by using function decode.

Category

Blocks

Linear Block Code

Hamming Code

Cyclic Code

BCH Code

Linear Block Encode Vector In/Out

Linear Block Decode Vector In/Out

Linear Block Encode Sequential In/Out

Linear Block Decode Sequence In/Out
Hamming Encode Vector In/Out
Hamming Decode Vector In/Out
Hamming Encode Sequential In/Out
Hamming Decode Sequential In/Out
Cyclic Encode Vector In/Out

Cyclic Decode Vector In/Out

Cyclic Encode Sequential In/Out
Cyclic Decode Sequential In/Out
BCH Code View Table

BCH Encode Vector In/Out

BCH Decode Vector In/Out

BCH Encode Sequence In/Out

BCH Decode Sequence In/Out
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Category Blocks

Reed-Solomon Code Reed-Solomon Encode Integer Vector In/Out
Reed-Solomon Decode Integer Vector In/Out
Reed-Solomon Encode Binary Vector In/Out
Reed-Solomon Decode Binary Vector In/Out

Reed-Solomon Encode Integer Sequence In/
Out

Reed-Solomon Decode Integer Sequence In/Out
Reed-Solomon Encode Binary Sequence In/Out
Reed-Solomon Decode Binary Sequence In/Out
Convolutional Code Convolutional Encode Vector In/Out
Convolutional Decode Vector In/Out
Convolutional Encode Sequential In/Out

Convolutional Decode Sequential In/Out

Linear Block Codes

Linear block coding is a generic coding method. Other coding methods, such as
Hamming and BCH codes, are special cases of linear block coding. The
codeword vector of a linear block code is a linear mapping of the message
vector. The codeword v and the message u have the relationship v = uG.

where G is a K-by-N matrix with all elements in GF(2). G is known as the
generator matrix.

Linear block code is called a systematic linear code if the generator matrix has
the form G =[P, 1], where P is an (N-K)-by-K matrix and | is a K-by-K identity
matrix. (Note that some authors define the generator matrix as [I, P].) A
systematic linear code renders a length K message into a length N codeword
where the last K bits are exactly the original message and the first (N-K) bits
are redundant. These redundant bits serve as parity-check digits. Any linear
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code can be mapped into a systematic linear code, known as the equivalent
systematic linear code.

The recovery of the length K message from the codeword involves the
calculation of a matrix called the syndrome. The syndrome is a matrix that,
when multiplied by the codeword vector, produces the original message plus a
length (N-K) set of error-correction bits. Within the limitations of the designed
code, the syndrome detects the number of errors contained in the received
message.

Assume that the received sequence r is the codeword v plus an error sequence
einthechannel r = v+e.

The decoding process includes these four steps:

1 Compute the syndrome of r.

2 Locate the error e by using the syndrome.

3 Decode the received vector into the code vector v=r+e.

4 Recover the message vector from the reconstructed codeword vector v.

The syndrome is computed by s = rH' where H is called a parity-check
matrix. H is a null space matrix of the geTnerator matrix G. H is a (N-K)-by-K
matrix, which has the property that GH =0

Since r=v+e, v=uG, and GH =0, we have s=rH"=eH, which means that the
syndrome is a linear function of the transmission error. This toolbox provides
a function called gen2par to compute H from G for systematic linear block code.
The error location can be determined by a logic circuit truth table using the
syndrome. In the toolbox, a single error-detection truth table can be calculated
by using the command htruthtb. Once e is known, v can be calculated simply
by using GF(2) addition; that is, addition using the XOR logical operator. In
order to recover the message vector from the codeword, a matrix Q with GQ=I
has to be found, where | is a K-by-K identity matrix. For a systematic (N, K)
code, Q is

Q= lon(N—K)]
Tk xk
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Example of a Linear Block Code
In this example, assume the generator matrix is

1101000
0110100
1110010
1010001

which means that the linear block code is a (7, 4) code. An encode/decode
process using the MATLAB functions encode and decode is:

G=[[110;011;111;10 1],eye(d)]:

[K, N] = size(G);

msg = randint(K*200,1,2);

code = encode(msg,N,K, "block®,G);

code_noise = rem(code+rand(N*200,1)>.95,2);

rcv = decode(code_noise,N,K, "block®,gen2par(G));

disp(["Error rate in the received code: ",...
num2str(symerr(code,code_noise)/length(code))])

Error rate in the received code: 0.05

disp(["Error rate after decode: *,...
num2str(symerr(msg, rcv)/length(msg))])

Error rate after decode: O

Hamming Codes

A Hamming code is a linear block code. In this toolbox, the codeword length N
of Hamming code is a fixed number equal to 2M.1, where M is an integer larger
than or equal to 3. M is also the parity check length. The message length of
Hamming code is 2M-M-1. Hamming code is a single error-correction code,
which means that only one-bit corrections are possible per codeword. A list of
some valid Hamming code parameters (codeword length N, message length K,
and parity check length M) is provided in the table below:

7 (15 |31 |63 | 127 | 255 | 511 | 1023 | 2047 | 4095 | 8191 | 16383 | 32767

4 |11 | 26 |57 | 120 | 247 | 502 | 1013 | 2036 | 4083 | 8178 | 16369 | 32752

3|4 5 6 7 8 9 10 11 12 13 14 15
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The generator matrix and the parity check matrix for Hamming code can be
produced by the function hammgen. The truth table to find the error location
from the syndrome for Hamming code can be found by using the command
htruthtb.

In communications theory, it is possible to reduce N, the codeword length, in
certain situations where throughput is an issue or when there is more
redundancy in the code than is necessary for the application at hand. The
resulting code is called shortened code. This toolbox does not support shortened
code.

Cyclic Codes

Cyclic code is a linear code produced by a cyclic generator polynomial. The
generator polynomial f(X) of a (N, K) cyclic code is degree N-K polynomial over
the GF(2) field. Cyclic codes are attractive in that they possess certain
algebraic properties that allow practical decoding implementations. This
toolbox provides a function cyclpoly to find cyclic generator polynomials. For
example, you can find all valid (15, 9) cyclic generator polynomials by using:

pl=cyclpoly(15, 9)

pl=

1001111
1011101
1111001

Given a cyclic polynomial, you can find the cyclic generator matrix and
parity-check matrix by using the function cyclgen. You have the choice of
either "normal™ or "systematic" code. A systematic cyclic code is
recommended for most applications.

With the generator matrix and the parity-check matrix available, the encode
and decode procedures are the same as those discussed in the “Linear Block
Code” section.

BCH Codes

BCH code is another linear block code. Unlike Hamming codes, BCH code
permits multiple-error bit corrections. BCH code is named after the inventors
of the code: Bose, Chaudhuri, and Hocquenghem. The codeword length of a
BCH code is 2M-1, where M is an integer larger than or equal to 3. The number
of information bits is determined by the construction of the cosets of GF(ZM).
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You can use the function gfcoset to generate cosets of GF(2M). For a discussion
of what cosets are, refer to Lin & Costello.

BCH Encoding

The error-correction capability of BCH code is a function of the codeword and
the message lengths. There is no closed-form formula for determining the BCH
code error-correction capability. This toolbox provides the MATLAB function
bchpoly to calculate the BCH generator polynomial. This function also
displays the valid BCH codeword length, message length, and error-correction
capability. For example, you can find the valid message lengths for a given
codeword length by:

bchpoly(N)

If N is not a valid codeword length, the function will find the smallest valid
codeword larger than the given integer. For N<1023, the function bchpoly
produces a list of valid message words and error-control capability. For
N>1023, the function provides a list of valid message lengths only. When the
function

bchpoly is called with no input and output variables, it lists the codeword
length, message length, and error-control capability for all codeword lengths no
larger than 511. The next figure lists all message lengths and error-correction
capabilities for all valid codeword lengths up to 211-1=511:
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N K T N K T N K T
7 4 1 255 199 7 511 358 18
15 11 1 191 8 349 19
7 2 187 9 340 20
5 3 179 10 331 21
31 26 1 171 11 322 22
21 2 163 12 313 23
16 3 155 13 304 25
11 5 147 14 295 26
6 7 139 15 286 27
63 57 1 131 18 277 28
51 2 123 19 268 29
45 3 115 21 259 30
39 4 107 22 250 31
36 5 99 23 241 36
30 6 91 25 238 37
24 7 87 26 229 38
18 10 79 27 220 39
16 11 71 29 211 41
10 13 63 30 202 42
7 15 55 31 193 43
127 120 1 a7 42 184 45
113 2 45 43 175 46
106 3 37 45 166 a7
99 4 29 47 157 51
92 5 21 55 148 53
85 6 13 59 139 54
78 7 9 63 130 55
71 9 511 502 1 121 58
64 10 493 2 112 59
57 11 484 3 103 61
50 13 475 4 94 62
43 14 466 5 85 63
36 15 457 6 76 85
29 21 448 7 67 87
22 23 439 8 58 91
15 27 430 9 49 93
8 31 421 10 40 95
255 247 1 412 11 31 109
239 2 403 12 28 111
231 3 394 13 19 119
223 4 385 14 10 121
215 5 376 15
207 6 367 16

N: code word length; K: message length; T: error—correction capability

Figure 3-1: Message Lengths and Error-Correction Capabilities for Valid

Codeword Lengths in BCH Code
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You can obtain generator polynomials by using the function bchpoly with a
valid codeword length and message length specified.

With a given generator polynomial, you can use cyclgen to produce the
generator matrix and then follow the cyclic encode procedure for the encoding
computation.

BCH Decoding

The decoding procedure for the BCH code is much more complicated than the
encoding process. The decoding process includes these four steps:

1 Compute syndrome from the received codeword (codeword corrupted by
noise).

2 Determine the error-location polynomial from the syndrome.

3 Find the roots of the error-location polynomial, which are the error-location
numbers.

4 Reconstruct the corrected codeword and determine the message from the
codeword.

The algorithm is rather complicated. Refer to Lin & Costello for more
information or see the function bchcore for the implementation of BCH
decoding.

Reed-Solomon Codes

Reed-Solomon (RS) codes are burst error-correction codes. All of the other
coding methods provided in this toolbox are random error-correction codes. A
burst error occurs when noise corrupts several consecutive bits. Burst errors
frequently occur in computer data storage access. Because of this, RS code is
widely used in computer data storage environments, especially in CD-ROM
error-correction systems.

The theory of Reed-Solomon code is based on finite field theory. In particular,
the fields used are of the form GF(q™), where q is any prime number and M any
positive integer. This toolbox supports RS code on GF$2M). The elements of
GF(ZM) are defined by a power series format, i.e., a! a0 a, o?,.... The
message length K can be any positive integer smaller than N, where N is the
codeword length.
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The basic parameters of RS code are:

= Codeword length: N = 2M_1
= Number of check symbols: N-K = 2*T
= Error-correction capability: T = floor((N-K)/2)

For an efficient RS code, N-K should be an even number. With the exception
that the elements of RS code are in GF(ZM) instead of in GF(2), all computation
procedures are the same as those for BCH code.

The generator polynomial for RS code is a degree 2*T polynomial with its
coefficients in GF(2M). This toolbox provides the MATLAB function rspoly to
produce RS code generator polynomials.

The decode procedure is the same as for the BCH code. Refer to Lin & Costello
for more information or see the function rscore for the implementation of RS
decoding. The data input for RS code/decode can be one of the three forms:
binar'\)z, integers in the range from 0 to 2M-1, or power with the elements in
GF(2™).

Convolutional Codes

Up to now, all the decoding methods discussed are algebraic decoding methods,
which are memoryless codes. A memoryless code makes decoding decisions
with only the current codeword; code with memory uses information from
previously received codes to make decoding decisions about the most recently
received codeword. Since convolutional code makes decisions about the current
codeword based on past information, it contains memory elements. To include
the memory elements in the code, an extra parameter M is used to describe a
convolutional code. The parameter M is referred to as the constraint length of
the code. The constraint length is the maximum number of information
symbols upon which the symbol may depend. Two other parameters are needed
to describe the code. The parameter N designates the number of symbols
generated by the encoder from any given block of M contiguous information
symbols. K is the number of informations symbols by which the block is
advanced each time that code symbols are generated. A convolutional code so
constructed is called an (N, K, M) code.

Convolutional codes are commonly used in applications that require relatively
good performance with low implementation cost.
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The Transfer Functions of Convolutional Coding

The convolutional code transfer function determines the structure of the code.
Many different convolutional code transfer functions may share the same

(N, K, M) number, so exact specification of a convolutional code requires
knowledge of its transfer function. In this toolbox, the transfer function matrix
for convolutional code can be represented by two different forms: octal and
binary. This toolbox provides an interface using Simulink block diagrams to
generate a convolutional code transfer function.

A block diagram example of a (3, 2, 2) convolutional code is:

Shift
Reg

input output

O | Shift
Reg.

This (3, 2, 2) block diagram of a convolutional code uses this Simulink block
diagram representation:

3-38



Error-Control Coding

g
XOR 1
/] o ) oo
Inport Memory Memoryl Logical
Operator
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. > Outportl
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g
. Outport2
Logical
Operator2

Note that five different Simulink blocks have been used in the convolutional
code structure definition: Inport, Memory, XOR, and Outport blocks. The
functionality of each block can be found by comparing the above two figures.
You can convert a Simulink block diagram into a transfer function matrix by
using the command sim2gen. sim2gen converts a Simulink block diagram to
an octal form transfer function matrix.

Transfer functions for convolutional codes can be either linear or nonlinear. In
this toolbox, linear transfer functions fall into three categories:

e binary form

e octal form

= state space form

Nonlinear transfer functions for convolutional code have only one format in the
Communications Toolbox. This nonlinear format can be viewed as an input/
output mapping function that maps all possible inputs and states to the
possible outputs. The next four section discuss the linear and nonlinear
transfer formats in turn.
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The Binary Form . The binary transfer function matrix trans_func is a
K-by-N*(M+1) binary matrix. tran_func can be written in the following form:

t1 o - Yp
tran_func =

teq tko - kN

where t; is a length M+1 binary row vector, which is the transfer function
from ith input to jth output. The row vector t;; represents an ascending
ordered polynomial. For example the (3, 2, 2) convolutional code

1+ X% X+X*X
0 X 1

can be represented by the binary form with the specified code_param=[3 2 2]
and

_|/101011010
tran_func =

000010100

The Octal Form . The octal form of the transfer function matrix gen has the form:

911 912 -+ G1n
tran_func =

k1 9k2 -+ 9kN

in which g;; is the ith input to the jth output octal form transfer function. Note
that the binary form of the transfer function is in ascending order. The octal
form is a conversion of the binary vector along the ascending direction. The
octal form of the transfer function gen is:

gen = 532
024
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The State-Space Form. The state-space transfer function is represented in a linear
system form. A linear system can be written as a difference equation

x(k + 1) = Ax(k) + Bu(k)
y(k) = Cx(k) + Du(k)

where u(k) is the input vector, x(K) is the state, and y(k) is the output vector.
Multiplication and addition are binary operations. This function outputs the
transfer function in the form of

gen=|A By
C D

where V is a column vector with its first three element being the output vector
length, the input length, and the state vector length. The last element of the
vector is assigned to be -Inf.

Using the function sim2tran, the state space form of the transfer function can
be obtained by using the command:

gen = sim2tran(“fig_10_97)
gen =

m OO0 oo
O OO0 O
P OR R PR
P Rk OR O
S ON N W

Using command gen2abcd, you can find the [A, B, C, D] state space matrices
described in the difference equation defined in this section.

Nonlinear Transfer Functions for Convolutional Coding. A nonlinear system can be
written as the set of difference equations

x(k+1) = f(x(k), u(k))
y(k) = g(x(k), u(k))
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where u(k) is the input vector, x(k) is the state, and y(k) is the output vector.
The structure of the nonlinear transfer function is

Inf N
M K
u Vv

where N is the output vector length, K is the input vector length, M is the state
vector length, and U and V are input and output column vectors that have
lengths equal to 2K*M The symbol Inf in the first row, first column entry
position indicates that this transfer function is in the nonlinear format. The
rest of this section discusses the structure of the nonlinear format, and how it
can be viewed as an input/output mapping function.

In convolutional coding, the input signals, state values, and outputs are binary.
While it is possible to construct the nonlinear transfer function in binary form,
you can convert a length M binary state vector into an integer format. The
discussion that follows assumes that the input, state, and output vectors have
been converted from binary to integer. In convolutional coding, the range of
possible inputs, states, and outputs are finite. After converting from binary to
integer values, the possible values for the states and the outputs are in the
range [0 : 2M-1]. The possible input values are in the range [0 : 2K-1].

The column vector U contains the possible input values of u(k). The matrix that
represents the nonlinear transfer function maps inputs of given values to the
resulting outputs:

« The first 2M elements of V are the values of y(k) when u(k) = 0 and

x=[0:2M-1].
= The second 2M elements of V are the values of y(kK) when u(k) =1 and
x=[0: oM. 1].

= This process continues until it exhausts all possible input and state values.
« The last 2M elements of V are the values of y(k) when u(k) = 2K-1 and
x=[0:2M-1].

This is a mapping of all the possible inputs u(k) and states x(k) to the outputs
y(k). The nonlinear transfer function can also be viewed as a lookup table
whose lookup variables are the input and state values.

Note that the nonlinear transfer function constructed here does not share the
mathematical properties of linear transfer functions. For example, none of the
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spectral theory of linear transfer functions applies. One advantage of nonlinear
transfer functions is computational speed. Since no mathematical operations

occur other than the assignment of an output to given input and state values,
the output is immediately available.

For example, you can construct a nonlinear transfer function based on the
Simulink block diagram of (3, 2, 2) convolutional code discussed in the
“Transfer Functions for Convolutional Code” section of this chapter. For this to
work, replace the Memory blocks by Unit Delay blocks in the block diagram
and save it as nlconcd. Use the sim2tran function to generate the nonlinear
transfer function:

gen = sim2tran("nlconcd®)

gen =

Inf 3|
2

O O FRP FP W WNDMNMNMNDNMNDNWWPRFLRPFL OO
N W N wNODNOOPRFRE O, 0O PMMONDN

The result is the nonlinear transfer function. For more information on
nonlinear transfer functions, refer to the entry for sim2tran in Chapter 5,
“MATLAB Function Reference.”
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Convolutional Encoding

You can perform convolutional encoding by using the command convenco. In
the encoding process, a convolutional code transfer function can be converted
into a discrete-time transfer function

x(k+1)
y(k)

in which u is the length K input vector and y is the length N output vector. The
matrices A, B, C, and D are constant matrices with all elements in GF(2). The
number K is an non-negative integer that specifies the computation time. The
computation assumes the initial state x(0) is a zero vector.

Ax(k) + Bu(k)
Cx(k) + Du(k)

Convolutional Decoding

This toolbox uses the Viterbi method for decoding of convolutional codes. The
Viterbi algorithm is a maximum likelihood decoding procedure that takes
advantage of the fact that a convolutional encoder is a finite state device. If the
constraint length, M, is relatively small, i.e. M < 8, the decoder can perform
optimal decoding with relatively few computations.

The Viterbi decoder performs either hard decision or soft decision decoding. A
hard decision decoder accepts bit decisions from the demodulator. These
decisions assign either a 0 or 1 to each received bit. Soft decision decoding
involves using demodulator outputs that are proportional to the log likelihood
of the demodulated bit being either 0 or 1. The log likelihood is the logarithm
of the probability of a bit being, for example, 0 if the demodulated bit was 1. If
the transmitted bit is variable x and the demodulated bit is variable z, this
expression is the log likelihood that x is 0 given that z is 1:

Soft decision decoding generally produces better performance at the cost of
increased complexity. The next two sections discuss soft and hard decision
decoding in turn.

Soft Decision Decoding. For soft decision decoding, the received codeword can be
any real number. Because of channel fading, noise, interference, and other
factors, a signal transmitted as a 0, for example, may be received as some
nonzero real value x. From a priori knowledge of the channel, you can estimate
the probabilities of the value x falling in certain regions. A similar analysis

3-44



Error-Control Coding

holds for the transmission of a signal 1. Use the notation P(rcv|msg) to
represent the probability of receiving rcv data while sending msg data. Using
the definition, we can describe a transmitting channel by a set of transfer
probabilities. For instance, in the following channel,

2/5 (-Inf, 1/10]

(1/10, 1/2]

(1/2, 9/10]

(9/10, Inf)

the probability of signal O being received in range (-Inf, 1/10] equals 2/5 or
P((-Inf, 1/10]]0) = 2/5. The probability of signal 1 being received in range
(-Inf, 1/10] equals 1/16 or P((-Inf, 1/10]] 1) = 1/16. This table presents the
probability structure associated with the communication channel:

Receiving Probability Receiving Probability
When Sending O When Sending 1
P((-Inf, 1/10]1]0) = 2/5 P((-Inf, 1/10]]1) = 1/16
P((1/10, 1/2]10) = 1/3 P((1/10, 1/2]]11) = 1/8
P((1/2, 9/10]]10) = 1/5 P((1/2, 9/10]]1) = 3/8
P((9/10, Inf)]0) = 1/15 P((9/10, Inf)] 1) = 7/16.

Round brackets indicate an open range. Open ranges do not include the
boundary points. Square brackets indicate a closed range. Closed ranges
include the boundary points.

The optimum path for a soft decision maximizes the metric of the received
signal r and the corrected signal c. For a codeword length N transmission, the
metric M(r]c) is defined as

N

M(r|c) = z logP(r;|c;)

i=1
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where r; is the ith element of the received codeword vector and c; is the ith
element of the corrected vector.

The MATLAB functions decode and viterbi and the Simulink blocks Cyclic
Decode Vector In/Out and Cyclic Decode Sequence In/Out require that you
define a transfer probability variable trans_prob, a three row matrix. The first
row of trans_prob is the lower boundary of the received range. The second row
is the probability of receiving signal in the range specified in the first row given
that the transmitter sent a 0 signal. The third row is the probability of
receiving signal in the range in the first row given that the transmitter sent a
1 signal. The format is:

LB1 LB2 ..
trans_prob = |P[LB1,LB2]j00 POLB2LB3]/00 ...
POLB1,LB2]00 POLB2,LB3]00 ...

Continuing with the channel example, the transfer probability is:

—00

trans_prob =

'—\
wi Wk Bk
0w Gk NIR

Sl o

Hard Decision Decoding. For hard decision decoding, the received codewords are
binary data. The probability of signal 0 being received as 0 is g, or P(0]0) = q;
P(1]0) = 1-g. The probability of signal 1 being received as 1 is g, or P(1]1) =q;
P(0]1) = 1-g. This toolbox always assumes g>1/2. In case q<1/2, you can simply
reverse ones and zeros prior to the decoding process. The optimum path is the
one that has the minimum Hamming distance between the received codeword
and the corrected codeword (know as the survivor). The Hamming distance
between two binary vectors is defined as the number of indices where the two
vectors do not match.

The Viterbi Algorithm. The Viterbi algorithm is good for both soft and hard
decision decoding. The criterion used for decision making is the metric for soft
decision decoding and the Hamming distance for hard decision decoding.
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A step-by-step description of the Viterbi algorithm is:

1 Assign initial conditions:

i = 0; the current computation index.

j = 0; the current decision index.

x1(0) = 0; the initial state.

m4=0; the initial criterion (metric for soft decision decoding and Hamming
distance for hard decision decoding).

2 Using all valid xg(i), compute all possible input paths to x(i+1). If there is
more than one input path to xg(i+1), keep the one that is optimal under the
criterion you are using. This is the maximum metric value, called the metric
accumulation, in soft decision decoding and the minimum
Hamming distance in hard decision decoding. Keep the input path leading
to xg(i+1) and the criterion value of that path. Note that b and e are possible
numbers between 1 and 2'"9t()

3 Tracing from xg(i+1), remove all paths that cannot reach step i+1.

4 For a limited memory case, where you are evaluating paths of fixed length
only, check if the buffer is full, i.e., if i-j is greater than the fixed path length.
Ifitis full, use the optimal value calculated under the criterion you are using
to decide which state to keep and clear the memory space of path segments
that are no longer being used (this means you must set j=j+1). For an
unlimited memory case, check if the beginning of the whole path x(j) to
x(j+1) is a single connection. If it is, keep the path as the result of the
decision. j=j+1.

5 If i+1is not the encode of the codeword transfer, i=i+1, go to 2. Otherwise go
to 6.

6 Take Xg(i+1)=0 as the final state, trace back to j all of the paths in the
decision.

This toolbox provides function convenco for convolutional encoding. Function
viterbi implements the convolutional decode Viterbi algorithm for both
limited memory length and unlimited memory length.
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A trellis is the set of paths of the possible transitions from one state to another.
You can view the trellis using viterbi. In trellis plots, the path with bold lines
is the decision path, which is always the optimal path for the given conditions.

You can also use functions encode and decode with option convolution for
convolutional encode and decode calculations. Convolutional encode/decode
Simulink blocks are also available in the Error-Control Code sublibrary.

Example of Convolutional Decoding

This example uses the (3, 3, 2) convolutional code discussed on page 3-42 in the
“Transfer Functions of Convolutional Code” section of this chapter. You can
view the block diagram of the transfer function by typing:

tutconmd

The figure below shows a block diagram used for testing the convolutional code
with the (3, 3, 2) convolutional code transfer function:

L’ Error

S Scatovec || —x NE =) Vec to sca »  meter
Rd wksp converter Convien [» B-error Convl de converter
Ex £~ £~

Generate
] tran_func

Convolutional decoding uses the Viterbi algorithm. You can view the trellis
used in the Viterbi decoding process while running the simulation by entering
the trellis length in the Trellis figure plot length parameter in the
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Convolutional Decode block in the above diagram. This figure shows the trellis
used in the computation:

State 7

State 3 ' ' ,v\v» v ) » ) » ) ) » v
state 5 /AA‘ \ , o,;l,. ) ‘, o'/ ........ o'/.
A v/ \v/N \v/ "A'o w,&\v/ Wl \v/ il \v/ ;

State 1
i I
State 6 e/ ’.‘\‘“ "“ N“\N‘ N“ M

.\\ "‘ ’.‘o‘ ‘»‘ "‘ ‘s‘ ’.‘o“
- [ il /m
\ //\

State 4 o o ) ) ) » ) ) » ) ; ) ) » )‘

State 0

In the trellis plot, the lines are all the possible decision paths. The bold lines
are the optimal path, which is used as the decoding path. The numbers on the
right-hand side are the Hamming distance in the decoding. You can change the
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generate the transfer function using sim2tran and work directly with it. The
MATLAB code needed to run the encode and decode process using the transfer
function is:

trans_func = sim2tran("tutconmd®);

code_word = encode(msg,size(trans_func,2), ...
size(trans_func,1), "convolution®,trans_func);

recovered = decode(msg,size(trans_func,2),....
size(trans_func,1), "convolution® ,trans_func);

Refer to the entries for encode and decode in Chapter 5, “MATLAB Function
Reference,” for a more detailed discussion of how to use these functions.
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In most media for communication only a fixed amount of the frequency
spectrum is available for transmission. Although the signal to be transmitted
may have a relatively small bandwidth, its frequency spectrum may not fall
within the necessary frequency range. The usual solution is to modulate the
input signal with a carrier sinusoid that is within the desired frequency range.
The resulting waveform will be within the desired frequency range and can be
transmitted. At the receiver the waveform can be demodulated to recover the
original signal.

There are two major categories in modulation/demodulation: analog and
digital. In analog modulation, the input message signal is analog. In digital
modulation, the input message signal is discrete.

In the simulation of modulation techniques, there are two options for
representing the modulation/demodulation process: passband and baseband.
In passband simulation, the carrier signal is included in the transmission
model. The frequency of the carrier signal is usually much greater than the
highest frequency of the input message signal. By the Nyquist sampling
theorem, the simulation sampling frequency must be at least two times larger
than the carrier signal frequency to recover the message correctly, but the
simulation of a high frequency signal can be very slow and inefficient. To speed
up the simulation process, a baseband simulation is commonly used when the
parameter selection and performance of the modulation and demodulation are
not the current design issue.

Baseband simulation, also known as the low-pass equivalent method, uses the
complex envelope of a passband signal. The Baseband Analog Demodulation
section of this chapter presents the mathematical definition of a complex
envelope; here it is important to note that it is an important tool in baseband
modulation.

The sections below discuss passband analog modulation/demodulation and
passband digital modulation/demodulation in turn. Since the demodulation
techniques used in baseband significantly differ from the modulation
techniques, this chapter discusses each of these separately.



The sections under “Modulation and Demodulation” are:

=« Passband analog modulation and demodulation
= Passband digital modulation and demodulation
= Baseband modulation and demodulation

= Baseband analog modulation

=< Baseband analog demodulation

=« Baseband digital modulation

=< Baseband digital demodulation

Passband Analog Modulation and Demodulation

There are a number of methods for analog modulation: amplitude modulation
(AM), frequency modulation (FM), and phase modulation (PM). The amplitude
modulation includes double sideband suppressed carrier (DSB-SC) AM, double
sideband with transmission carrier (DSB-TC) AM, single sideband suppressed
carrier (SSB) AM, and quadrature amplitude modulation (QAM).

The function amod in this toolbox is designed for the analog passband
modulation computation, and the function ademod for the analog passband
demodulation computation. You can select modulation/demodulation methods
by assigning an input string parameter method. The demodulation method
chosen must match the modulation method in order to recover the message
signal. The table below lists the modulation methods available:

Method Meaning
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amdsb-sc Double-sideband suppressed amplitude modulation

amdsb-tc Double-sideband with transmission carrier
amplitude modulation

amssb Single-sideband suppressed carrier amplitude
modulation

m Frequency modulation

pm Phase modulation

gam Quadrature amplitude modulation

To use the function ademod and analog demodulation blocks, you must design
a lowpass filter. The Signal Processing Toolbox provides a variety of functions
for filter design, such as the functions butter, cheby1, cheby?2, ellip, etc. This
toolbox requires discrete-time filters in the demodulation functions and blocks.
The algorithms in the demodulation process require that the lowpass filters
eliminate the carrier signal. As a rule of thumb, you can define the cut-off
frequency to be f./2, half of the carrier frequency. For example, if the
computation sampling frequency is Fs, you can use the function butter to
design an Nth order Butterworth lowpass filter with cut-off frequency Fc:

[num,den] = butter(N,Fc/Fs);

The vector outputs, num and den, are the numerator and the denominator of the
lowpass filter transfer function.

The carrier frequency must be higher than the bandwidth of the message
signal. The cut-off frequency limits the bandwidth of the message signal. When
the cut-off frequency is too high, the carrier frequency may not be filtered out.
When the cut-off frequency is too low, it can narrow the bandwidth of the
message signal.

Example of the Effect of Lowpass Filters on Demodulation

In this example, a sawtooth message signal is modulated by using frequency Fc
with computation sampling frequency Fs. The resulting signal is demodulated




by using three different cut-off frequency filters. The lowpass filters are
designed by the command:

[num,den] = butter(2,F);

where F is the cut-off frequency in the design. In the figure below, three plots
show the effect of the different lowpass filters:

In each plot, the dotted curve is the demodulation output. The left plot uses the
suggested cut-off frequency F = Fc/Fs. The middle plot uses a higher cutoff
frequency F = 4 Fc/Fs. The right plot uses a lower cut-off frequency F = Fc/Fs/
4. The higher cut-off frequency allows the carrier signal to mix in with the
demodulated signal, while a lower cut-off frequency significantly narrows the
bandwidth of the demodulated signal. Both effects are undesirable.

Different demodulation methods have different properties; you may need to
test several filters before finding the best filter for your application. The order
of the filter is also an important issue. In general, a higher-order filter has
steeper rolloff characteristics compared to a lower-order filter. However,
computational issues may arise when the order is too high.

There is invariably a time delay between a demodulated signal and the original
received signal. Both the filter order and the filter parameters directly affect
the length of this delay.
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Double-Sideband Suppressed Carrier Amplitude

Modulation and Demodulation

The double-sideband suppressed carrier amplitude modulation (DSB-SC AM)
method modulates a message signal m(t) using the formula

y(t) = m(t)cos(2mf t + @,)
where y(t) is the modulated signal, f. is the carrier frequency (Hertz), and ¢, is
the initial phase (rad).

The corresponding demodulation method, DSB-SC ADM, recovers the message
signal m(t) from the received modulated signal y(t). The demodulation
procedure is shown in the block diagram below:

2 sin(2rf t+qy)

t)
y(t) Lowpass m(
(X > filter [ P

Figure 3-2: DSB-SC ADM Block Diagram

Costas Loop Demodulation Method with DSB-SC ADM. The DSB-SC ADM
method requires knowledge of the modulation phase. If the exact modulation
phase is not known, you may use the Costas phase-locked loop demodulation
method, which recovers the phase from the received signal. The method is
shown in this figure.

y(t) Lowpass m(t
X B filter -
Lowpass
;¢ VOO Tijter
i
5 Lowpass
(X B filter

Figure 3-3: Costas Phase-Locked Loop Demodulation Block Diagram
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In the figure, VCO is the voltage controlled oscillator. A discussion of voltage
controlled oscillation is provided in the Utilities section of this chapter. In the
Simulink block library, you can directly use the DSB-SC ADM block, which
contains a Costas phase-locked loop. In function ademod, append "/costas” to
the end of the method variable to use the Costas loop demodulation method. For
example, if the modulated signal is stored in the variable moded, the
demodulation process can be

recovered = ademod(moded,Fc,Fs, "amdsb-sc”, initial_phase)

or, using the Costas loop method:

recovered = ademod(moded, Fc,Fs, "amdsb-sc/costas”®)

Double-Sideband with Transmission Carrier Amplitude
Modulation and Demodulation

The double-sideband with transmission carrier amplitude modulation
(DSB-TC AM) is a classical textbook method. This method is not used in
practice because it is inefficient compared with other modulation methods in
terms of energy costs. This method is very simple, however, and is commonly
introduced in standard communications textbooks.

DSB-TC AM modulates a message signal m(t) using the form:
y(t) = (m(t) + offset)cos(2mf t + @)
where y(t) is the modulated signal, f. is the carrier frequency (Hertz), and ¢, is

the initial phase (rad). offset is the offset for the amplitude of the input signal.
This figure compares DSB-SC AM and DSB-TC AM outputs:
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Figure 3-4: Comparison of DSB-SC AM and DSB-TC AM

In the figure, the upper left plot is the message signal,. The upper right plot is
the DSB-SC AM modulated signal. On the bottom left is the message signal
after shifting, and on the bottom right is the DSB-TC AM modulated signal.
The relationships between the figures are shown by the arrows and the
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accompanying text. The command lines used in preparing the data to generate
the above figures are:

% Computation time; sample rate 100 Hz. Carrier frequency 10 Hz.
Fs = 100; t = [0:200]/Fs; Fc = 10;

% Message signal is a 1 Hz sin; data for the upper-left plot.
x1 = sin(Lpilk);

% Modulated signal; data for the upper-right plot.

% Modulation carrier frequency: 10 Hz.

y1l = amod(x1,Fc,Fs, "amdsb-sc*);

% Message signal with offset; data for the left-bottom plot.
X2 = xX1+1;

% DSB-SC AM modulates x2; data for the right-bottom plot.

y2 = amod(x2,Fc,Fs, "amdsb-sc*);

% DSB-TC AM modulates x1; data for the right-bottom plot.

y3 = amod(x1,Fc,Fs, "amdsb-tc",1);

The corresponding demodulation method, DSB-TC ADM, recovers the message
signal m(t) from the received modulation signal y(t). The demodulation method
is simply an edge detection process, which can be done by using a lowpass filter.
In this toolbox the demodulation of a DSB-TC AM modulated signal uses the
same algorithm as in the DSB-SC AM demodulation. The offset is subtracted
after the DSB-SC ADM demodulation.
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Single-Sideband Suppressed Carrier Amplitude

Modulation and Demodulation

It is instructive to analyze the spectrum of signal y1 in the example provided
in the DSB-TC AM discussion. The figure below compares the spectrums of the
DSB-TC AM modulated signal and the same signal modulated by SSB-TC AM:

60 r r r r r r r r r 100
50
40|
301 4 50

201

201
10 1
10

() 5 10 15 0 25 30 35 40 45 50 0 5 10 15 20 25 30 35 40 45 50
Frequency (Hz) Frequency (Hz)

The message signal is a 1 Hz sinusoidal signal and the carrier signal Fc is a
10Hz sinusoidal signal. The spectrum in the left plot has twin peaks, which are
the lower and the upper sidebands of the modulated signal. The two sidebands
are symmetrical with respect to the 10 Hz carrier frequency, Fc. The spectrum
of a DSB-SC AM modulated signal is twice as wide as the input signal
bandwidth. To solve this problem, you can use a single-sideband suppressed
carrier amplitude modulation (SSB AM) technique. SSB AM transmits either
the lower sideband or the upper sideband signal. The right plot is the SSB AM
modulated signal. You can generate the data for the SSB AM modulated signal
using the command

y4 = amod(x1l,Fc,Fs,"amssb")

and generate a spectrum analysis by the commands (replacing y by y1 and y4):

z = ffe(y);

z = abs(z(1:length(z)/2+1));

frq = [0:length(zz)-1]Fs/length(z)/2;
plot(frg,z);

You can also use the Simulink blocks to do the analysis.



SSB AM uses a Hilbert transform filter in the modulation process. The method
is shown in the block diagram below:

X
carrier
source +
—
- 9¢° +
shift
Hilbert
—-transform ch
filter

Figure 3-5: SSB AM Block Diagram

The carrier source is a sinusoidal signal at a given carrier frequency. The
Hilbert transform filter has the transfer function

H(f) = —sgn(f)

which has the impulse response:

h(t) = =

The Hilbert transform filter outputs a -90° phase shifted signal. The modulated
signal is a lower sideband SSB version if the sign at the summation block is
positive and an upper sideband SSB version if the sign at the summation block
is negative. The toolbox provides MATLAB commands hi lbatf, hilbiir, and
hilbana for the Hilbert transfer filter design. Please refer to the
“Transmitting and Receiving Filters” section in this chapter for a discussion of
the algorithms of the Hilbert transform filter implementation.

The corresponding demodulation method, SSB-ADM, is the same as the
method described in the first figure of the DSB-SC ADM demodulation.

A limitation of the SSB AM method is that you cannot use it to transmit a
signal with a DC component.
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Quadrature Amplitude Modulation and Demodulation

The quadrature multiplex double-sideband amplitude modulation (QAM)
modulates an in-phase signal my(t) and a quadrature signal mg(t) using the
formula

y(t) = m(t)cos(2mft + @) + mg(t)sin(2mf t + @)

where y(t) is the modulated signal, f. is the carrier frequency (Hertz), and . is
the initial phase (rad). Because the sine and cosine signals are orthogonal, the
original signals can be recovered later using demodulation techniques.

The picture below describes the QAM method:

my(t)

(X

cos (2”fct+‘Pc)
y(t)

e

mo(t) _ é

Figure 3-6: QAM Block Diagram

The corresponding demodulation method, QADM, recovers both the in-phase
and quadrature signals, m(t) and mq(t) respectively, from the modulated
signal y(t). The demodulation procedure is shown in the block diagram below:

lowpass m(©)
filter
cos(2Mct+Pc)
y(t)
90°
shift
() lowpasg,___ Mo(t) >

filter

Figure 3-7: QADM Block Diagram



MATLAB QAM Example . Unlike the other formats in the amod and ademod
functions, QAM requires that the message signal input be a matrix with an
even number of columns. Each consecutive pair of columns are the in-phase
and quadrature components of the input signal. The odd numbered columns
are the in-phase signal components and the even numbered columns are the
guadrature signal components. The code below performs a QAM modulation/
demodulation on a set of sinusoidal input signals

% The computation sampling frequency is 100 Hz.

Fs = 100;
% The carrier frequency is 15 Hz.
Fc = 15;

% The time vector.

t = [0:200]/100;

% Signal is a four column matrix.

% Each column is a sinusoidal signal, the frequencies

% of which are 1 Hz, 1.5 Hz, 2 Hz, 2.5 Hz respectively.

X = sin([2*pi*t",3*pi*t" ,4*pi*t",5*pi*t"]);

% Use amod to modulate the signal with carrier frequency 15 Hz.

y = amod(x,Fc Fs,"gam®);

% The demodulation process.

z = ademod(y,Fc,Fs,"gam®);

% Plot the demodulated signal with vertical shifting.

plot(t, [x(:,1),x(:,2),x(:,3),x(:,D],---
t,[2(:,1),2(:,2),2(:,3),2(:,4)],."--7);
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The command plot generates this figure:
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In the plot, the solid curves are the original signals. The dashed curves are the
demodulated signals. There is a time shift between the original signal curves
and the curves recovered by demodulation. This time lag is caused by the
lowpass filters used in the demodulation process in the simulation.

Simulink QAM Example. This example compares the source signal to the
recovered signal after the QAM modulation/demodulation process. You can run
this example by typing tutgam on the command line:
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The two signal generators on the left generate 1 and 2 Hertz sinusoidal signals
respectively. After two seconds of simulation time, the plot from the scope
shows the curve in the figure below:
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The lowpass filters in the demodulation cause the time shift of the
demodulated signals shown by the dashed curves.

Frequency Modulation and Demodulation

The frequency modulation (FM) modulates a message signal m(t) by varying
the frequency of the output signal y(t) as a function of the amplitude of the
input signal. The formula for the modulated signal is

y(t) = cos(2mf t+2mB(t) + @)
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where y(t) is the modulated signal, f. is the carrier frequency (Hertz), and . is
the initial phase (rad). 6(t) is the modulation phase, which changes with the
amplitude of the input m(t). The formula for 6(t) is

o(t) = kCJ';m(t)dt

where K, is the sensitivity factor, which is a gain on the integrator output. The
FM functionality is also known as a voltage controlled oscillator (VCO). The
amplitude of the input signal voltage controls the oscillation frequency of the
output signal. The demodulation process for a FM modulated signal uses a
phase-locked loop method:

y(t) m(t)
4>

Phase > Lowpass
detector filter -

cho <

Figure 3-8: FM Demodulation Block Diagram

The feedback loop is known as a phase-locked loop, which recovers the correct
phase from the received signal. The frequency demodulation uses a multiplier
phase detector. The FM method implemented in this toolbox is a narrow band
FM, which as its name implies, restricts the frequency modulation to a fixed
bandwidth. For the differences between narrow and wideband FM, refer to
Hambley.

Phase Modulation and Demodulation

Like FM, the phase modulation (PM) method is an angle modulation method.
The amplitude of the input signal m(t) directly affects the phase of the output
signal y(t) in the PM modulation process. The formula of the modulated signal
is

y(t) = cos(2mf t+2mB(t) + @,)



where y(t) is the modulated signal, f. is the carrier frequency (Hertz), and @, is
the initial phase (rad). 6(t) is the modulation phase, which changes with the
amplitude of the input m(t). The formula for the change in phase is

6(t) = k,m(t)

where K. is the sensitivity factor. The PM demodulation uses the same
phase-locked loop as that in the FM demodulation, but adds an integrator to
the system after the PLL loop:

y(t) m(t)

Phase > Lowpass
detector filter - S

cho <

Figure 3-9: PM Demodulation Block Diagram

In the block diagram, 1/s indicates an integrator.

You can choose to use method="pm" in the amod and ademod commands for PM
and its demodulation, or use the PM and PDM blocks in the modulation block
sublibrary for Simulink simulation.

Passband Digital Modulation and Demodulation

This section discusses passband digital modulation and demodulation
methods. The modulation/demodulation techniques discussed in the analog
modulation/demodulation section of this chapter are relevant to the discussion
of digital methods. Please read through the “Passband Analog Modulation and
Demodulation” section to understand fully the discussion here.

Digital modulation includes two parts: digital to analog mapping and analog
modulation. Digital to analog mapping techniques convert the received digital
data into analog signals. Analog modulation then modulates the mapped
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signals. The diagram below shows how digital modulation divides into a
digital-to-analog mapping and an analog modulation:
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signal
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signal | Digital
mapping
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modulation
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Digital to analog mapping involves several key concepts. Typically, digital

signals form a finite set of symbols. For example, in binary transmission it is

possible to consider pairs of binary numbers as symbols. In this case, the

symbol set is ‘00’, ‘01’, ‘10, and ‘11’, making four distinct symbols. A digital

mapping algorithm must have at least four mapping points to map the symbols
uniquely. The number of points in the signal set is called the M-ary number in
this toolbox. In the communications field, the M-ary number is also known as
the alphabet size. A good choice in this example for the M-ary number is four.
The mapping algorithm must assign a different set of analog signals for each

mapping point; here a good choice might be sin(f.2mt) + cos(f.2mt) for ‘00,

sin(f.2mt) - cos(f.2mt) for ‘01’, and so on until the four possible mapping points
are used. The arrangement of the signal set in the signal space, the space that

digital mapping algorithm uses to map the mapping points, is called the

constellation. The picture below shows the signal space of the mapping just

described:

Amplitude

of cos(f2mt) A
. +1

|
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Figure 3-10: QAM Signal Space



This depicts a 4-ary square constellation for the digital mapping associated
with quadrature amplitude modulation (QAM).

In general, digital demodulation is the inverse of the modulation process. A
modulated signal is demodulated and then demapped from an analog signal to
a digital signal. The diagram below shows how digital demodulation divides
into an analog demodulation and an analog to digital demapping:

recovered
modulated message
signal Digital signal
. demodulation .

Equivalent recovered
modulated message
signal p-| Analog »| Digital sign.al
demodulation demapping

This demodulation structure applies to all digital demodulation methods
except for multiple frequency shift keying (M-FSK) and multiple phase shift
keying (M-PSK). These methods use correlation techniques.

Types of Digital Modulation/Demodulation

In the simulation of analog modulation, two different frequencies are involved:
the carrier frequency (f.) and the simulation sampling frequency (fs). In digital
modulation, there is one more frequency, the baud rate (fg). To recover the
message signal from the demodulation side correctly, the relationship between
the three frequencies must be f>f.>fy.

The Simulink block library provides a digital modulation/demodulation
sublibrary. The blocks in this sublibrary combine mapping and modulation
functionality in each block. The sublibrary also combines the corresponding
demodulation and demapping techniques. These combined blocks are for your
convenience. The Communications Toolbox also provides separate

digital modulation/demodulation and mapping/demapping sublibraries. These
sublibraries separate the digital mapping/demapping blocks and analog
modulation/demodulation blocks. This allows you direct access to all aspects of
mapping/demapping and modulation/demodulation functionality.
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In the MATLAB function library, the function dmod supports digital modulation.
The corresponding digital demodulation is the function ddemod. The string
variable method is a parameter in both functions. You can use method to specify
the modulation and demodulation techniques used in the modulation/
demodulation process. When the string */nomap” is appended to the method
string, the functions process the modulation and demodulation computations
only, suppressing the mapping and demapping processes. You can then do
mapping and demapping separately from the digital modulation/demodulation
by using the functions modmap and demodmap, respectively.

This table lists the available strings for the method parameter and their
meanings (for use with the functions dmod, ddemod, modmap, and demodmap):

Method Meaning
ask M-ary amplitude shift-keying modulation
gask M-ary quadrature shift-keying modulation with square

constellation

gask/cir M-ary quadrature shift-keying modulation with circle
constellation

gask/arb M-ary quadrature shift-keying modulation with arbitrary
constellation

m Frequency shift-keying modulation (coherent
demodulation)

fm/noncoh Frequency shift-keying non-coherent demodulation
pm Phase shift-keying modulation
sample A utility that supports modulation functions. sample

performs up- or down-sampling the input signal.

This toolbox provides individual blocks in the Simulink block library for the
same functionality.

The rest of this section discusses each of the modulation methods in the table,
except for sample, which is a utility that supports the modulation methods. The
discussion topics are divided into multiple amplitude shift keying (M-ASK),




quadrature amplitude shift keying (QASK), multiple frequency shift keying
(M-FSK), and multiple phase shift keying (M-PSK).

M-ary Amplitude Shift-Keying Modulation

M-ary amplitude shift-keying (M-ASK) modulation includes two parts: M-ASK
mapping followed by analog amplitude modulation. M-ASK mapping is a one
dimensional coding process that maps the input digital symbols into real
numbers in the interval [-X, X], where x is the specified maximum number. The
input symbols are integers in the range [0, M-1], where M is the M-ary number.
The outputs are signals with maximum amplitudes equal to assigned values
between [-x, x]. The following figure depicts the constellation of M-ASK
mapping for the M-ary numbers 2, 4, 8, and 16:

M=2
M=4

M=16

-X 0 X
Figure 3-11: 2, 4, 8, and 16 Constellation M-ASK Mapping

This toolbox sets the M-ASK maximum value x equal to 1. In the figure, the
circles along the lines are the mapping points. The number M must equal 2K,
where K is a positive integer. You can view the M-ASK constellation plot by
using the command:

modmap( "ask" ,M)

The Communications Toolbox gives you the option to do the mapping and
modulation separately. You can do the mapping process by using the MATLAB
function modmap or the Simulink MASK Map block. You can use the output
from the mapping process as the input signal to the analog modulation function
or block. For analog modulation, you can use the MATLAB function amod or the
Simulink DSB SC-AM block located in the Passband Digital
Modulation/Demodulation sublibrary. The methods for the modulation and
demodulation processes must match to recover the signal correctly.
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You can do the mapping and modulation together in this toolbox. The MATLAB
function dmod computes both the mapping process and analog modulation
process. The analog modulation method used in the function is the DSB-SC AM
method. In Simulink you can use the MASK Mod block to perform both
functions.

Demodulation is the inverse process of modulation. The demodulation process
includes the digital demodulation and demapping. You can use either the
MATLAB function demod or the Simulink MASK Demod block to simulate the
digital demodulation and demapping together.

You can do the demodulation and demapping processes separately by using the
MATLAB functions ddemod with the */nomap*” option and demodmap. In
Simulink, use the DSB SC ADM and MASK Demap blocks for demodulation
and demapping respectively.

MATLAB M-ASK Example . This example demonstrates the M-ASK
modulation and demodulation MATLAB functions:

% Assign M-ary number M and calculation data length N.
M = 16; N = 200;
% Assign digital transfer frequency Fd, Carrier frequency Fc, and
% computation sampling frequency Fs.
Fd = 1; Fc = 10; Fs = 100;
% The message source
x = randint(N,1,M);
% Digital to analog signal mapping.
mp = modmap(x,Fd,Fs, "ask® ,M);
% Modulation
y1l = dmod(mp,Fc,Fd,Fs, "ask/nomap* ,M) ;
% Modulation with mapping
y2 = dmod(x,Fc,Fd,Fs, "ask" ,M);
% yl and y2 are identical.
% Demodulation
z = ddemod(yl,Fc,Fd,Fs, "ask",M);
% Error rate
err = symerr(X,z)
err =
0



Simulink M-ASK Example. This example uses the M-ASK Mod and Demod
blocks located in the Digital Modulation/Demodulation sublibrary to build a
simple digital modulation/demodulation example. The figure below depicts the
block diagram structure of the M-ASK mod/demod example:
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The Sampled Read Variable block generates the input message signal. The
Error Rate Meter block compares the original message to the recovered
message. The M-ASK Mod and M-ASK Demod blocks simulate the modulation
and demodulation process. The M-ASK mod block is a masked block, which
contains the M-ASK map block and DSB-SC AM block. The M-ASK Demod
block is also a masked block, which contains the Costas PL DSB ADM block
and the M-ASK Demap block.

M-ary Quadrature Shift-Keying Modulation

The M-QASK method is the most commonly used digital modulation method in
communication systems. In general, an M-QASK process takes the input
digital symbol and maps it into two independent components: in-phase and
guadrature. An analog QAM method is used to modulate the in-phase and
guadrature signals. On the receiving side, the signal is demodulated into
in-phase and quadrature signals. A demapping process recovers the message
signal by using the in-phase and quadrature signals.

There are many mapping schemes available to map the input symbol to the
in-phase and quadrature components. This toolbox provides three schemes for
M-QASK constellations: square, circle, and user-defined arbitrary
constellations. This section discusses each in turn.
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Square Constellation

QASK with square constellation has a symmetric square constellation
structure. The key variable in the square constellation is the M-ary number, M.
In this toolbox, the square constellation is limited to be the result of power of
2, i.e. M=2K where K is a positive integer. Use the command

modmap( "qask"® ,M)

to plot a square constellation figure. The figure below is the constellation for
M=64 generated by using the command modmap:

X X X X
X X X x X X
X X X X X X
X X X X X X
X X X X X X
X X X X

QASK Constellation

The result of the mapped data is in the interval [-x, x] for the in-phase
component and [-y, y] for the quadrature component. The maximum value for
the in-phase component x and the maximum value for the quadrature
component y are listed in this table.

M-ary number Maximum In-phase Maximum Quadrature
(M) () W)

2 1 1

4 1 1

8 3 1

16 3 3

64 7 7




M-ary number Maximum In-phase Maximum Quadrature
(M) (x) )
128 11 11
256 15 15

Circle Constellation

The Circle constellation is defined by specifying the in-phase and quadrature
components of each point on each circle. The circle constellation uses three
vectors to define the constellation: number of symbols in each circle (nic); radii
for each circle (ric); and phase shift for each circle (pic). The three vectors have
the same length. You can use either

dmod("gask/cir®,nic,ric,pic)
or

modmap( "qask/cir”,nic,ric,pic)
to plot the constellation.

The three variables nic, ric, and pic define the constellation points on the
(concentric) circles. nic defines the number of points on each of the circles, ric
defines the radii of each of the circles, and pic defines the phase of every point
on the circles. All three parameters are of equal length, and that length
specifies the total number of circles in the constellation. On a given kth circle,
there are nic(k) points, which distribute evenly on the circle. ric(k) defines
the radius of the circle, and pic(k) specifies the phase value of each point on
the circle in radians.

Circle Constellation Example. The following example uses the function modmap
to generate constellation plots:

% Left plot - a one circle constellation with radius one.
modmap( "qask/cir*,8,1,0)

% Middle plot - a two circle constellation where

% each circle has 8 points.

modmap("qask/cir*,[8 8],[-63 1],[pi/8 0])
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A square constellation can be produced using the circle constellation format.
The following lines generate a square constellation that is the same as the
constellation given in the square constellation example:

% Right plot - a square constellation using the circle format.
ric = sqrt([2 10 10 18 26 26 34 34]);
modmap("qask/cir”,4*ones(1,8),x,asin([1 1 3 3 1 5 3 5]./ric));

These plots depict the three constellations generated by the above code:

ASK/PSK Constellation ASK/PSK Constellation ASK/PSK Constellation

The left plot is simply a 8-PSK circle constellation. The middle plot is known as
the optimal M-ary number 16 circle constellation. The right plot is a 32-square
constellation. The x-axes in the plots are the in-phase components, and the
y-axes are the quadrature components. The asterisks are the constellation
points. The rectangular grid lines in the right plot have been added artificially
to show the rectangular structure.

The elements in the vectors nic and ric must be positive. The mapping from
the input integer to the components of the two axes must be one-to-one; the
algorithm does not allow repeating points.

Arbitrary Constellation

The QASK with the user-defined arbitrary constellation has no limitation on
the shape of the constellation structure, but the mapping must be one-to-one.
You can define the points in any shape you like by specifying the in-phase and
guadrature components of each point. You must define the constellation by
specifying two vectors, the in-phase component vector (inph) and the



guadrature component vector (quad). The two vectors must be of equal vector
length. The two elements inph(k) and quad(k) define a single point in the
constellation. The elements in the two vectors are real numbers. In defining the
arbitrary constellation, the in-phase and quadrature components mapping the
input symbol k are inph(k+1) and quad(k+1) respectively.

You can use either
dmod("gask/arb*®, inph,quad)
or
modmap( "qask/arb*, inph,quad)
to plot the constellation.

The arbitrary constellation can represent both square and circle constellations.
For example, you can generate the in-phase and quadrature component vectors
used in defining the arbitrary constellation from the square constellation. The
commands are:

y = modmap([0:M-1],1,1, "gask”,M);
modmap("qask/Zarb”®,y(:,1),y(:,2));

When M=32, the figure generated is the same as the plot shown in the “Square
Constellation” section.

You can define any constellation structure by using a user-defined arbitrary
constellation. For example, you can define a 16-ary hexagonal structure
constellation by defining and plotting the constellation using these commands.

% Left-hand plot, a hexagonal constellation.
inph = [1/2 1 1 1/2 1/2 2 2 5/2];

quad = [0 1 -1 2 -2 1 -1 0];

inph [inph;-inph]; inph = inph(:);

quad [quad;quad]; quad = quad(:);

modmap( "qask/Zarb*, inph,quad)
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Similarly, you can define a triangle structure by assigning the constellation
in-phase and quadrature points as in the code below:

% Right-hand plot, a triangle constellation.

inph = [1/2 -1/2 1 0 3/2 -3/2 1 -1];
[11021122];
[inph;-inph];

quad
inph

inph = inph(:);
quad = [quad;-quad]; quad = quad(:);

modmap( "qask/arb*, inph,quad)

The figure below shows the plots of the hexagonal and triangle constellations:.

QASK Constellation

QASK Constellation

The left plot is the hexagonal constellation, and the right plot is the triangle
constellation. The connection lines have been added artificially to show the
hexagonal and triangle structures. You can create any constellation structure

by using similar commands.

QASK Modulation/Demodulation Example. This example demonstrates the
guadrature amplitude shift keying (QASK) modulation/demodulation method.
Given the M-ary number is 16, a good choice for modulation and mapping is to
use four-bit messages mapped into a square constellation.

Using the toolbox, you have the choice of doing the mapping and analog
modulation separately using the MATLAB functions modmap and amod or
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combining them together using amod alone. In this example, we'll do them

separately:
% Number of data points
N = 20;
% Random integers
x = randint(N,1,16);
% 16-QASK mapping with Fd=1, Fs=100.
m = modmap(x,1,100, "gask”,16);
% QAM modulation with Fc=10.
y = amod(m, 10,100, "gam®);
% demodulation with eye pattern diagram plot.
z = ddemod(y,10,1,100, "gask/eye*",16);

The original signal is mapped into in-phase and quadrature components in the
digital to analog mapping. The mapped signal is modulated using the QAM
modulation method. You can then recover the original digital signal by using
the QASK demodulation method.

Since fg>fy, in the digital demodulation process, the digital demapping process
takes a sampling point from the analog demodulated signal. This sampling
point is known as the decision point. As discussed in the “Signal Generators
and Display Devices” section in this chapter, an eye-pattern diagram is
commonly used to determine the decision point. This toolbox provides the
MATLAB function eyescat and, in Simulink, the Eye Pattern Scatter block in
the Source/Sink sublibrary to help to find the decision point, which should be
the point where the “eye” is most widely open. In the digital demodulation and
demapping blocks, the decision point is set in the parameter offset of the
sample time variable. In the ddemod and demodmap functions, it is set in the
offset in the digital frequency variable.

The demodulation in this example uses the eye-pattern diagram to find the
decision point. The simulation process can be demonstrated by the data flow in
the following figure.
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Figure 3-12: QAM Digital Signal Recovery Using an Eye-Pattern
Scatter Diagram

In the figure, the x-axis for every plot is time (in seconds). The y-axis is the
signal level. The arrows show the data flow in the simulation.

M-ary Frequency Shift-Keying Modulation

M-FSK modulation modulates a digital signal by changing the frequency of the
output signal depending on the value of the input signal. Using M-FSK, you
need to specify the tone space as an input parameter. The tone space is the
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frequency separation between two consecutive frequencies in the modulated
signal. The M-FSK modulation process divides into two parts: mapping and
analog modulation. The mapping process maps the input symbol into the value
of the frequency shift from the carrier frequency, and the analog modulation is
analog FM. If the carrier frequency is Fc, M-ary number M, and the tone space
AT, then the frequency range of a modulated signal is in the range
[Fc,Fc+(M-1)CAF]. You can use the MATLAB function modmap for M-FSK
mapping and the function dmod for the modulation. You can also use the
Simulink blocks in the digital modulation/demodulation sublibrary for the
modulation.

The demodulation for the M-FSK is different from the other digital
demodulation methods discussed in this section. The demodulation process
uses a length M vector signal where the frequency of the ith element in the
vector signal matches the modulated signal when the input symbol is i. The
demodulation process computes the correlation values between the signal
array and the received signal and, after calculating the maximum correlation
value, decides what symbol was most likely transmitted. Like other digital
demodulation methods, M-FSK demodulation requires the specification of a
decision point.

There are two different methods to compute the correlation value: the coherent
and noncoherent methods. Using the coherent method, you must know the
phase information of the modulated signal from the receiving side. The
noncoherent method does not require phase information; it recovers the phase
of the modulated signal during the demodulation. However, the noncoherent
demodulation method is more computationally complex than the coherent
demodulation method.

Coherent Demodulation
This figure depicts the coherent M-FSK demodulation method:
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Figure 3-13: Coherent M-FSK Demodulation Block Diagram

In the figure, Fc is the carrier frequency, Af is the tone space, and @is the initial
phase in the modulated signal. T is the symbol interval; alternatively, 1/T is the
digital transmission frequency. M is the M-ary number in the modulation. The
signal cos2n(f+(1-1)AF) t+@) is themodulated signal for symbol I. The
integrations depicted in the boxes are the correlation computations. In the
coherent correlation M-FSK demodulation, each integrator correlates the input
signal with a specified frequency and phase. The output of the correlators is a
scalar index. The index with the maximum correlation value is identified as the
demodulation result.

Noncoherent Demodulation

Noncoherent M-FSK demodulation calculates the correlation value between
the input signal and a vector of sinusoidal signals. Each sinusoidal signal has
its frequency set to one of the possible messages in the signal set. Unlike the
coherent correlation method, this method is insensitive to the initial phase of
the modulation signal. The trade-off is that the calculation of the noncoherent
correlation is more complicated since the noncoherent method must recover the



phase of the modulated signal. The figure below shows the noncoherent M-FSK

demodulation method:
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Figure 3-14: Noncoherent M-FSK Demodulation Block Diagram
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The symbols used in the figure are the same as the symbols used in the figure
for the coherent M-FSK method.
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Simulink Example

The following Simulink block diagram gives an example of M-FSK modulation
using both M-FSK coherent and noncoherent demodulation. Each of the
methods is a combination of two blocks:

< M-FSK modulation is a combination of the M-FSK map block and the FM
block.

= M-FSK coherent demodulation is a combination of the Coherent M-FSK
Demodulation Correlation block and the Min/Max demap block.

< M-FSK noncoherent demodulation is a combination of the Noncoherent
M-FSK demodulation correlation block and the Min/Max demap block.

A

.

Sampled Coherence L
read > MrE;K E » MFSK dm > é\/éI':nSaK Error Rate
variable P corr P Mux Meter
k{j

Graphl

Noncohe
MFSK

MFSK dm
Sorr demap

A 4

\ 4

=

Graph2

Figure 3-15: Simulink Block Diagram of M-FSK Modulation

The Sampled Read Variable block generates the input symbols. The Error Rate
Meter block compares the original message signal and the signals recovered
from the demodulation. The Graph1l scope block shows the values of the
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correlation computation for the coherent correlation calculation. The result is
shown in the plot below:
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The Graph2 scope block shows the values of the correlation computation for the
noncoherent correlation calculation. The next figure shows a snap shot from
the scope block for the noncoherent M-FSK demodulation correlation
computation:
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In the Min/Max Demap block, you can set the offset in the demapping. Usually,
a communications engineer sets the offset the same way as the decision point
in the M-QASK demodulation processing, which means that it is set to the time
point where the single maximum value is most widely separated from the other
values. This is similar to the method used in determining the decision point in
the eye-pattern diagram.
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MATLAB Example

You can do the same simulation described in the Simulink example using
MATLAB functions. The command lines are:

% Define the frequency and tone space.
Fc = 10; Fs = 40; Fd = 1; df = 1;
% Assume M-ary number is 4.
M= 4;
% Generate the message signal.
X = randint(100,1,M);
% Modulation
y = dmod(x,Fc,Fd,Fs, "fsk" ,M,df);
% Coherent M-FSK demodulation with plot.
z1 = ddemod(y,Fc,Fd,Fs, "fsk/eye" ,M,df);
% Noncoherent M-FSK demodulation with plot.
z2 = ddemod(y,Fc,Fd,Fs, "fsk/eye/nocoh* ,M,df);
% The error rate
symerr(x,zl)
ans =
0
symerr(x,z2)
ans =
0

In the above code, the ddemod commands append the option "/eye" to the
method string. This option generates the plot of correlation values. The figure
below compares the plots of coherent and noncoherent M-FSK demodulation:
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The plot generated from the coherent correlation M-FSK demodulation is
shown on the left-hand side, and the plot generated from the noncoherent
correlation M-FSK demodulation is shown on the right. Note that the curvesin
the eye pattern plots are normalized correlation values; the plots are not the
conventional eye-pattern plots. You can use either of these plots to determine
the offset value.

M-ary Phase Shift-Keying Modulation

M-PSK modulation modulates a digital signal by changing the phase values in
the modulated output signal. M-PSK distinguishes between the digital
messages by setting different initial phase shifts in the modulation. The digital
input signals to a M-PSK modulator are in the range [0, M-1], where M is the
M-ary number. The phase shift for input digit i is 2mi/M.

The structure of the demodulator for M-PSK is similar to that of M-FSK. The
demodulation process calculates the correlation value between the input signal
and a vector of carrier frequency sinusoidal signal. Each sinusoidal signal in
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the vector has its phase set to a possible result from the signal set. The figure
below shows the M-PSK demodulation method:

Received
signal

Figure 3-16: M-PSK Demodulation Block Diagram
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In the figure, f_ is the carrier frequency, @ is the initial phase for digit i, and
T is the symbol period, meaning that 1/T is the baud rate. Note that the

M-PSK demodulation is a coherent correlation computation; you must provide
the phase information.



Baseband Modulation and Demodulation

The Nyquist sampling theorem requires that a simulation sampling frequency
must be at least twice the frequency f. being modeled. In passband simulation,
the simulation models the carrier frequency. Since the carrier frequency is
usually a high frequency signal, modeling passband communication systems
involves high computational loads. To alleviate this problem, baseband
simulation techniques are used.

Baseband simulation, also known as the low-pass equivalent method, uses the
complex envelope of a passband signal. As an example, consider analog
guadrature amplitude modulation. Assume the carrier frequency is f. and the
initial phase is 8y. The equation for modulating the in-phase signal x,(t) and the
quadrature signal xqo(t) by the carrier frequency is

y(t) = x (t)cos(2mf t+6) —xQ(t)sin(ZTrfCt +6,)
which is equivalent to

y(t) = ERe(X.(t)+J'XQ(t))eje°ej2"f°t§: Re{Y(t)e!2™Y

where

Y(0) = 04(0) + o)™

is called the complex baseband waveform. The high frequency component is:

3]
eJ 0

Baseband simulations model the complex baseband waveform Y(t) only.

Let B be the bandwidth of the message signal. The baseband simulation
requires the simulation sampling rate to be larger than 2B. In the baseband
simulation, the signal bandwidth is always assumed to be much smaller than
the carrier frequency, or B << f.

The output of a baseband modulator and the input to a baseband demodulator
are complex signals. The figure below shows the signal data type at each step
of the baseband modulation/demodulation process:
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To demodulate a baseband modulated signal, a baseband demodulator must be
used. There is a difference between the way MATLAB and Simulink handle the
data generated in a baseband modulation/demodulation simulation. In
MATLAB functions, the output data type of a baseband modulated signal is a
complex number. In Simulink blocks, all data is real, so complex data is
represented by using a two-dimensional vector where each component is a real
scalar. The first element in the vector represents the real part of the complex
number, and the second element represents the imaginary part. In Simulink
blocks, all output ports that output complex signals are marked with an
asterisk. All input ports that expect complex input signals are also marked
with an asterisk.

The following sections discuss in turn:

=« Baseband analog modulation
=< Baseband analog demodulation
= Baseband digital modulation
=< Baseband digital demodulation

Baseband Analog Modulation

This section discusses baseband analog modulation techniques. This toolbox
supports six baseband analog modulation techniques:

= Double sideband-suppressed carrier analog modulation (DSB-SC AM)
= Single sideband-suppressed carrier analog modulation (SSB-SC AM)
= Double sideband-carrier analog modulation (DSB-TC AM)

= Quadrature amplitude modulation (QAM)

= Frequency modulation (FM)

< Phase modulation (PM)



These methods are similar to their passband counterparts. Refer to the

discussion in the “Passband Analog Modulation and Demodulation” section of

this chapter for descriptions of the passband modulation techniques.

In the baseband analog modulation techniques provided in this toolbox, the
output divides into in-phase and quadrature components. The input to the
modulator is a real signal u(t), except for quadrature amplitude modulation,
where the input signal has two elements, the in-phase component and the
quadrature component, u,(t) and ug(t) respectively This table lists the real part
of the modulation output x;(t) and the imaginary part xq(t) for each modulation

method:
Modulation X (t) Xo(t) Optional
Method Parameters
DSB-SC AM u(t) 0
SSB-SC AM u(t) a(t), Hilbert
transform of
u(t).
DSB-TC AM u(t)-k 0 k is modulation
offset.
QAM uy(t) uo(t)
FM . k is modulation
: ; d
0s H(Iu(r)dr in H(Iu(r) T sensitivity
PM cos(ku(t)) sin(ku(t)) k is modulation

sensitivity

x)(t) and xq(t) are the outputs when the modulation phase shift is zero. The

modulated signal is represented in its complex envelope form:

Y(t) = (X|('E)+jXQ(t))eje = R(t)ejllJ(t)
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where 6 is the carrier phase shift, R(t) is the real envelope, which is

/X, (t) + xQ(t'; and Y is the phase of the envelope:

Y= 0 + atan )
- Xq(1)
The complex signal Y(t) is the output of both the MATLAB functions and the
Simulink blocks in baseband simulation.

Baseband Analog Demodulation

This section discusses the baseband analog demodulation of the modulated
complex signal Y(t) defined in the last section.

Y (t) may be distorted by noise, bandwidth limitations, or other unwanted
effects in the transmission channel. This distorted signal is represented by Z(t).
The demodulation must recover the message signal u(t) (u(t) and ug(t) for
QAM) from the received complex signal Z(t). Demodulation can be divided into
two methods: coherent and noncoherent demodulation. Coherent demodulation
requires exact knowledge of the frequency and phase of the carrier frequency
to recover the signal correctly. Noncoherent demodulation permits the recovery
of the message signal without exact knowledge of the carrier signal’s frequency
and phase, but this method adds computational complexity and performance
degradation. The noncoherent demodulation method is not available for every
modulation scheme; the coherent demodulation method is always available.

Coherent Demodulation

This equation represents the received signal Z(t) by its in-phase and
quadrature components:

2)(1) +jzo(t) = Z(t)ejzﬂ(fc—fc)ﬂ(e-e)

In this equation, f. is the received carrier signal frequency and 0 is its phase.
f. and 6 are the transmitted carrier signal frequency and phase. The signal u(t)
(uy(t) and ug(t) for QAM) can be recovered by referring to the table given in the
“Baseband Analog Modulation” section of this chapter using the estimated

signal z,(t) and zg(t). The demodulation phase shift 6 and the carrier frequency
estimation error f,—f, can be calculated by using the phase locked loop (PLL)



technique. The “Synchronization” section of this chapter provides a detailed
discussion of the PLL technique.

Noncoherent Demodulation

The noncoherent demodulation scheme can be used with the DSB-SC AM,
DSB-TC AM, FM, and PM methods to detect a modulated signal.

For an AM with carrier signal, an envelope detection method can be used for
noncoherent demodulation. This method detects the signal in the form:

x(t) = |z{nl -k

When the received signal is represented in polar form (t) = R(t)ejl“(‘, the
detected PM signal is simply x(t) = y(t)and the FM signal is the derivative of
the PM signal:

x(1) = (o)

The baseband waveform PLL simulation method can also be used for
noncoherent demodulation. The method is discussed in the “Passband Analog
Modulation and Demodulation” section of this chapter. For discussions of the
FM and PM methods, refer to the “Passband Frequency Modulation and
Demodulation” and “Passband Phase Modulation and Demodulation” sections
of this chapter.

Baseband Digital Modulation

As discussed in the “Passband Digital Modulation and Demodulation” section
of this chapter, the functionality of digital modulation can be divided into two
parts: the mapping from digital signal to analog signal, and analog modulation.
The “Passband Digital Modulation and Demodulation” section of this chapter
discusses digital mapping methods.

In the rest of this section, the mapping and modulation processes are analyzed
together as one method. Assume the input message has M-ary number M. The
input is an integer in the range [0, M-1]. Most digital modulation methods can
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use the baseband simulation formulas given in the “Baseband Analog
Modulation” section:

y(t) = xq(t)cos(2mf t+0) —x,(t)sin(2mf t + 6)

Y(t) = (xg (1) +jx,(1))e!® = R(1)el*™

The sampling frequencies for x;(t) and x,(t) are 1/T, and 1/T,
respectively. There may be delays in the transfer times for x;(t) and x,(t); these
delays are represented by D; and D, respectively.

There is a mathematical representation for signals x;(t) and x,(t) that allows
for a unified approach to several important digital modulation schemes. Let
function p4(t) be a pulse function with pulse length T,. The equation for p(t) is

p1(t) = u(t) —u(t-T,)
where u(t) is the unit step function.

In other words, p4(t) is nonzero in a T4 length time frame and zero elsewhere:

pa(t-d)

t
|

d d+Tq

Similarly, a pulse function p,(t) of length T, can be defined. The real and the
imaginary components, x4(t) and x,(t), are:

X, (t) = ZAkpl(t -kT,-D,)
k

X,(t) = Z Byp,(t—kT,-D,)
k

This general formula allows us to specify M-ary ASK, M-ary QASK with square
or arbitrary constellations, and M-ary PSK using only the parameters Ay, By,



T4, Ty, D1, and D,. For more information about this mathematical
representation, refer to Jeruchim, Balaban, and Shanmugan, Simulation of
Communication Systems, pp. 328-9.

X(t) = x4(t) + j Xo(t) is the modulated signal with a zero initial phase shift in the
modulation. This table lists mathematical formulae for Ay, By, p1(t), and p,(t):

Modulation Ax By P1(t) P5(t) Parameters

Method

M-ary ASK M-172Ac [ 0O 1,)<t<sT,; 0 A.: peak

%1_ 2 M-1l amplitude.

M-ary QASK S1(n+1) So(n+1) 1,)<st<T, p1(t) s; and s, are

with square output from

constellation command
[s1,s2] =
qaskenco

M-ary QASK
with
arbitrary
constellation

M-ary PSK

([0:M-1],M);

Re(inph(n+1)) Im(quad(n+1)) 1;)<t<T, p1(t) inph and quad
are length M
vectors defining
the in-phase
component and
quadrature
component of the
arbitrary
constellation.

cos(2rm/M) sin(2rm/M) 1;)<st<T, p41(t) T1=T,, D1=D».

In the table, n is the integer information to be transferred in the time frame,
which is in the range of [0, M-1]. The table doesn't list parameters for QASK
with circle constellation. This is because circle constellations can be viewed as
a special case of the arbitrary constellation method. Given the vectors: nic
(number in circle), ric (radii in circle), and pic (phase in circle), you can obtain
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the in-phase component inph and quadrature component quad by using the
commands:

z = apkconst(nic,ric,pic);
inph = real(2);
quad imag(z);

The modulated signal represented in terms of the modulation phase shift 6 is:

Y(t) = X(t)e'®

M-ary frequency shift-keying (M-FSK) and minimum shift-keying (MSK) do
not fit the mathematical model described above. These two modulation
methods are known as continuous phase shift-keying methods. Some digital
modulation methods cannot be directly represented by the formula as
presented above. Another general form modulated signal is given by:

y(t) = Acos(2mf t+ 6, + @(t))
The complex envelope formula is given by:
Y(t) = Aejeo+j<P(t)

For M-FSK, @(t) is a variable changing with the value of the digital input. The
value of @(t) is

o(t) = h[rnk(t .II_(T) Z n

i<k

kT<t<(k+1)T

([

where ny is the input integer at computation step k. Variable h is the tone
space, which is the minimum frequency difference between two modulated
consecutive different symbols.

If M=2 and h=1/2, this is a special case of FSK known as MSK, which is a
widely used method. In this case, the phase function @(t) becomes.

0 -
om U kT) £y M0 KTsts(k+1)T

i<k O

o(t) =



Baseband Digital Demodulation

In general, the digital demodulation process can be divided into two parts: the
analog demodulation and the digital demapping, except in the case of M-ary
frequency shift-keying (M-FSK) and M-ary phase shift-keying (M-PSK), where
a correlation computation method is used. The methods used in the digital
demodulation for baseband simulation are discussed in previous sections.

Similar to the baseband analog demodulation methods, in the baseband
simulation demodulation process, you need to specify the decision point for
demapping. To match the formula described in the last section, you need to
determine D;, i = 1, 2, from the receiving side. The demodulation process is the
reverse of the modulation process. Using the received signal Z(t) = z(t) + j zg(t),
which is the modulated signal Y(t) passed through a transmitting channel, the
demodulation recovers the transmitted signals s4(t) and sx(t).

The baseband simulation M-FSK demodulation and M-PSK demodulation
algorithms are the same as those used in passband simulation methods in
which correlation computations are used. Please refer the discussion in the
“Analog Modulation and Demodulation” section.

Using the Baseband Simulation Functionality
in the Toolbox

This toolbox provides baseband simulation MATLAB functions as well as
Simulink blocks in parallel with the passband simulation. In the Simulink
Modulation/Demodulation sublibrary, there are baseband modulation/
demodulation sublibraries next to every passband modulation/demodulation
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sublibrary. In the MATLAB function library, there is a baseband simulation
function for every passband modulation/demodulation function as listed below:

Baseband Function Passband Function Functionality

amod amodce Analog modulation
ademod ademod Analog demodulation
dmod ddemod Digital modulation
ddemod ddemod Digital demodulation
modmap modmap Digital mapping
demodmap demodmap Digital demapping

The choices for the analog modulation/demodulation are amdsb-sc, amdsb-tc,
amssb, gam, fm, and pm. The choices for the digital modulation/demodulation
and digital mapping/demapping methods are ask, qask, qask/circle, gask/
arb, fsk, psk, and sample. sample, which changes the sampling rate of the
input signal, is a utility that supports modulation techniques.

In baseband simulation, there is no carrier frequency involved. Therefore, the
computation sampling frequency for baseband simulation can be much lower
than that in a passband simulation. The only frequency used in baseband
analog modulation is the computation sampling frequency fs. By Nyquist
sample theory, fs should be at least twice as large as the bandwidth of the input
signal. In baseband digital simulation, there are two frequencies involved: the
computation sampling frequency fs and the digital transferring frequency fd.
fs must be larger than fd, and usually fs/fd is a positive integer.

The passband demodulation discussion emphasizes the importance of the
lowpass filters. The lowpass filters also apply to baseband simulation. Because
the computation sampling frequency is different between baseband and
passband simulation, the effect of the lowpass filters on demodulation is also
different. If the effect of lowpass filters isn't important in your application, you
can set both the numerator and denominator of the lowpass filter to one.



Baseband Simulation Example

This example compares baseband simulation results by using Simulink block
diagrams and MATLAB functions. The following Simulink block diagram
includes the available baseband modulation/demodulation methods. The
modulations methods included in the simulation are: DBS-SC AM,

DBS-TC AM, FM, PM, SSB AM, and QAM. In the block diagram, two Signal
Generator blocks are used as signal source. The first Signal Generator
generates a 1 Hz sinusoidal signal. The second Signhal Generator generates a 2
Hz sawtooth signal. The second signal source is used as the quadrature
component for QAM only. The computation sample frequency set in the
simulation is 100 Hz. This figure shows the Simulink blocks used to compare
the available baseband modulation/demodulation methods:

Outport

oooo N WM TN
oo » DSB AM >k P 5< DSB ADM —>®
Outportl

Signal
generator

N W N
—P»  AMwTC > P xADMWTC —P

NN WA
! FM > P < FDM
Outport3
N LY N

— PM > P < PDM —»

N W N
—P> SSB AM >k P < SSB ADM
Outport5
Demux Outport¢
Ll i W~ |y
QAM >k P < QADM
oooo ' 4
°o° > >
Signal
generatorl
>
>

Outport8

Defaults in this simulation: ts=0.01; [num,den]=butter(2,Fc*2*ts);

Figure 3-17: Simulink Block Diagram for Comparing Baseband
Modulation/Demodulation Methods
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Using the MATLAB commands

tutmodce
[t.x,yout] = euler("tutmodce®,l)

invokes this Simulink block diagram for a one minute simulation. The
simulation time is variable t. The simulation places each output in a column of
the vector yout.

In the MATLAB simulation, the sample time and the lowpass filters are set to
the same values as those used in the Simulink block diagram. The comments



in the code refer to the figure on the following page, which compares the
MATLAB and Simulink baseband modulation/demodulation results:

% Sampling frequency

fs = 100;

% Lowpass filter

[num,den] = butter(2,100/2/pi/fs);

% DSB-SC AM simulation results - top left plot.

y = amodce(yout(:,1), 1/ts, "amdsb-sc®);

X = ademodce(y, 1/ts, "amdsb-sc/costas®, num, den);
plot(t, yout(:,1), t, x, "y--", t, yout(:, 2), “‘y--7)
% DSB-TC AM simulation results - top right plot.

y = amodce(yout(:,1), 1/ts, "amdsb-tc", 1);

X = ademodce(y, 1/ts, "amdsb-tc/costas®, 1, num, den);
plot(t, yout(:,1), t, x, "y--", t, yout(:, 3), “‘y--7)
% FM simulation results - middle left plot.

y = amodce(yout(:,1), 1/ts, "fm");

x = ademodce(y, 1/ts, "fm", num, den);

plot(t, yout(:,1), t, x, "y--", t, yout(:, 4), ‘y--7)
% PM simulation results - middle right plot.

y = amodce(yout(:,1), 1/ts, "pm");

X = ademodce(y, 1/ts, "pm", num, den);

plot(t, yout(:,1), t, x, "y--", t, yout(:, 5), ‘y--7)
% SSB AM simulation results - bottom left plot.
[num_h, den_h] = hilbiir(ts, 10lks, 10);

y amodce(yout(:,1), 1/ts, "amssb/time", num_h, den_h);
x = ademodce(y, 1/ts, "amssb®, num, den);

plot(t, yout(:,1), t, x, "y--", t, yout(:, 6), “‘y--7)
% QAM simulation results - bottom right plot.

% There are two input signals for the QAM modulation, the in-
% phase component and the quadrature component. The plot compares
% both components.

y = amodce([yout(:,1), yout(:,9)], 1/ts, "qam");

x = ademodce(y, 1/ts, "gam", num, den);

plot(t, yout(:,1), t, x, "y--", t, yout(:, 4), “‘y--7)
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The Simulink simulation results are plotted against the MATLAB simulation
results together with the original input signal source. This figure includes plots

for each modulation method:
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Figure 3-18: A Comparison of MATLAB and Simulink Simulation of
Baseband Modulation/Demodulation Methods

The solid curves are the original input signals. The dotted curves are the
Simulink results. The dashed curves are the MATLAB results. Because the



differences between the Simulink and MATLAB results are small (within
numerical accuracy), the dotted and dashed curves overlap and cannot be
distinguished. The recovered signal can be distinguished from the input
signals by the time lags evident in each plot. The lowpass filters cause this
delay between the original signal and the recovered signal. The lowpass filters
also remove the high frequency part of the saw-tooth signal.
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Signal Multiple Access
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Signal multiple access is a technique that allows sharing of fixed
communication resources by multiple users. Most modern communication
transmitting resources are shared by multiple users. A typical multiple access
communication system is shown in the following figure. A multiple access block
on the transmitting side collects all information to be transferred in a specified
sequence and sends the information through the transmitting channel. A
multiple access block on the receiving side recovers the individual signals and
divides the signals among the individual receivers in a specified sequence.

Transmitter 1 || —p Receiver 1

Transmitter 2 g Receiver 2
) Multiple Multiple .

Transmitter 3 9 Access B Channel H Access P Receiver3

Transmitter N 1 g — | Receiver M

Figure 3-19: Multiple Access Block Diagram

The toolbox includes four different multiaccess techniques:

= Time-share multiplexing and demultiplexing
< TDMA (time division multiple access)

= FDMA (frequency division multiple access)
< CDMA (code division multiple access)

The following sections discuss each of these methods in turn.

Time-Share Multiplexing and Demultiplexing

The figure below shows an example of time-share multiplexing and
demultiplexing. The input is a length 3 vector signal. The three input signals



;5igna| 1

are shown on the left side of the figure. The background shades of the plots are
carried on to each stage of the time-share process. The middle plot is the result
of the time-share process, which is a scalar signal. The plots on the right are
the signals recovered from the time-share signal. In this example, the time
interval [KT, (K+1)T] is divided into three sections. The time interval for each
section is T/3. The first signal takes the first section; the second signal takes
the second section; and the third signal takes the third section. The recovery
side uses the same time-sharing division.

,Signal 1

MM N

VYV

!

A/

signal 2

| signal 2

time-share signal

A

ANTL LN
> > < >

T/3 4T/3

,signal 3

0 T/32T/3 T 4T/35T/32T | ignal3

\ |
2T/3 5T/3
TDMA demultile
multiple emuac::ises | | | |

O T/32T/3 T A4T/35T/32T access

Figure 3-20: Time-Share Multiplex/Demultiplex Example

On the receiving side, the time-share process sends the time-share signal to
whichever output signal has the allotted time slot. You have a choice about
what the other output signals do during the times during which they have no
access to the time-share signal. They can either output zero values or hold the
last value they received when their allotted time occured in the transfer period.
In the above example, the signals output zeros during the times in which they
had no access to the time-share signal.
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Vector Signal Redistribution

In time-share multiplexing, when an output signal does not have access to a
time slot, it either is zero or holds its most recent value.In the time-share
multiplexing example in the last section, sine waves went to the first output,
triangle waveforms went to the second output, and square waves went to the
third output. With the Vector Redistributor block, it is possible to combine and
rearrange time-share signals in arbitrary sequences. This figure shows an
example of the vector redistribution:

‘Input 1 Putput 1

M N
VY

Input 2 Output 2

?\ [\ Vector ?\ [\
p| Redis- |

tribution

‘|nput_3 _ ‘Output 3 \ _
- \ >

0t @2 B 4
0t @2 B 4 . .
Time Domain Signal Time Domain Signal

ﬁigger signal
1 2 3 4

-
to

Figure 3-21: Vector Redistribution Example

In this example, there are three input and output signals. The output signals
are a redistribution of the input signals. Reordering the input signals into the
output signals is done each time a trigger signal occurs. To recover the original



signal, use the Vector Redistributor block again to rearrange the input signal
into the inverse of the first redistribution.

Time Division Multiple Access (TDMA)

TDMA is a multiple access technique that divides a single transmitting time
period into time sharing sections. Each input signal takes one time slot for each
time period in the transmission. In this toolbox, it is assumed that there is
some number, N, of inputs that must share the communication channel. Each
input has exclusive access to the channel during its assigned time slot, but it
cannot transmit at other times. The channel must have adequate bandwidth to
accommodate the needs of all the inputs.

Digital TDMA

Digital TDMA is a multiple access method that gives access to the
communication channel to each of a number of inputs for a limited time period.
Only one input has access to the channel at any given time, and the method
rotates through each input in a periodic fashion. Data is transmitted over the
channel serially, and the channel data rate must be sufficiently high so that
accumulated data at each input can be transmitted within its available time
slot. Compression of the time scale of the inputs is equivalent to bandwidth
expansion so that the data from each input can be transmitted within its
allotted time frame.

In the example pictured below, there are 3 inputs. The background of the each
input element indicates the time that each signal occupies in the TDMA signal.
The time interval for each period is T. For N inputs, the sampling time for the
TDMA signal is T/N. The recovered output signal from TDMA has a sampling
time T and the ith element in the output signal has offset as (i-1)T/N. There is
no special limitation for the input signal. The ith output element is equivalent

to the sampling of the ith input element with sampling time T and offset (i-1)T/

N. When the input signal has the exact sample time and offset, the signal
output is exactly the same as the input signal.
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Figure 3-22: Digital TDMA Example

This toolbox provides both analog and digital TDMA blocks in the Simulink
block library.

Frequency Division Multiple Access (FDMA)

FDMA is a technique widely used in radio frequency transmitting. A
transmitting resource is shared by a number of transmitting sources. Each
transmitting source takes a special assigned frequency interval. Usually,
building a FDMA system involves modulation techniques. You can use the
modulation method of your choice to modulate the message signal.

Modulation can be used to move the frequency range occupied by a signal to a
different part of the frequency spectrum by selecting an appropriate carrier
frequency. In this way a number of signals can be transmitted over a channel
provided that the overall bandwidth of that channel is wide enough to
accommodate the sum of the individual signal bandwidths. Usually, bandpass
filtering is needed to reduce interference and crosstalk between the different
signals.

An FDMA example is shown in the following figure. Three message signals are
modulated into f;, f5, and f3 respectively. Assume the lower bound for the ith
modulated signal is f;-B; and the upper bound of the frequency is f;+B;. It is also
assumed that f;.1+B;j.1 < f;-B;, for i=1,2,3.
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Figure 3-23: FDMA Example
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The multiple accessed signal is shown in the middle of the figure. On the
receiving side, the received signal goes through a bandpass filter. Then a
demodulation process recovers the signal as shown in the plots of the left-hand
side of the figure.

The block diagram of an example using the toolbox to build a FDMA system is
shown in the following figure. This example uses the DSB-SC AM modulation

method.

—
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Figure 3-24: Simulink Block Diagram FDMA Example

The detailed discussion of the FDMA block diagram is provided in the
“Simulink Block Reference” chapter.

Code Division Multiple Access (CDMA)

CDMA is widely used in modern communication systems, such as wireless
communication systems. There are a number of CDMA methods used in
applications. This toolbox provides a frequency hopping CDMA as an example
of how to use the toolbox to implement a CDMA communication system. For
more information about CDMA and frequency hopping methods, refer to Sklar,
Digital Communications, Fundamentals and Applications, p. 491-3.

A frequency hopping CDMA uses the vector re-distributor discussed in the
TDMA section. The following block diagram shows a simple frequency hopping
CDMA system example.

Vector FDMA
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delay

Vector
pulse
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The frequency hopping CDMA process rearranges the input vector signal, then,
the rearranged signal vector goes through the FDMA process. The recovery of
the CMDA signal is the inverse process of the CDMA process.

The time-frequency distribution map of the frequency hopping CDMA Mux for
this example is shown in the following figure. Three signals are mixed with
time, and then the mixed signals are modulated to different frequencies. The
time-frequency sharing map related to the original signal is shown on the
right-hand side of the figure. The CDMA Demux is the exact reverse of the flow

with the consideration of the time delay.

Modulate to
/\ /\ /\ ‘A frequency f1
| > - &

[f1-B, f1+B] |\ frequency
bandpass fi|t A

Input 2 \
fl
Vector P/Iodulate t]g
requency f2
p| Redis- - & _>fz
tribution [f2-B, f2+B]
bandpass fift
‘Input_3 _ N _ 3
Modulate to
> freqtgency f2 ) -
t0 t2 t4
> > [f3-B, f3+B] time
bandpass filt
_1 ~ _t3 - (0] t1 t2 t3 t4
Time i Signal . . Time Domain Signal
Time Domain Signal Trigger signal

0t t2 3 14>
Figure 3-25: CDMA Example

Please read the Simulink reference for the Simulink simulation result by using

the example.
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Transmitting and Receiving Filters
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There are a number of filters specially designed for communication systems.
This section discusses these filters. The filters discussed in this section include
the raised cosine filter, sinc filter, Hilbert transform filter, and complex filter.
These filters are mostly used in the transmitting and receiving front. The
commonly used digital filters such as the lowpass filters, highpass filters,
bandpass filters, and bandstop filters can be found in the DSP Blockset, which
is another product in the MATLAB product family.

Different design methods are available in the function blocks, such as
Butterworth filter, Chebychev filter (type | and type I1), and Elliptic filter, etc.

Raised Cosine Filter
The transfer function of the raised cosine filter is

. 1-
% T n‘0s|f|s2—_|_r
0
T T 1- L 1- 1+
H(f) = %§[1+cosg[7%fl— ZT'E%} if 2Trs|f|s 2Tr

0

1+r
0 if ——
a3 0 if 5T <|f|

where r is the rolloff factor and T is the time interval of the digital message.
After a digital signal passes a R-C filter, the frequency of the signal is limited

in the band [-W, W], where W > %_ . The frequency spectrum of the raised



cosine filter is shown in the following plot.

Tr
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This figure shows the time domain impulse and frequency responses of the R-C
filter (for r=0, 0.5, 1) in the upper and lower plots respectively:.

0.5F

Time Response

05

T

0 | | 1 1 1 1 1 | | J
-1 -08 -06 -04 -02 0 02 04 06 08 1

Frequency Response

Note that T has been normalized to 1 in these graphs. When the input is a step
signal or a continuous signal, a sinc filter should be used before using the
raised cosine filter. The sinc filter is discussed in the next section.

The raised cosine filter is a non-causal filter. The implementation of a
non-casual filter is impossible because a non-causal filter depends on future
input information. To solve this problem, this toolbox has artificially added a
time delay to the filter in the implementation. The time delay is usually T
multiplied by a positive integer.

In some applications, a raised cosine filter can be divided into two parts, one
for the transmitting side and one for the receiving side. In this case, each side
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has the square root of the raised cosine filter. The impulse response of a
square-root R-C filter is:

. t
; smgl —r)n_T_%
cos%l + r)n_T_%+ —

het) = Ar ars
R

In using the square root raised cosine filter, the sinc filter should be used on
the transmitting side but not on the receiving side. The combination of two
square root raised cosine filters in this way is equivalent to a normal raised
cosine filter if there is no channel noise and distortion.

Raised Cosine Filter Example

This example shows how to use the raised cosine filter. You can run this
example by typing tstrcos2 in the command window. The figure below shows
the block diagram of the Simulink example:

]

FFT
R-C FFT
Sampled ™ filter Scope
variahle
-
—
sinc . ﬁ'c —FMUH_’H
- ilter
Scope

R-C R-C
™ filter » filter »

scopel

» R-C
filter ’H
Scope?

The sampling time is .1 sec. A pulse with width equal to 1 sec is generated from
the Sampled Read Workspace block. The signal is sent to four different setups
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of the R-C filters. In all R-C filters, the digital transferring sampling time is set
to be 1, computation sampling time is .1, filter rolloff factor is .5, and filter type
is FIR. The first row of the R-C filter uses the sinc filter. The delay step is 6.
The second row of the R-C filter does not use the sinc filter in the R-C filter
parameter setup; it uses an external sinc filter. The left plot in the figure below
shows the simulation result of the first and the second row. These two results
overlap each other perfectly.

The third row uses two FIR/srqt filters. The first R-C filter uses a sinc filter
and the second R-C filter does not use a sinc filter. The delay step for each block
is 3. The middle plot in the figure below shows the simulation result. This
simulation result is almost the same as when using a single normal R-C filter.

The fourth row uses no sinc filter. In the figure below, the right plot shows the
simulation result. Note the amplitude of the simulation result is much larger
compared to the other simulation results.
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An FFT scope (this scope is provided in the DSP Blockset) is used to analyze
the spectrum of the result in the first row. The simulation spectrum matches
the theoretical spectrum.

12

10

Magnitude
[}
T

Frequency (Hz)

Sinc Filter
The transfer function of the inverse sinc filter is a sinc function

sin (1tf)

o tz0
1

sinc(f) =

i o

t=0

The time domain impulse response of this filter is an sample-time-unit width
impulse. This block is often used in conjunction with the raised cosine filter.

Hilbert Transform Filter

The Hilbert transform filter outputs a -90° phase shifted signal over the input
signal. The Hilbert transform filter has the transfer function

H(f) = —sgn(f)
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which has the impulse response

h(t) = Tlrt

The Hilbert transform filters are used in SSB AM modulations.

The Hilbert transform filter is a noncausal filter. This means that the current
output depends on the future input of the system. The transfer function
contains a purely imaginary component, which means the impulse response of
the filter is odd symmetric. The impulse response of the system is depicted on
the left-hand side plot of the figure.

A A

time
<_de@y_>
- -
(a) impulse response of HTF (b) impulse response of delayed HTF

The filter is not realizable since its impulse response is not zero prior to the
time zero point. To overcome this difficulty, an artificial delay is added to the
filter design. The delay is added such that the value of the impulse response
before the time zero is not significant and is ignored in the implementation.
The impulse response of a delayed Hilbert transform filter is shown on the
right-hand side plot of the above figure.
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Channels

Communication channels introduce noise, fading, interference, etc., into the
transmitting signals. In communication system simulation, the modeling of a
channel is based on mathematical descriptions of the channel. The channel
models differ from one transmitting media to another. This toolbox provides a
limited number of transmitting channel models. You are encouraged to
construct your own channel models. If the channel model is linear, you can use
the functions in the System Identification Toolbox to identify the structure of
the channel. If the channel model is non-linear, you can use the Optimization
Toolbox to search for the parameters with measurement data and the given
structure of the model.

The toolbox includes two different kinds of channel models: passband and
baseband. The most commonly used model in channel simulation is the AWGN
(additive white Gaussian noise) model.

In general, the channel model can be used directly in connecting the
transmitting side and the receiving side of a communication system as shown
in this figure:

— = Transmitter—® Channel |—p» Receiver —p»

Passband Channels

In passband channels, the transmitting signal is assumed to be a scalar signal.
The passband channel sublibrary of this toolbox includes an AWGN channel
model and a binary error channel model. This figure shows an additive noise
channel model:

Noise
source

Transmitting signal ivi i
g sig >+ Receiving S|gnal>

An AWGN model is a channel with white Gaussian noise as the noise source.
Gaussian noise is discussed in the “Signal Generators and Display Devices”
section of this chapter.
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The channel fading model in the passband simulation is simply the
transmitting signal multiply a gain value. The gain is less than or equal to one.

You can use the MATLAB function rand to generate uniform distribution noise
and randn to generate Gaussian noise. The Statistics Toolbox supports more
choices for noise generator functions as well.

Baseband Channels

Baseband channel models have the same channel model structure as discussed
in the passband channel. The transmitting signal, receiving signal, and the
noise source are complex. The real part of the signal is the in-phase component
and the imaginary part of the signal is the quadrature component. In Simulink
blocks, a complex signal is represented by a two element vector. The first
element is the real (in-phase) component. The second element is the imaginary
(quadrature) component.

Rayleigh Noise Channel

The noise input source for the Rayleigh noise channel is the Rayleigh noise.
The noise source is discussed in the Signal Generators and Display Devices
section. In the channel, two independent zero mean white Gaussian noises are
added to the real part and the imaginary part of the transferred signal. These
two independent white Gaussian noises share a same common variance.

Rician Noise Channel

The additive noise source for the Rician noise channel is a Rician noise. In the
channel, two independent Gaussian noises are added to the real-part and
imaginary part of the transferred signal. These two independent Gaussian
noises share a same mean value and a same common variance. For a discussion
of the Rician channel, see Webb and Hanzo, Modern Quadrature Amplitude
Modulation, p.61.

Fading Channel
The fading channel in the baseband signal transmission has the following form

y(t) = u(ta(t)exp(jo(t))

where u(t) is the transferring signal; y(t) is the output of the channel; a(t) is the
fading envelope and @(t) is the phase shift in radians. When both a(t) and ¢(t)
are time invariant, the fading channel has a fixed form.



Synchronization

The communication receivers have to be synchronized with the transmitters in
order to make a correct transmission. The simulation of the synchronization is
a timing simulation. The synchronization functionality is provided in the
Simulink block library only. The Communication Toolbox provides the Phase
Locked Loop (PLL) synchronization simulation. A digital early-late gate
simulation is provided as an example in the next chapter.

A PLL is an automatic control system to adjust the phase 8(t) of the local
signals(t) = sin(2mf t+ 8(t)) to match the phase the phase 6(t) of the received
signal s(t) = sin(2mf t +6(t)). In the PLL design, it is assumed that the phase
8(t) is slowly varying with respect to the frequency f_.

Passband Signal PLL Simulation

A typical PLL consists of three components: a phase detector, a filter H(s), and
a VCO (voltage controlled oscillator). The phase detector in a simple PLL is a
multiplier. The structure of a simple PLL is shown in the following figure.

s(t) | Phase | x() e(t)
Detector ’ H(s)

S(1) vCo g

In the figure, 5(t) = sin(2mf,t + 6(t)) is the incoming signal and
S(t) = sin %Tl‘fot +08(t) + ggis a locally generated signal. Note that /2 has

been added to the VCO as an initial value of the phase shift. In this toolbox, a
multiplier phase detector is used. The output of the multiplier, x(t), is

(t) = %sin[e(t) -8(1)] + %sin[ZTrfot +0(t) —B(t). After passing a low-pass
filter H(s), the high frequency term, the second term in the equation, is filtered.
The signal e(t) is:(t) = %sin[e(t) —B(t)]. When 8(t) — 8(t) is small, we have

3(t) = B(t) —B(t). Note that the PLL fails when the deviation of 6(t) is close to
2.

3-121



3-122

H(s) is a lowpass filter. You may use the MATLAB function plIfilt to design
the filter.

The baseband model PLL method uses the multiplier phase detector and
rearranging the variables, the PLL in the following figure is equivalent to the
previous PLL described above.

s(t) o(t

Acsin(.y= K et H(s)

S(t) 1 |
s

The baseband model for the PLL is a nonlinear system model. The model
depends on the information of the amplitude A; of the incoming signal. The
model is independent of the carrier frequency fg.

The baseband model for the PLL is a nonlinear system. It is difficult to analyze
a nonlinear system. Using the approximation n[8(t) —8(t)] 08(t) —8( when

8(t) —0(t) is small, a linearized Baseband Model PLL block results, which is
the simplest PLL model, as shown in the following figure.

s(t) o(t)

AK (= H(s)
5(t) 1 ‘
s

The transfer function from the input phase s(t) to phase error @(t) is

_ s . . . . .
G(s) = STAKHA() A PLL without filter is a first order PLL. A PLL with
(n-1)th order H(s) is an nth order PLL. It is known that the steady state phase
error B(t) is zero for a rational H(s). You can use the MATLAB Control System

Toolbox to design and to analyze the PLL systems.

So far, all PLLs discussed above are analog. The charge pump PLL is aclassical
digital PLL. In the above discussion, a multiplier is used as phase detector. In
practice, a number of other phase detectors can be used. One of them is the
sequential logic phase detector. A PLL with a sequential logic phase detector
(also named digital phase detector) is known as charge pump PLL.



A sequential logic phase detector operates on the zero crossings of the signal
waveform. The equilibrium point of the phase difference between the input
signal and the VVCO signal equals 1t The sequential logic detector can
compensate for any frequency difference that might exist between a VCO and
an incoming signal frequency. Hence, the sequential logic phase detector acts
as a frequency detector. For this reason, a sequential logic phase detector is
also called a phase/frequency detector (PFD).

A discussion of the charge pump PLL can be found in [40]. There are other
references for the charge pump phase-locked loop, such as [17] and [18].

Baseband Signal PLL Simulation

Simulation using the baseband waveform has been discussed. PLL is one of the
keys in the demodulation. The simulation of PLL can be on the baseband
waveform. In this case, the simulation can be at a lower sample rate than that
required to match the carrier frequency. The baseband waveform simulation
for PLL can be done by using the structure shown in the following figure.

Y(t)=A exp((t A K sin(8(t)-8(t) FM
YO PED) % e imag——— | 19|
K exp(-j8(t)) B(t)

Please note that although the simulation of the baseband waveform PLL can
have its simulation sample rate much lower than the carrier frequency f., to be
able to find the accurate delay, the simulation step size should be small
enough.
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Utilities
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This toolbox includes a number of basic functions and blocks to support the
functions described in the previous sections. Please see the Simulink reference
for detailed discussion on each of the functions. This section lists all functions.
Selected functions are discussed in more detail while others are skipped
because their functionality is obvious.

= Voltage Controlled Oscillator

< Modulo Integrator

< Windowed Integrator

< Scheduled Integrator

= Envelop Detector (not discussed)

= Edge Detector (not discussed)

= Register Shift (not discussed)

= Triggered Buffer Down (not discussed)
=« Vector Redistribution (not discussed)
< Number Counter (not discussed)

= Error Counter (not discussed)

< Minimum/Maximum Index

= Array Functions

< Scalar to Vector Converter

= Vector to Scalar Converter

= Modulo Operation

< Mean and Variance

= Complex Filter (not discussed)

= K-Step Delay (not discussed)



Voltage Controlled Oscillator

The functionality of the voltage controlled oscillator (VCO) is the same as the
frequency modulation. The voltage of the input signal m(t) controls the
oscillation frequency of the output signal y(t).

y(t) = m(t)cos(2mf t+2mO(t) + @)

where y(t) is the modulated signal. f; is the carrier frequency. The unit for f. is
Hertz. ¢, is the initial phase. The unit for ¢, is radians. 8(t) is the modulation
phase, which is the integration of the input signal m(t).

o(t) = kcﬁ) m(t)dt

In the equation, Kk is the sensitivity factor.

Modulo Integrator

Simulink can be used for both continuous-time and discrete-time system
simulation. In continuous-time system simulation, the step size reduces if the
computation error is larger than the given tolerance. The computation error is
determined by the relative error in the integration computation. In a
simulation system, if one integration value is getting much larger than the
others, that integration value will play a dominant role in the computation
tolerance evaluation. In some applications, the modulo of the integration value
is used instead of its original value.

One application is the computation of the FM modulation. The modulated
signal y(t) is

y(t) = cos(2mf t+2mO(t) + @;)

where 6(t) is the modulation phase, which changes with the amplitude of the
input m(t) in the form

o(t) = kCJ'; m(t)dt

If the input value m(t) keeps the same value, the value 6(t) can be very large.
However, only 6(t) modulo one is used in the output computation. This
integration outputs the value of the modulo integration.
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Windowed Integrator
For an input signal u(t), the output of the windowed integrator is

y(t) = J:_Tu(r)dr

where T is a positive number, which is the integration window size of the
integrator. In the computation, u(t)=0, for t<0 is assumed.

Scheduled Reset Integrator

Given an input signal u(t), the output of the scheduled reset integrator in the
time interval NnT<t<(n+21)T is

y(t) = [,_ ;u(mde
where T is a positive number, which is the reset schedule interval.

Minimum/Maximum Index

This block has been used in the M-ary FSK demodulation block. The
functionality of this block is to output the index of the element with its value
having the maximum value (or minimum value).

Array Functions

Some blocks in the current Simulink block library can be used only for scalar
input or scalar output. An array function block has been added for multiple
input/multiple output functions. This block is limited to calculate the functions
with the input and output vectors having exactly the same size. Some functions
that can be calculated using this block include: sin, cos, tan, exp, log, In, etc.

Scalar to Vector Converter

This function converts scalar integer symbols to binary (base 2) vectors. The
function de2bi is designed for this usage. A Scalar to vector converter block in
Simulink has the same functionality.



Vector to Scalar Converter

This function converts binary (base 2) vectors to integer scalar numbers. The

function bi2de is designed for the usage. A Vector to scalar converter block in
Simulink has the same functionality.

Modulo Operation

The modulo operation in MALTAB is an internal function rem. In the Simulink
block library, a similar functionality is implemented.

Mean and Variance

In MATLAB, you can use functions mean and std for the mean and variance
calculations. In the Simulink block library, a block is implemented to calculate
the mean and variance of all of the past input values of the signal.
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Galois Field Calculations

This toolbox provides a set of self-contained Galois field functions to support
error-control coding and decoding. This section discusses the definition of
Galois fields and the arithmetic and algebraic computations in these fields.

Galois Field, GF(Qq)

A finite field, that is, a field containing a finite number of elements, is called a
Galois field. The notation for a Galois field is GF(q) where q:pM. The
parameter p must be a prime number, and M must be a positive integer. For
instance, there is no finite field containing 24 elements. If g=p (i.e., M=1), then
GF(q) is known as a prime field. If M>1, then GF(q) is called an extension field.
Addition and multiplication in a prime field are equivalent to the
corresponding modulo-p operations on integers, but this is not true for
extension fields. As an example of addition in a prime field, this table lists all
the possible addition calculations in GF(5):

+ 0 1 2 3 4
0 0 1 2 3 4
1 1 2 3 4 0
2 2 3 4 0 1
3 3 4 0 1 2
4 4 0 1 2 3
This table lists all the multiplications possible in GF(5):
* 0 1 2 3 4
0 0 0 0 0 0
1 0 1 2 3 4
2 0 2 4 1 3
3 0 3 1 4 2
4 0 4 3 2 1
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You can perform addition in prime and extension fields by using the function
gfadd. Multiplicative in prime and extension fields can be done by using
function gfmul. You can construct the above addition and multiplication tables
by using the following commands:

q = 5;
gf_g_add [1; % Assign a variable name for addition table.
gf_g_mul = []; % Assign a variable name for multiplication table.
for 1 = 0:g-1
gf_g_add = [gf_g_add; gfadd(i*ones(l, q), [0:9-1], 9)]:
% Construct the addition table.
gf_g_mul = [gf_g_mul; gfmul(i*ones(l, q), [0:9-1], 9)]:
% Construct the multiplication table.

end;
By changing the value of g, you can construct a table for any prime number.

Division and subtraction in prime and extension fields can be done by using the
commands gfdiv and gfsub respectively.

GF(2) is a special Galois field, the binary Galois field. Most error-control coding
algorithms are constructed using GF(2). In GF(2), there are only two elements:
“0” and “1”.

Polynomials over GF(Q)

A polynomial over GF(q) is a polynomial whose coefficients are elements from
GF(q). This toolbox uses a vector to represent a polynomial. The ascending
ordered format is used in representing a polynomial. For instance, a
polynomial over GF(q)

f(X) = g+ 9y X +0,X° +g5X> +... +gy X"

is represented by a vector [90 g1 95 93 - gM] . Function gfpretty is designed
to improve the visual presentation of algebraic equations. For example,

x=[123454321];
gfpretty(x)
ans =
2 3 4 5 6 7 8
1+2X+3X +4X +#5X +4X +3X +2X +X
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The degree of a polynomial is defined to be the highest exponent value of X in
f(X). The above example f(x) has degree 8. You can add two polynomials by
directly using gfadd. The multiplication of two polynomials (convolution) can
be done by using gfconv. The division of one polynomial by another
(deconvolution) in GF(q) can be done by using gfdeconv. For example, to
multiply polynomial x =[11 11 1] by polynomialy =[11 11 1] over GF(7), use
the command

z = gfconv(x, vy, 7)

which resultsinz=[123454 32 1] in GF(7). The following functions are
specially designed for polynomial computation in GF(q) or GF(qM):

gfadd, gfconv, gfdeconv, gfprimck, gfprimdf, gfprimfd

The last three functions on the list are designed for primitive polynomial
computation. This concept is discussed in the next section, “GF(q™), the GF(q)
Field Extension.”

Polynomials over GF(2) are the most commonly used in error-control coding.
The polynomial functions listed above use GF(2) as the default if the prime
number g is not specified.

GF(gV), the GF(q) Field Extension

The elements of an extension field, GF(qM), of a prime field GF(q) can be
conveniently represented by polynomials of degree M-1 and coefficients in
GF(q). All elements of GF(qM) can be generated by constructing polynomials of
degree M-1 with all q'\/I possible combinations of coefficients in GF(q). Addition
and subtraction of two polynomials over GF(q) are performed by simply
performing those operations on the corresponding coefficients.

Determining the rules for multiplication is more complicated and requires
some additional definitions. A primitive element, a, of GF(q) has the property
that all nonzero elements of the field can be generated by forming successive
powers of a. Every Galois field has at least one primitive element. A degree-M
polynomial with coefficient in GF(q) is said to be irreducible if it is not divisible
by any polynomial with coefficients in GF(q) and of degree less than M and
greater than zero. An irreducible polynomial having a primitive element is
known as a primitive polynomial.



Multiplication of polynomials is done in the customary manner except for the
fact that powers that become too high for the extended Galois field are reduced
by means of a primitive polynomial set equal to zero. If p(X) is a primitive
polynomial for the extension field, then we can use the relationship

p(X) =ag+a; X + azx2 + ..+ xM

or

XN = _ao - alx —aZXZ — ... aM_lxM-l

Note that for an element a in the binary field

a=-a

Multiplication tables for elements of an extended Galois field can be generated
by the use of a primitive polynomial. Note that a specific primitive polynomial
is associated with the table.

A list of all elements in a GF(qM) can be generated by using function gftuple.
For example, a list of GF(3%) can be generated by the following commands:

% specify the exponential value M and prime number q
M=3; gq=3;

% generate a list of GF(g™M) tuple form in tuple

% and exponential form in pow.

[tuple,pow] = gftuple([-1:9™M-2]",M,q)
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There are three different kinds of representations for the elements in GF(q
the exponential representation, the M-tuple representation, and the
polynomial representation. This is a list of all the elements in GF(33):

M),

Exponential 3-Tuple Polynomial
1 =0 [0 0 0] 0
0 -1 [1 0 0] 1
a [0 10] X
o’ [0 0 1] X2
a’ [2 1 0] 2+ X
at [0 2 1] 2X + X2
a’ [212] 2+ X +2X2
a® [11 1] 1+ X+ X2
a’ [2 2 1] 2+ 2X + X2
o8 [2 0 2] 2+ 2X2
a’ [11 0] 1+X
10 [0 1 1] X + X2
et [2 1 1] 2+ X+ X2
L. [2 0 1] 2 + X2
al® [2 0 0] 2
al? [0 2 0] 2X
ol® [0 0 2] 2x2
al® [1 2 0] 1+ 2X
o [0 1 2] X + 2X?
ol8 [121] 142X + X2




Exponential 3-Tuple Polynomial
at? [222] 2+ 2X + 2X2
o2 [112] 1+ X +2X2
ol [10 1] 1+ X2

a2 [2 2 0] 2+ 2X

a2 [0 2 2] 2X + 2X2
o2 [12 2] 1+ 2X + 2X?
S [10 2] 1+ 2X?

For convenience, this toolbox uses the exponent of a to represent the element
in GF(gM). For example, the table uses x=9 to represent a" . By convention, 1
is represented by any negative integer. You can use function gftuple to convert
a vector of exponential form to M-tuple form.

The extension field GF(qM) possesses many interesting mathematical
properties. Calculations are not as straightforward in GF(qM) as in GF(q). The
Communications Toolbox supports a number of calculations on GF(qM),
including:

- Addition in GF(gM)

= Multiplication in GF(qM)

= Cyclotomic coset calculation in GF(qM)

< Minimal Polynomials over GF(qM)

= The Roots of Polynomials over GF(qM)
= Various utilities, such as polynomial truncation

The following sections of this chapter discuss each of these topics in turn.
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Addition in GF(gM)

Addition in GF(gM) can be done as an element-by-element modulo-q calculation
on M-tuple vectors. Starting from the exponential representation, the
calculation is shown in this flow chart:

Elementl > EI\I/Ie;neTtl M-tuple element-by-element
(exp)  exponential fornfM-tuple) modulo-qg additive calculation
to M-tuple form Sum Sum
mapping (M-tuple) M-tuple form (exp)
Element2———p» Elementz/ to exponential
(exp) (M-tuple) form mapping

You can use gfadd or gfplus for the GF(qM) calculation. A special variable tp
should be created as the third parameter in the function call. tp must contain
all the elements in GF(qM). Addition is defined between two elements in the
same extension field, GF(qM).

This is an example of addition using vectors = [0( o o’ aﬂ and
b = 42 o* o° o] in GF():

% exponential form of vector a and b

a=1[135T7];

b =1[246 8];

% generate GF(37"3) tuple list

tp = gftuple([-1:37"3-2]", 3, 3);

% The additive calculation

c = gfadd(a,b,tp)

C =

10 12 14 16

You can validate the result by using the GF(33) element list table. To verify the
addition of a’ plus a8 calculated above, find from the GF(33) table the 3-tuple
representation of a’ and a®. The representation for a’ is [2 2 1], and the
representation for adis [2 0 2]. The addition of these two elements is [1 2 0],
which is the 3-tuple representation of a®. This result agrees with what was
found in the above calculation using gfadd.

Multiplication in GF(q™)

Using the exponential form, multiplication is relatively simple compared to
addition. You need only add exponents of a modulo-qM-l. For example, you can



i = | -Inf 15 2 = | .1 7 14 21| ysi
multiply vectors = [0( P al®q 0} and) = [0( af a? g } using these
commands:

a [-Inf 5 15 20];

b [1 7 14 21];

tp = gftuple([-1:3723-2]7,3,3);
= gfmul(a,b,tp);

C
Cc =

—Inf 12 24 10

The Cyclotomic Cosets of GF(q™)

Let Bbe anelementin GF(qM). The element BZt is called a conjugate of 3, where
t is a positive integer. It can be shown that for any polynomial f(X) with its
element in GF(q), if f(B) =0, then f(BZt) =0.

Forany B in GF(qM), there exists a subgroup in a GF(qM), called the cyclotomic
coset associated with B, such that zoset= [B BZ B4 stJ is closed,

i.e., BZ(S b equals one of the elements in the coset as listed above. The element
with the smallest power number is called the leader of the coset. In the above
example, B is the leader of the coset. The cyclotomic cosets can be calculated by
using gfcosets.

For example, the cosets for GF(24) can be calculated by the command

cs = gfcosets(4,2)

cs =
0 NaN NaN NaN
1 2 4 8
3 6 12 9
5 10 NaN NaN
7 14 13 11

The notation NaN is used to fill the space in the matrix. This toolbox uses
cyclotomic cosets in the computation of minimal polynomials and for the
computation of roots in GF(qM).

Minimal Polynomials over GF(q™)

The minimal polynomial of B, where B is on GF(qM), is defined to be the
polynomial of the smallest degree over GF(q) such that f()=0. In this toolbox,
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function gfminpol is designed to find the minimum polynomial. For example,
to find the minimum polynomial of § = a3, where Bisin GF(24), you can simply
use the command

pmin = gfminpoly(3,4,2)
pmin =
11111

Using the function gfpretty, you can obtain the “pretty” form of pmin:

gfpretty(gfminpoly(3,4,2))
1+ X+ X2 +x3+ x4

The Roots of Polynomials over GF(q™)

The roots of a polynomial f(X) are defined to be the solutions of X such that
f(X)=0. A polynomial with its coefficients in GF(q) may have no root in GF(q).
However, you can find its roots in an extended field GF(qM) by using the
function gfroots. For example, consider the polynomial 1 + X + X2 + X3 + x4
over GF(2). Neither 0 nor 1 is a solution for this polynomial, so it doesn't have
any solutions in GF(2). You can find its roots in GF(24) by using function
gfroots:

a=[11111];
rts = gfroots(a,4,2)";
rts =

36129

Other GF(q) Related Functions

There are a number of other functions implemented in this toolbox to support
the GF(g) computation. These functions are

= gftrunc, which truncates an input polynomial to eliminate useless terms
=« gflineq, which solves solve a linear equation in GF(q) field



Note that by using MATLAB “/” or “\”, you may not be able to obtain a linear
equation solution on GF(q). For example:

% Using \ in MATLAB finds solutions that are not in GF(3).
a=[021; 022; 210];

b = [0; 1; 2];
x1 =a\b

X1 =

1.25

-0.5

1

% Use gflineq to obtain correct solutions in GF(3).
x2 = gflineq(a,b)
X2 =

)

In the toolbox, two functions, primes and isprime, are dedicated to finding
prime numbers and checking whether a number is prime. Please see Chapter
5, the MATLAB Function Reference, for examples of using these two functions.
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4 Examples

4-2

This chapter provides four application examples. The four examples are:

= Bit-error rate computation
This example is a simple tool for computing bit-error rate with different
modulation methods, error control coding methods, and channel noises.

= Digital subscriber telephone lines
This example simulates digital transmission through a telephone line. It
includes noise cancelation and equalization models.

= Early-later gate synchronization
Synchronization plays a vital important role in the data transmission. This
example implements a complete synchronization system for receivers.

* V.34 modem data transmission
V.34 modem standard is the newest standard for computer data
transmission through telephone lines. This example simulates the data
transmission between a call modem and an answer modem.

MATLAB and Simulink are widely used in industrial applications. The author
of this toolbox is planing to collect application examples in the communication
area and have them published in the form similar to the examples provided in
this chapter. Please send your examples to the author at the following address
if you are interested in having them published:

Wes Wang

The MathWorks, Inc.
24 Prime Park Way
Natick, MA 01760
wang@mathworks .com



Bit-Error Rate Computation

Bit-Error Rate Computation

Background

This section provides an example of how to use the toolbox to calculate bit error
rates. It provides a flexible tool for the bit error rate computation using
different methods and parameters. You can choose to use techniques provided
in the toolbox or your own method to compute the bit-error rate.

Open the COMMGUI Window

Open the graphical user interface (GUI) window by typing the command

commgui

in the MATLAB workspace. You can also double-click on the Bit-Error Rate
Computation block in the demo sublibrary in the Communications Toolbox
block library.
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This figure shows the GUI window:

Load or save the
setting data.

Help for this
GUI example.
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File Help
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Bit-Error Rate Computation

This window includes four different functional categories:

Signal Source

Error-Control Coding
Modulation/Demodulation

Channel

You can choose computation methods in each of the four categories. The
methods can be found in the pull-down menus in each category. Once you have
selected a method in a category, you can specify the parameters associated with
that particular method in the data entry fields located beneath the pull-down
menus. For example, the first parameter in the Channel category can be a
vector signal, which determines the computation length.

Buttons to control the execution are located at the bottom of the window. After
setting the methods and parameters, click the Run button to start the
computation process. The execution function automatically fills the
computation results into the current data record. The computed data includes
the signal to noise ratio and the bit-error ratio. The computation stage, which
is located directly beneath the group of functional categories, indicates which
stage the calculations have reached in the processing. The calculation
percentage indicates what percent the total calculation has occured. After the
computation is done, clicking the Plot button opens a figure that plots the
bit-error rate.

Bit Error Rate

N
S
&
T

10°F

Signal/Noise Ratio
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The plot is on a log-log scale. The first, second, third and current record data

are indicated by the ¥, 'x’, ‘+', and ‘0’ symbols respectively. No curve is drawn
if the record is empty. The curves are the result of curve fitting with the given
data. The curve fitting polynomial order can be specified by changing the Curve
Fit Order parameter.

You can rearrange the data by dragging and dropping the data record between
records and the workspace area. When you drop data into the trash can, which
is located in the lower right-hand corner of the GUI window, the data will be
deleted. You can zoom in and out of the plot window. Ordinarily, MATLAB
plots the default to zoom off, but in this demo the default is zoom on. Refer to
the MATLAB Reference Guide or type help zoom on the MATLAB command
line for a discussion of the zoom function.

Please note that the chosen parameters must fit the requirements of the
computation. If you don’t know a good value for a parameter, leave it empty.
The function will choose the default computation parameter for you.

You can save the window parameter setting into a data file by choosing the File
pull-down menu at the top left corner of the window. You may load saved data
after you have saved a window setting. The Help pull-down menu provides
online help for how to use the function.
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Digital Subscriber Telephone Lines (DSL)

This example is provided by Walter Y. Chen of Texas Instruments, Inc. (13510
North Central Expressway, Mail Stop 446, Dallas, TX 75265). The author of
this toolbox has revised the design of the example.

Digital Subscriber Lines (DSLs)[1][2][3] are used to connect telephone
subscribers to local central offices (COs) over the traditional twisted pair
telephone subscriber lines. These digital connections can provide symmetrical
or asymmetrical transmission with a throughput between a few 100 kbps to a
few Mbps.

SLEL Ivbdem

The Integrated Services Digital Network (ISDN) basic rate access channel
available now through telephone companies is based on the Digital Subscriber
Line (DSL) technology. That DSL has a net (echo cancellation based) duplex
transmission throughput of 160 kbps. The transmission is carried out with a
2B1Q line code with a baud rate of 80 kHz. The base transmission spectrum is
from DC to 40 kHz.

The repeaterless T1 service is based on the High bit-rate Digital Subscriber
Lines (HDSL) technology. HDSL employs the same 2B1Q line code as does the
DSL but with a higher baud rate of 400 kHz. This results in a base
transmission bandwidth of about 200 kHz. The higher transmission
throughput is achieved by using higher speed signal processing hardware in
conjunction with a smaller serving distance.

The maximum transmission throughput of a DSL system is limited by the
subscriber loop channel loss and the corresponding noise environment. For
DSL and HDSL the noise environment is dominated by self Near End
Crosstalk (NEXT). The self NEXT is defined by the interference from adjacent
transmitters with similar DSL systems at the same central office or residence.
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Channel and Noise Models

A typical telephone subscriber line has a length of nine kft (26 AWG). The
squared channel transfer function can be approximated as

(O =2

for £ =9 x 1077, and d=9000 ft.
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Besides the channel loss, the transmission performance is also limited by
channel noise. It consists of Near End Crosstalk (NEXT), Far End Crosstalk
(FEXT), and white background noises. The NEXT and FEXT noise power is
dependent on the coupling function and the disturbing source power density.
The squared NEXT coupling transfer function is

|HNEXT(f)|2 - Xf3/2
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Digital Subscriber Telephone Lines (DSL)

where X = 8.8 x 107 for 49 disturber 1% worst case. The value of X should be
modified according to

6
_ n
X = Xa9710
for different number, n, of disturbers.

The squared FEXT coupling transfer function is

Heexr (D = wid|H (f)”

where =8 x 1072 for 49 disturber 1% worst case and the same scaling method
also applies to .

The power spectrum density of the ISDN basic access rate service can be
expressed as

. omf

fssm %

PSDISDN = 3'017f_0 [‘!TfDQ
E%D

for fo = 80 kHz.

The Transceiver Architecture

The echo cancellation based DSL transceiver can be realized with the
multi-level pulse amplitude modulation technique. The transceiver structures
at each end of a DSL system are identical. The transmitter part of a DSL
consists of a digital shaping filter, a D to A converter, and an anti-aliasing
filter. The receiver part consists of an analog lowpass filter, an A to D
converter, and a baud rate channel equalizers. An echo canceller is used to
separate the received signal from the transmit signal.
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The DSL simulation can be carried out with transmitter, channel, noise, echo
path, and receiver models.

K’
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—

PAM Signal
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Transmitter Channel
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Mux

Receiver

z
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Received
signal

The transmitter is simply a combination of a raised-cosine filter and a PAM
signal source. The channel consists of a loop model and a noise model, both of
which are presented as FIR filters, in conjunction with a noise generator. The
channel model is generated by first calculating the channel transfer function
and then the channel impulse response for the FIR filter via Discrete Fourier
transform. The noise model is calculated by designing an FIR filter to fit the
spectrum of the noise environment which is the cascading of the HDSL



Digital Subscriber Telephone Lines (DSL)

transmit power spectrum and the squared NEXT coupling transfer function.
The effect of noise is then simulated by driving this FIR filter with a white
Gaussian noise whose power is adjusted to 0 dBm/Hz. A simplified echo path
model consists of an over damped second order system. The echo model is also
represented by an FIR filter. The transfer function of the echo path is

1 [
S +
1 Ris % CleD

H(s) =
2 Zgt RlZSZ .0 1 ,Rzizg | Rz1
€,(R Ry L, O TRy +RyL,

where Zy = 135Q, Ry, = 99Q, R, = 124Q,2,, = 106Q,3,,, = 57Q,
C, = 0.033pF, Lp = 15mH.

The receiver is a combination of a Bessel lowpass filter and an adaptive
channel equalizer. The receiver also has an echo canceller that cancels echos
generated by the combination of the echo path model and another PAM signal
source. The transmitted signal is relayed to the receiver for the initial equalizer
training. With the absence of the far end signal, the echo canceller is first
trained to reduce the echo level by about 60 dB. After the initial convergence of
the echo canceller, the adaptation step size of the echo canceller is reduced to
a much smaller value to keep tracking the possible variations of the echo path
transfer function with the presence of the received signal.

Simulation results can be examined by displaying transmitted and received
signal, equalizer output error, equalizer coefficients, and echo canceller
coefficients. A snap shot of the transmitted and recovered signal is shown in
the next figure. An artificial shift has been added to distinguish the two
different signals.
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The Receiver
The block diagram of the receiver is shown below. The receiver contains echo

cancellation, an equalizer, and a low pass filter.

demap
1

, .| D-TDMA
Switch 1 @7 » mux

Echo Cangeler

Coef. vig
Butterworth .
LP Filter Equalizer

ou
MASK demap

»
»

Echo
PAM Cancele
Signal |,|€chop(z)
1
Filterl

[Switch 2 [Switch 3
E !
Step Input
You can open the equalizer block to look into the block diagram structure of the
equalizer. The equalizer is mainly constructed by using a feedforward filter

and a feedback filter. The structure of the equalizer is shown in the following
figure.
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D-TDMA

mux
Equalizer
FFF view

| (1]
in_1 Feedforward -
D-TDMA
> mux
Equalizer|
EF FBF view|

Feedback
Filter

in_2

1/z >

The Step Input block in the Receiver subsystem provides a switch signal.
Before the step signal becomes one, the system is in a training period. The
equalizer and echo cancellation parameters are trained in the training period.
This example has placed the trained parameters as initial conditions at the
beginning of the simulation, which enable you to see the simulation result
without waiting to the end of the training period. If you prefer to see the
training period, you can set the parameters X1_ini, X2_ini, and X3_ini to be
zero vectors in the MATLAB workspace. You should set the Step Time in the
Step Input block to be 50 seconds instead of 0 seconds. Before the 50 seconds,
it is the training period. You can open the Echo Canceler Coef. View scope (in
the Receiver subsystem), the Equalizer FFF View scope (in the Equalizer
subsystem), and the Equalizer FBF View scope (in the Equalizer subsystem) to
view the parameter training process. A snap shot of the parameters during the
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training is shown in the figure below. Note that the figure displays the values
of each element in the vector:

Echo Canceller Coef. view Equalizer FFF view Equalizer FBF view
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Early-Late Gate Synchronization

Input
signal

t
I %J't (.)dt P> and Hold I .|

This example is provided by Darrel Judd of Harman Motive (1201 South Ohio
Street, Martinsville, IN 46151).

When a communications signal is received, it must be synchronized to the
system that receives it. Depending on the type of demodulation scheme used,
it may be important to know the correct carrier frequency and phase. This is
called carrier synchronization. If the signal is a data signal, it is also important
to synchronize to the symbol periods of the data. This is called data
synchronization. There are many ways that the synchronization problem has
been solved: pilot tones, preambles, phase locked loops, etc. This example
assumes that the signal of interest is a two tone FSK signal. It is also assumed
that the baud rate is known, but the starting point of each bit is not known.
This tutorial uses an early-late gate technique to baud synchronization to the
instantaneous frequency output of an FM detection process. The Simulink
function is called elg.m.

Background

The early-late gate synchronizer is a very popular technique. A block diagram
of the algorithm is shown below. This version works for rectangular pulses.

O TO o . TO
E]Ioit<t0+§% g0+ig
1 tﬁ% \ Sample > | |
'T'It (\)dt and Hold
Output
clock - Loop
-€—— Timing - VCO - filter
0+% Sample

The basic principle for this data synching technique is to compare the energy
in the first half of a symbol period to the energy in the last half of a symbol
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period. (“Early” and “Late” gate, respectively). There are four conditions that
can occur:

Condition 1. The loop has locked to the symbol period. The energy levels are
equal. This means that a symbol transition was not found in this symbol
period. No timing correction is made for this condition.

Condition 2. Two identical symbols have been transmitted. The energy levels
are equal. This means that a symbol transition was not found in this symbol
period. No timing correction is made for this condition.

Condition 3. The energy in the early gate is greater than the energy in the
late gate. This means that there was a symbol transition in the last half of a
symbol period. A timing correction can now be made to synchronize up to the
symbol boundary.

Condition 4. The energy in the late gate is greater than the energy in the
early gate. This means that there was a symbol transition in the early gate.
A timing correction can now be made to synchronize up to the symbol
boundary.
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These four cases are shown graphically in the following figure.

Condition 1 Condition 2
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The basic steps of the algorithm are listed below:

1

Given a data signal s(t), choose an arbitrary point in time, t,. This point lies
somewhere within a symbol boundary. Let this point be s(t).

Let the symbol period be T, where 1/T is the symbol rate.

Now define a window in time as tyst<t, +; This window is called the
early gate.

Now define a window in time as tg+t5<t<ty+T. This window is called the

2
late gate.
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We now have two adjacent windows that cover one symbol period, but the
starting point of the symbol is not known. If we look at the amount of energy in
each gate, we can deduce if it is at a symbol boundary. If the energy in the early
gate is greater than the energy in the late gate this means that the signal
transitioned during the late gate. Our point of reference, could now be
decreased and we would be one step closer to knowing the symbol boundary.

Communication System Simulation

To run this simulation as it is described, open the Demo window in the
Communications Toolbox Main Window. When the Demo window is opened
you should see a window labeled Early Late Demo. This figure shows the
window's contents:
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Filter
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Error Rate [¢ vV
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‘% 9 EM Ll
— O ELG Detect DDC
« T
Fm Digital Down
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The simulated system can be broken down into four basic areas:

= The generation and modulation of a digital signal. This is shown in the first
three blocks.

= The transmission of the signal through a communications channel.

= The demodulation of the received signal. This process is represented by the
blocks in the lower half of the figure.

= The monitoring of the results. Results are displayed in a graph window and
with an Error Rate Meter window.

The basic parameters of the simulation; sample period (tss), symbol period
(tdd), carrier frequency (Fc), tone spacing (Fshift), and number of tones (MM),
can be modified from the MATLAB workspace after the elg window has been
opened.

The first step in the simulation is to generate a digital communications signal.
A two-tone FSK signal is generated. Next, noise is added to the signal with the
block, AWGN SNR. On the receiving side, the signal is first down converted to
remove a carrier and separated into quadrature components. This is done with
the block DDC. The instantaneous frequency of the baseband signal is then
calculated using the FM Detect block. Now the processed signal is ready to be
input into the Discrete Early-Late Gate block. The outputs of this block are two
timing signals. These signals are synchronized to the symbol boundaries of the
detected FSK signal. These timing signals are then used to extract the original
transmitted symbols from the instantaneous frequency. The results are then
compared to a delayed version of the original digital message with the Error
Rate Meter block. The rest of the blocks are used to display the results of the
simulation. The Transport Delay block is needed because there is an inherent
phase delay caused by the Phase Locked Loop used in the Discrete Early-Late
Gate block.

Signal Simulation

The two-tone FSK signal is generated by the top left three blocks in the system
block diagram. The Rdwksp block is set up to give continuous random numbers
ranging between 0 and 1. The output of this block is sent to the MFSK Mod
block. The binary data is also sent to the Error Rate Meter block so that the
original data can be compared with the demodulated data later in the
simulation.
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The MFSK Mod block modulates the digital data stream according to the
parameters listed earlier.

Because rectangular pulse shaping is used for this simulation, and because a
rectangular pulse is time limited, the resulting signal will have infinite
bandwidth in the frequency domain. In order to solve this problem, an
anti-aliasing filter is added to limit the bandwidth of the signal. The bandwidth
is chosen to be 4000 Hz. It should be noted that if tss is changed for this
simulation that the Anti-Aliasing filter roll-off frequency will need to be
changed in the Mask for the FSK2 block. The output signal of this block, and
its power spectral density are shown below.

Tirme history
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Tirme {zecs)
.&-.ua"a;la F'n:uwa"a:le:trﬁl Denmtg
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15 1
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5- g

3 &2
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Communications Channel

The block diagram of the AWGN SNR block is shown in the next figure. This
block adds additive white Gaussian noise (AWGN) to the signal at input port
1. The signal to noise ratio (SNR), in dB, is determined by the value present at
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the second input port. During the system simulation, the SNR ranges from -5
dB to 10 dB. The SNR level is incremented by one dB every 20 symbol periods.
By changing the SNR range, an error free operating range for the system can
be determined:

] —
] L b zero mean AWGN

out_1

Reg. shift

AWGN
w vary para

Pulse >

Inner
Register—shift Product

Pulses divide
same sample timel

Signal Demodulation

The signal demodulation process is represented by the blocks in the lower half
of the elg block diagram.The demodulation is accomplished by Digital Down
Convert, FM Detect, Discrete Early-Late Gate, and Intergrate Sample and
Threshold blocks.

Digital Down Converter. Once the signal has passed through the
communications channel, it must be sampled and down converted to baseband.
This is done with the DDC block. The analog input is first filtered to ensure
that it is band limited. Then it is sampled with a Zero-Order Hold block.

At this point, the signal processing is best described by the following equations:

s(t) = s(nT)

I(nT) = écos(iooch) +écos((wcims)nT)
Q(nT) = Esin(iwch)+§sin((oocicos)nT)
s(nT) = Acos((wxw,)nT)

I(nT) = s(nT)cos(w,nT)

Q(nT) = —s(nT)cos(w,nT)
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The overall process for the DDC is shown in the following figure.
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A time plot and power spectral density plot of I(nT) are shown in the figure
below, note the twice carrier peaks, 2w, * w,, in the power spectral density.
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The 2w, + wterms are filtered out of I and Q with identical low pass filters. The
cut off frequency for these filters is determined by the symbol rate used. An
example of how this is done is shown in the next figure.

A

AT

fsharb + 1dd fehart fhift  fshurb . T

The cutoff frequency is chosen such that the main lobes of the spectrum and
tone spaces are included in the pass band. If the fshift frequency between the
two tones is large enough, a band pass filter can be placed around each main
lobe. This helps to eliminate intersymbol interference. Another solution to the
symbol interference problem is to use a pulse shaping filter. The results of the
filtering process are shown in the below figure. Note that the 2w, terms have
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been filtered out. The quality of this filtering determines the spur-free dynamic
range of the DDC.:.

Tirmehistory of filtered 1{nT )
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The FM Detect Block. The instantaneous frequency is calculated from the
complex signal according to the following equation:

(nT)
d%tan g?(nT) %

freq(nT) = It

This method works well for high signal-to-noise ratio conditions.

The FM Detect block is shown in the following figure. The derivative is
simulated with a first order difference consisting of a unit delay and subtract.
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A problem with this technique is that when the phase of the complex signal
moves from quadrant 3 to quadrant 2 or 4, large noise spikes are generated in
freq(nT). This is shown in the figure below:
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These spikes are easily removed with a five tap median filter. The median filter
is implemented with the Register Shift block and the MATLAB Function block.
The figure shows the results of the filtering:
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The Discrete Early-Late Gate Block. The diagram for the Early-Late Gate
block is shown in the next figure. There are two outputs for the block:

= A square wave representing the early gate
= A square wave for the late gate
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The symbol boundary is at the falling edge of the early gate and at the rising of
the late gate:
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The output of the Discrete Early Late Gate block, and the instantaneous
frequency output from the FM Detect block are shown in the next figure. The
early and late gate wave forms are aligned with the symbol boundaries. The
other solid line is the SNR level. For this plot the SNR was 6 dB.

The Early Late Gate technique of synchronization can be used for other kinds
of demodulation techniques. The FM Detection process could be replaced with
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a matched filter. The energy output from each filter could then be used to
generate the error function.

10

0 1 1 1 1 1 1 1 1
0.367 0.368 0.369 0.37 0.371 0.372 0.373 0.374 0.375
Time (second)

The symbol boundaries are determined by the Early Late Gate block. The
outputs from the Early Late Gate block can now be used to trigger an “integrate
and dump” over each symbol period. The output of the integrator can then be
compared to a threshold to determine each symbol.

Each demodulated symbol is now compared to the transmitted symbol. An
error count and rate is tabulated with the Error Rate Meter block.

Note: Please refer to F.M. Gardner’s Phase-Locked Loops for a more detailed
discussion on early-late synchronization.
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V.34 Modem Data Transmission

Background

Modems are designed to transfer data between computers through telephone
lines. To ensure the correct transmission of data between two different
modems, the International Telegraph and Telephone Consultative Committee
(CCITT) has issued a number of standards for data communication over
telephone networks. The standards for modems are specified with the initial
character V, known as the V series. V series are useful for data protocol, data
translation, data compression, etc. The standards are as follows:

V. Series Functionality

V.1-Vv.8 General description of coding, symbol rate, and
power levels for modem.

V.10-V.34 The signal conventions standard for modems
using voice frequency telephone lines.

V.36-V.38 The signal conventions standard for wide band
modems.

V.41-V.42 Error-control convention.

V.50-V.57 Testing method, noise measurement
specification.

V.100, V.110, V.120, Internetworking specifications with packet and

and V.230 ISDN networks.

The V.34 modem is a standard from CCITT (now, referred to as the
International Telecommunication Union-Telecommunication (ITU-T)
Standardization Sector) for telephone line data transmission published on
September, 1994. It is the latest modem standard available. The maximum bit
transmission rate is 28,800 bits per second. The following example shows an
implementation of the V.34 modem. The example is designed to clearly follow
the structure described in the standard. Time efficiency and speed are not the
key considerations in the implementation. You can use this example to
understand the detailed structures and data flow of a V.34 modem. You can
also modify this example to construct your own implementation.

Refer to U. Black’s The V Series Recommendations for a detailed discussion of
the CCITT standard before V.34.
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Simulation Block Diagram

This example simulates the data translation process only. The modem start-up
training before the data translation is not included. The example assumes that
the parameters between the Call Modem and the Answer Modem are the same.

X A

modem modem

Enable signal2

Update v \J
data Error
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In this example, the Call Modem transmits data to the Answer Modem. The
data to be transmitted are random binary numbers generated inside the Call
Modem. The first output port of the Call Modem outputs the baseband QAM
modulated signal. The transmission channel is assumed to be a Rayleigh noise
channel. The Answer Modem uses the received signal to recover the signal
transmitted over the telephone line. It is assumed that the Answer Modem
shares the same parameters as those used in the Call Modem. The enable
signals are placed to indicate the data translation period.

The second output port of the Call Modem contains integers that are sent to the
Answer Modem. The sample rate of the data is:

-28/v34_rate_p/v34_rate_j/4

The integer contains v34_rate_b/4 bits of the message. (The next section
details the definitions of the parameters v34_rate_p, v34_rate_j and
v34_rate_b.) The output of the Answer Modem has the same format as the
second output of the Call Modem.

The simulated data are compared in the Error Rate Meter block. Note that
there is a time delay between the Call Modem data and the Answer Modem
recovered data. You may need to tune the parameter Delay between the input
and output in the Error Rate Meter block.
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The Call Modem and the Answer Modem are designed as ready-to-use blocks.
You can input parameters to the dialog box for different simulation
parameters. The dialog box is as follows:

DNata transfer for calling modem [Mask] )
Date transfer symbol rate. The valid entry

Block name: Call modem 0 numbers are 2400, 2800, 3000, and 3200 in
Block type: Data transfer for calling m this simulation.

The input signal enable the block to Cancel

transfer data. Date transfer bit rate. The valid entry numbers

are 2400, 4800, 7200, 9600, 12000, 14400,

16800, 19200, 21600, 24000, 26400, and
288000 in this simulation. Read the “Parame-
ters and Limitations of the Simulation De-

sign” subsection for the limitations of the rate
assignment.

Symbol rate, 5 (2400, 2800, 3000, 3200):

J i

|3zuu
Data rate, R [2400, 4800, 9600, 14400, 28800):

|2aauu

Convolution encoder [1:16 state; 2:32 state; 3:64 state]:

Use of different convolution encoders. The
valid numbers are 1, 2, and 3, which indicate
the 16, 32, and 63 state convolution encoder is

| 1

Precode filter coefficient [1x3 vector]:

|[1 .8 Al+sqrif-1)5[1 .5 .2]

LT

‘\ used.
A 1 x 3 complex vector, which contains the
coefficients of the precoder filter.

The dialog box for the answer modem is:
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Data received modem [Mask]

Block name: Answer modem

Block type: Data received modem [M:

The input signal enable the block to
transfer data.

Cancel

(=]
-~

Symbol rate, 5 (2400, 2800, 3000, 3200):

|3zuu|

Data rate, R [2400, 4800, 9600, 14400, 28800]:

|2aauu

WA

parts in the Call Modem dialog box.

Convolution encoder [1:16 state; 2:32 state; 3:64 state]:

?These parameters should match their counter-

| 1

/]

Precode filter coefficient [1x3 vector]:

|[1 8 Al+sqrif-1)71 5 .2] |

The delay steps in the convolution decoding.

Convolution decoder delay steps:

Refer to the Convol Decoder block décode

|1u

—’—— function for details.

You can use the block directly for the simulation.

Like most other blocks in the toolbox, the modem simulation blocks are
constructed by using the combination of Simulink built-in blocks and
S-functions. The construction of the blocks takes advantage of the ready-to-use
blocks in the Communications Toolbox. To see the detailed design of the blocks,
unmask the blocks and double-click the block.

Parameters and Limitations of the Simulation
Design

You should read the ITU-T recommendations to understand fully the system
design, parameter settings, and the techniques shown in the modem
simulation. You can order the standard from ITU-Sales Department, Place des
Nations, CH-1211 Geneve 20 Suisse, Geneva, Switzerland (4122) 730-5285.

In the following discussion, tables and figures using the reference V.34 mean
that the table or figure can be found in the V.34 standard.
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The table below lists the default values used in the simulation You can change
a variable by assigning a new variable name in the MATLAB workspace, or by
directly changing the variables in parameter fields in the dialog box. The
variables with empty variable names in the table indicate that a scalar or
vector is directly assigned in the dialog box in the Simulink block in this
example.

Description Variable Value
Name
Symbol rate, S SRATE 3200
Bit rate, R BRATE 28800
Convolution encoder CON_CODE 1
Precode filter coefficients [1.8.4]+ J=1x [1.5.2
Convolution decoder delay steps 10
Number of bits per map frame, b v34_rate_b 72
Number of data frames per v34 _rate_j 7
superframe, J
Number of map frame per v34_rate p 16
dataframe, P

The last three variables are calculated by using function v34prep. In this
example, you can calculate the other parameters by assigning the three
variables in the table and double-clicking the Update Data block. The Update
Data block executes the v34prep function and generates a MATLAB figure. On
the top of the MATLAB figure is a list of calculated parameters. At the bottom
of the figure is a plot of the modulation constellation used in matching the data
listed in the first part of the figure. The plot includes only one quarter of the
constellation points. The complete constellation is the combination of the listed
constellation and the 90, 180, and 270 degree rotations of the constellation.
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Symbol Rate S: 3200
Bit Rate R: 28800
# of Dataframe per Superframe J: 7

# of Mapframe per Dateframe P: 16

# of bit per Dataframe N: 1152
# of bit per Mapframe b: 72

# of dividing bit in parser q: 4

# of shell mapping bit K: 28

# of rings in shell mapping M: 12
Extended M: 14

# of points in 2D constellation L: 768
Extended L: 896

One quarter of the points in the constellation:
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You can use the function v34const to calculate or plot the constellation points
with the given requirements.

The simulation is designed for the cases when all bits in SWP, the frame
switching pattern, are all ones. Please check Table 8/V.34 for limitations. In the
design, you can calculate the ratio of

Symbol_rate_S/Bit_rate_R

The blocks in this example work when the ratio between these two rates is an
integer.

The simulation design is suitable when the number of map frame bits b is
larger than 12.

When this example cannot simulate the data specified in SRATE and BRATE,
the execution of a double Update Block will show a warning line in the figure.
The error means the designed Call Modem and Answer Modem cannot
simulate your given rate.

Call Modem Simulation Implementation

You can unmask the Call Modem block to see the details of the implementation
of the Call Modem. The top level of the Call Modem is:

_>
| N
QASK v(n) ¢ > Demux-> QAM >
+ Rd wks » ) A-map > » O —>.
|_> ’ o X ® > Modulated
> | 12ij(m) Non-linear input
—> 7 Demux[ P | T P | Y |v(m)| encoder
I — | z(m)—>
Scramble
Parser and Differential > c(m >
shell mapping encoder Rotation Precoder
g Uo(m
T J <
Inport ﬂ& >
Synchronization Trellis code

pulses

When the Call Modem is enabled to translate data, the enable signal enables
the synchronization pulses subsystem to generate pulses to start the data
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translation process. The data to be transferred in this example is a random
binary integer, generated from the Read from Workspace block. The length
v34_rate_b binary vector is divided into four sections. Each section takes a
4-D symbol interval to convert the v34_rate_b/4 bit binary vector to an integer
and outputs to the output port 2.

Scramble, Parser, and Shell Mapping Subsystem

The scramble, parser, and shell mapping computation is accomplished in the
scramble, parser and shell mapping subsystem. The figure below shows the
block diagram of this subsystem:

a| Vecto sca

1]

Data-input

length b

Fr

> Qijk—length q "| converter + 1
Mux v34trans Demux— b + -
- mijk-length 1 Q(n)-length 1
S—function » 2
ame info

lij-length 3

k inform

The length v34_rate_b binary vector is inputted into an S-function v34trans.
The function v34trans is a C code S-function; read the file v34trans.c for the
implementation details. The execution of the function v34trans is triggered by
the raising edge of frame information signal. The block outputs the length
v34_rate_q Qjjy signal, length one m;;, signal and length three 1;; signal at
the raising edge of the k information signal. The signals Q; ;i and m;;, generate
signal Q(n).

Differential Encoder Subsystem

The differential encoder subsystem maps signal Q(n) into a two-dimensional
signal v(n), which includes in-phase and quadrature components. The
constellation used in the mapping is provided in the constellation figure in the
last section. The 1;; signal is divided into 1155 and 1255, 13;5 signal. The 12;;
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and 13;; signal is used to generate Z(m) signal through different encode. This
figure shows the block diagram of the differential encode calculation:

- > Vec to sca
converter

12ij(m)_and_I3ij(m)

Modulo

Rotation Subsystem

The in-phase and quadrature signal in v(m) is then rotated Z(m)*90 degrees
when k=0, or (Z(m)+211;;+Up(m))*90 degrees when k=1. The implementation
of the rotation is shown in the following block diagram, which produces signal

u(m).

E—V Mux i
' Mux S\t/)vg)t(:h

[ — U(m)
4 >
z [5F—»H - Modulo —»f+

\ 4

Constant
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Pulse

Precoder Subsystem

The precoder uses u(m) signal to generate signal c(n), y(n), and x(n). The
implementation of the precoder is shown below, in which the filter is a complex
filter. The complex filter takes a complex signal and complex filter coefficients.
The filter outputs a filtered complex signal.

» 3
c(n) P
[1] =j Py y(n)
m >+ » 1
o = Y )
Filter
K >
fupﬁrétaign @*% fué]rgfilgn %

Nonlinear Encoder Subsystem

A nonlinear encoder takes the signal x(n) and outputs signal x'(n). In this
example the nonlinear encode assumes s=0, so, x'(n) = x(n). The Call Modem
outputs the QAM modulated x'(n) signal.

There are two subsystems used in the implementation. They are the
synchronization pulses signal generator and the trellis code.

Synchronization Pulses Subsystem

The pulses are generated in the vector generator in the following block
diagram. The generated pulses are output only if the enable signal is one
signal. This subsystem produced frame signal i, 4-D frame signal j, and 2-D
signal k. These signals are used to synchronize the simulation.

(1} »D 1
in_1 > 0

—»>

—»<Edge det~ || ,. i signal

Demux *

> Demux k signal

j signal
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Trellis Code Subsystem

The most complicated part in the V.34 modem is the trellis modulation
implementation. This figure shows the top level block diagram of the trellis
coder:

. > DE) Sca to vec plE——f
7™ converter ¥ Mux |_ppemux Convl en —pDemux
y(m) —_ +*
Symbol to bit Yo(m
convertor Constant
(m+1) pulse

% | XOR—>{ 1]

—7 | Co(m) Uo(m)

c(m) j)f

Modulo
encoder I;rar;]ee Vo(m)

k-pulse Bt inversion
pattern

The y(m) signal and c(m) signal from the precoder are used to generate signal
Yo(m) and signal Co(m) respectively. Based on the combination of j and k in
the transmission, a Vg(m) signal is produced as a fixed pattern in each frame.
Ug(m) signal, the trellis coder output, is the exclusive OR computation of the
three signals, Yo(m), Co(m), and Vgo(m).

Symbol to Bit Conversion Subsystem. The symbol to bit conversion
subsystem in the trellis coder subsystem maps the in-phase and quadrature
signal in y(2m) and y(2m+1) into the four bits signal Y1, Y2, Y3, and Y4. This
block diagram shows the implementation of the mapping:

Modulo Demux > QASK
»| A-dema QASK > .
g P 1z A-demap
Y1-Y4
Constant Sym-to—bit Sym-—to-bit
convertor
Figure o34 Figure 10/V34|
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The mapping takes place in two stages. The first stage is the mapping from the
in-phase and quadrature signal y(n) into s(n). The in-phase and quadrature
values are shifted to the value where both in-phase and quadrature are
positive. The next plot shows the conversion map.

7F 1 6 5 2
6l
5+ 4 3 0 7
E 4t
3r 5 2 1 6
2,
1t 0 7 4 3
0 | | | | | | | )
0 1 2 3 4 5 6 7 8
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The second stage is the mapping from s(2m) and s(2m+1) to Y1, Y2, Y3, and Y4.
This plot shows this stage of the mapping:
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You can generate these two plots by double-clicking the cyan colored block in
the symbol to bit convertor subsystem. Note that to ensure a correct plot, you

have to close all other current opened figures.

The signals Y1, Y2, Y3, and Y4 n produce Yq signal, which is used in the
convolution encoder.

Modulo Encoder Subsystem. This is a diagram of the modulo encode

subsystem:

¢(m)

[ BXOR—NO
OR—{oT

Co(m)
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The Bit Inversion Pattern Subsystem. The bit inversion pattern subsystem
uses the frame signal and the k pulse signal to select the bit to be used in as
Vo(m). This figure shows the block diagram:

’[0111011111111010]
Bit inversion patterns Switch
E box

> —I_> Vo(m)
Constant + Counter
one  kpulse il

frame pulse

The Structure of Convolution Encoders. You can choose the convolution
encoder in one of the three encoders, which are V.34 16 convolution encoders:

Inl outl

;E Oout2
H

. Out3
> » XOR > XOR —p> "|XOR}—» » 3
( J ) U T B 3]
V.34 16 state convolution encoder
This is the V.34 32 state convolution encoder:
In4 Inl outl
» 1 Out2
out3

out4

»[4]
]_ outs

P ol ot 73 ok ol 75

V.34 32 state convolution encoder
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This is the V.34 64-state convolution encoder.

4 Ina 2 |In2 Outl
D ! " Out2
;@ out3
Out4
4]
AND [
AND [¢

5 XOR

on Outs

<l XOR 1z 1z XOR XOR 1/z
z

V.34 64 state convolution encoder

You can assign the CON_CODE = 1, 2, or 3, to choose the 16-state, 32-state and
64-state convolution encode. Note that the simulation will be very slow if you
choose to use the 64-state encoder because of the high order states.

Answer Modem Simulation Implementation

The implementation of the Answer Modem is the inverse of the implementation
of the Call Modem. You can unmask the Answer Modem to see the structure of
the implemented Answer Modem. The top level of the Answer Modem is shown
below. You can go through the details of the implementation by reading the
block diagram and the parameter setting in the blocks.

4-43



4 Examples

Wi D D =4%
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The first input signal of the Answer Modem is the received modulated signal
sent from the Call Modem. The second input signal to the Answer Modem is the
enable signal to enable the synchronization pulses. The output of this block is
the received data with the same format as the second output as the Call
Modem.

You can use the output signal to compare the transmitted data. You can use a
Triggered To Workspace block or Triggered To File block to save the data in
comparing the transmitted data. You can connect the data input of the
Triggered To Workspace block to the output port of the descramble, parser, and
shell mapping subsystem. The trigger signal should be the signal “data ready”
output from the synchronization pulses subsystem.
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The MATLAB function library in the Communications Toolbox is a collection
of ready-to-use MATLAB commands for communication system analysis,
design, and simulation. This chapter provides descriptions for all functions in
this toolbox. If applicable, the functionality of the MATLAB function is the
same as the functionality of the corresponding Simulink blocks. Because of
different implementations, the numerical results of a MATLAB M-file function
may not exactly match with the numerical results of the corresponding
Simulink block.

The MATLAB functions are divided into these categories:

= Source, Sink, and Error Analysis

= Source Coding

= Error-Control Coding

= Error-Control Coding, Lower Level Functions

= Modulation and Demodulation

=« Galois Field Computation Functions

= Special Filters

= Utilities

Note that there are fewer MATLAB functions than Simulink blocks in this
toolbox. Some of the MATLAB functions combine several types of functions into
one function. For example, the function encode supports linear block code,

Hamming code, cyclic code, BCH code, Reed-Solomon code, and convolution
code.



Formats and Conventions

Formats and Conventions

This chapter uses a different format for the function descriptions. Note that not
all of theses headings are used in each function:

Purpose
Synopsis
Description

Examples

Algorithm
See Also
Reference

Provides short concise descriptions.
Shows format of the command or function.

Describes what the command/function does and any
rules/restrictions that apply.

Proves examples of how the command/function can
be used.

Associated algorithms and routines.
Refers you to other related commands/functions.
Additional resources.

and the following conventions:

Monospace

Italics

Bold Initial Caps

Commands, functions names, and screen displays;
for example, conv.

Book titles, names of sections, mathematical nota-
tion, and for introduction of new terms; for example,
Communications Fundamentals.

Key names, menu names, and items that are
selected from menus; for example, the Enter key.
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Reference Tables

The Communications Toolbox provides eight main categories of functions. The
MATLAB command help comcmds displays an online table of the main
categories and their functions.

Source, Sink, and Error Analysis

biterr

eyescat
randbit
randint

symerr

Bit error number and bit error rate computation.
Eye-pattern diagram or scatter plot.

Place ones randomly in zero vectors.

Uniform distribution random integer generator.

Symbol error number and symbol error rate computation.

Source Coding

compand
dpcmdeco
dpcmenco

dpcmopt

1loyds

quantiz

p-law or A-law compressor and expander calculation.
Differential pulse code modulation decode computation.
Differential pulse code modulation encode computation.

Differential pulse code modulation parameter estimation
using training data set.

Scalar guantization optimization using training data and
using Lloyd algorithm.

Produce quantization index and quantized output value.

Error-Control Coding

bchgen

bchpoly

cyclgen

cyclpoly

Produce generator matrix and parity-check matrix for BCH
code.

Produce generator polynomial for BCH code.

Produce generator matrix and parity-check matrix for cyclic
code.

Produce cyclic generator polynomial for cyclic code.
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Error-Control Coding

decode

encode

gen2abcd

gen2par

hammgen

htruthtb
oct2gen

rsdecof
rsencof
rspoly

sim2gen

sim2logi

sim2trans

Decoding computation for a number of error-control coding
techniques, which include linear block coding, Hamming
coding, cyclic coding, BCH coding, Reed-Solomon coding,
and convolution coding.

Encoding computation for a number of error-control coding
techniques, which include linear block coding, Hamming
coding, cyclic coding, BCH coding, Reed-Solomon coding,
and convolution coding.

Convert a convolution code transfer function to [A, B, C, D]
form of transfer function.

Convert between generator matrix and parity-check matrix.

Produce generator matrix and parity-check matrix for
Hamming code.

Generate truth table for Hamming decode.

Convert convolution code transfer function between an octal
form and a binary form.

Use Reed-Solomon code to decode an encoded text file.
Use Reed-Solomon code to encode a text file.
Produce Reed-Solomon code generator polynomial.

Generate a convolutional code transfer function from a Sim-
ulink block diagram.

Generate a nonlinear convolution code transfer function
from a Simulink block diagram.

Generate a convolution code transfer function from a Sim-
ulink block diagram. This function applies to both linear
and nonlinear systems.

Error-Control Coding, Lower Level Functions

bchcore

bchdeco

BCH decode kernel processing function.
BCH decode computation.
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Error-Control Coding, Lower Level Functions

bchenco
bchpoly
convenco

errlocp

rscore
rsdeco
rsdecode
rsenco
rsencode

viterbi

BCH encode computation.
Produce BCH code generator polynomial.
Convolution code encoding calculation.

Calculate error-location polynomial for BCH and
Reed-Solomon code.

Reed-Solomon decode core computation part.

A user-interfaced Reed-Solomon decode calculation.
Reed-Solomon code decode calculation.

A user-interfaced Reed-Solomon encode calculation.
Reed-Solomon code encode calculation.

Viterbi convolution decode.

Modulation and Demodulation

ademod

ademodce

amod

amodce

apkconst
ddemod

ddemodce

demodmap

Analog demodulation, passband simulation. This function is
the inverse process of function amod.

Analog demodulation, baseband simulation. This function is
the reverse of function amodce.

Analog modulation, passband simulation. The modulation
methods can be chosen from AM-DSB-SC, AM-SSB,
AM-TC, QAM, FM, and PM.

Analog modulation, baseband simulation. The modulation
methods can be chosen from AM-DSB-SC, AM-SSB,
AM-TC, QAM, FM, and PM.

Compute/plot QASK circle constellation.

Digital demodulation, passband simulation. This function is
the reverse of function dmod.

Digital demodulation, baseband simulation. This function is
the reverse of function dmod.

Digital demodulation demapping. This function is the
reverse of function modmap.




Reference Tables

Modulation and Demodulation

dmod

dmodce

modmap

qaskdeco

qaskenco

Digital modulation, passband simulation. The modulation
methods can be chosen from ASK, QASK, FSK, MSK, and
PSK.

Baseband digital modulation. The modulation methods can
be chosen from ASK, QASK, FSK, MSK, and PSK.

Digital modulation mapping for ASK, QASK, FSK, MSK,
and PSK.

Decode square constellation QASK code. This function is
reverse computation of gaskenco.

Compute/plot QASK square constellation.

Galois Field Computation Functions

flxor
gfadd
gfdiv

gfconv
gfcoset
gfdeconv
gffilter
gflineq
gfminpol
gfmul

gfplus

gfpretty
gfprimck
gfprimdf

Floating point number exclusive OR calculation.

Add two GF(2) polynomials or add two GF(2™) elements.
Compute the quotient and remainder of GF(2) polynomial
division.

Convolution calculation for two GF(2) polynomials.
GF(2™M) cosets calculation.

GF(2) polynomials deconvolution calculation.

GF(2) filtering computation.

Compute x in Ax =b in GF(2).

Find minimum polynomials in GF(2™M) .

Polynomial multiplication in GF(2) or element multiplica-
tion in GF(2™M).

GF(2™) additive computation.
GF(2) polynomial presentation.
Test GF(2) polynomial irreducible and primitive properties.

Output default GF(2) primitive polynomial at a given
degree.
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Galois Field Computation Functions

gfprimfd
gfrank
gfrepcov
gfroots
gfsub
gftrunc
gftuple
isprime

primes

Find GF(2) primitive polynomials.

Matrix rank in GF(q).

Galois field polynomial representation conversion.
Find roots of a polynomial in extended Galois field.
Subtract a GF(2™) polynomial from another.

GF(2) polynomial truncation process.

GF(2™) m-tuple representation.

Check whether a number is a prime number.
Generate prime numbers.

Special Filters

hilbana Design an analog Hilbert transform filter.

hilbatf Design an analog Hilbert transform filter with compensator
for the known input signal frequency.

hilbiir Design a digital Hilbert IIR filter.

hank2sys Convert Hankel matrix to linear system.

imp2sys FIR filter to IIR filter conversion.

rcosfir Raised cosine FIR filter design (lower level function).

rcosflt Filtering signal using raised cosine filter.

rcosiir Raised cosine IR filter design (lower level function).

rcosine Design a raised cosine filter.

Utilities

bi2de Binary to positive decimal integer conversion.

blkdiag Matrix block diagonal matrix.

callhelp Display help text sections.
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Utilities

checkinp Check the function input and set it to a default value if the
input is empty or missing.

de2bi Positive decimal integer to binary conversion.

vec2mat Convert vector to matrix by a given column number.
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Syntax
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Analog demodulation, passband simulation

ademod(method) ;
y = ademod(rec_sig,Fc,Fs,method,num,den);

Function ademod demodulates an analog modulated signal in passband. This
function is the inverse process of the amod function. The string variable method
specifies the types of demodulation used. The table below lists the types of
analog demodulation available:

Method Demodulation Scheme

"amdsb-sc*” Amplitude demodulation, double sideband suppressed
carrier

"amdsb-tc"” Amplitude demodulation, double sideband with

transmission carrier

"amssb” Amplitude demodulation, single sideband suppressed
carrier

"gam” Quadrature amplitude demodulation

“fm*® Frequency demodulation

"pm*” Phase demodulation

ademod(method) provides more detailed help for using this function with a
specific demodulation method.

y = ademod(rec_sig,Fc,Fs,method,num,den) demodulates the received
signal rec_siig. The carrier frequency is Fc (Hertz), and the sample frequency
is Fs (Hertz). The time interval between two consecutive points of y is 1/Fs. The
variable Fs can be a scalar or a two-element vector. The first element is the
sample frequency; the second element, if present, is the initial phase in the
carrier signal modulation. The initial phase is in radians, and its default value
is zero. The sample frequency must match the parameters used in the
modulation, but the initial phase may differ.

This function uses a lowpass filter in the demodulation. The numerator and the
denominator of the lowpass filter are specified by the input parameters numand
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See Also

den respectively. The sample time of the lowpass filter equals 1/Fs. When num
is zero, empty or not given, this function uses a default Butterworth lowpass
filter generated by:

[num,den] = butter(5,Fcl2/Fs);

method = 'amdsb-sc'
y = ademod(rec_sig,Fc,Fs, "amdsb-sc”,num,den) demodulates the input
sighal rec_sig using the double sideband suppressed carrier method.

y = ademod(rec_sig,Fc,Fs, "amdsb-sc/costas”,num,den) uses a Costas loop
in the demodulation computation.

method = 'amdsb-tc'

y = ademod(y,Fc,Fs, "amdsb-tc" ,num,den,offset) demodulates the input
sighal rec_sig using the double sideband with transmission carrier method.
Note that this method has an optional parameter offset, which is the value
subtracted from rec_sig after the demodulation.When offset is omitted, the
function sets offset = mean(rec_sig).

method = 'amssb’
y = ademod(rec_sig,Fc,Fs, "amssb",num,den) demodulates the input signal
rec_sig using the single sideband suppressed carrier method.

method = 'gam’

y = ademod(rec_sig,Fc,Fs, "gam”,num,den) demodulates the input signal
rec_sig using the quadrature amplitude demodulation method. The input
sighal rec_sig must be a vector. The output signal y is a two-column matrix.
The first column is the in-phase signal and the second column the quadrature
signal.

method = 'fm’
y = ademod(rec_sig,Fc,Fs, "fm" ,num,den) demodulates the input signal
rec_sig using the quadrature frequency demodulation method.

method = 'pm’
y = ademod(rec_sig,Fc,Fs, "pm”,num,den) demodulates the input signal
rec_sig using the quadrature phase demodulation method.

amod, dmod, ddemod, amodce, ademodce
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Purpose

Syntax

Description
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Analog demodulation, baseband simulation with complex envelope

ademodce(method) ;
y = ademodce(rec_sig,Fs,method,num,den);

Function ademodce performs analog demodulation in baseband. Use this
function to demodulate the amodce modulated signal. The string variable
method specifies the type of demodulation used. The table below lists the types
of analog demodulation available:

Method Demodulation Scheme

"amdsb-sc*” Amplitude demodulation, double sideband suppressed
carrier

"amdsb-tc” Amplitude demodulation, double sideband with
transmission carrier

"amssb” Amplitude demodulation, single sideband suppressed
carrier

"gam” Quadrature amplitude demodulation

“fm*® Frequency demodulation

Phase demodulation

pm

ademodce(method) provides more detailed help for using this function with a
specific demodulation method.

y = ademodce(rec_sig,Fs,method,num,den) demodulates the received signal
rec_sig. The simulation sample frequency is Fs (Hertz), and the time interval
between two consecutive points iny is 1/Fs. The variable Fs can be a scalar or
a two-element vector. The first element is the sample frequency; the second
element, if present, is the initial phase in the carrier signal modulation. The
initial phase is in radians, and its default value is zero. The sample frequency
must match the one used in the modulation, but the initial phase may differ.

This function uses a lowpass filter in the demodulation. The numerator and the
denominator of the lowpass filter are specified by the input parameters numand
den respectively. The sample time of the lowpass filter equals 1/Fs. When num
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is zero, empty or not given, this function uses a default lowpass filter, which is
generated by using the command:

[num,den] = butter(5,Fcl2/Fs);

method = 'amdsb-sc'
y = ademodce(rec_sig,Fs, "amdsb-sc",num,den) demodulates the input
signal y using double sideband suppressed carrier method.

y = ademodce(rec_sig,Fs, "amdsb-sc/costas” ,num,den) uses Costas loop in
the demodulation computation.

method = 'amdsb-tc'

y = ademodce(rec_sig,Fs, "amdsb-tc",num,den,offset) demodulates the
input signal rec_sig using the double sideband with transmission carrier
method. Note that this method has an optional parameter offset, which is the
value subtracted from y after the demodulation. When offset is omitted, the
function sets offset = mean(y).

method ="amssb'
y = ademodce(rec_sig,Fs, "amssb",num,den) demodulates the input signal
rec_sig using the single sideband suppressed carrier method.

method = 'gam’

y = ademodce(rec_sig,Fs, "gam” ,num,den) demodulates the input signal
rec_sig using the quadrature amplitude modulation method. The input signal
y is a vector. The output signal rec_sig is a two-column matrix. The first
column is the in-phase signal and the second column the quadrature signal.

method = 'fm
rec_sig = ademodce(rec_sig,Fs, "fm",num,den) demodulates the input
signal rec_sig using the quadrature frequency modulation method.

method = 'pm’
rec_sig = ademodce(rec_sig,Fs, "pm",num,den) demodulates the input
sighal rec_sig using the quadrature phase modulation method.

amod, dmod, ddemod, amodce, ademod
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Analog modulation, passband simulation

amod(method);

y = amod(x,Fc,Fs,method, ...);
[y,t]= amod(x,Fc,Fs,method, ...);
Function amod performs analog modulation in passband. This function
modulates the input signal. The string variable method specifies the type of
modulation used. The table below lists the types of analog modulation
available:

Method Modulation Scheme

"amdsb-sc* Amplitude modulation, double sideband suppressed
carrier

"amdsb-tc*” Amplitude modulation, double sideband with

transmission carrier

"amssb* Amplitude modulation, single sideband suppressed
carrier

"gam” Quadrature amplitude modulation

"fm*" Frequency modulation

“pm*” Phase modulation

amod(method) provides more detailed help for using this function with a
specific modulation method.

y = amod(x,Fc,Fs,method, . ..) modulates the message signal x with carrier
frequency Fc (Hertz) and sample frequency Fs (Hertz). The time interval
between two consecutive points in x is 1/Fs. The variable Fs can be a scalar or
a two-element vector. The first element is the sample frequency; the second
element, if present, is the initial phase in the carrier signal modulation. The
initial phase is in radians, and its default value is zero. By the Nyquist
theorem, the sample frequency must be at least twice as large as the
modulation carrier frequency.

[y,t] = amod(x,Fc,Fs,method, . ..) outputs the computation time in t.
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method = 'amdsb-sc'
y = amod(X, Fc,Fs, "amdsb-sc") modulates the input signal x using the double
sideband suppressed carrier method.

method = 'amdsb-tc'

y = amod(x,Fc,Fs, "amdsb-tc",offset) modulates the input signal x using
the double sideband with transmission carrier method. offset is the value
subtracted from x prior to the modulation. When offset is omitted, the
function sets offset = abs(min(x)).

method = 'amssb’

y = amod(x,Fc,Fs, "amssb™) modulates the input signal x using the single
sideband suppressed carrier method. A frequency domain Hilbert transform
method is used in the computation.

y = amod(x,Fc,Fs,"amssb” ,Hilbert_Filter) uses a time domain Hilbert
filter for the single sideband modulation calculation. This function checks
whether there is a marker in the Hilbert_filter position of the parameter
list, so the contents of the variable Hilbert_Filter can be anything. The
function uses a default Hilbert filter, which it generates using [num,den] =
hilbiir(1/Fs).

y = amod(x,Fc,Fs, "amssb™ ,num,den) uses a time domain Hilbert filter for the
single sideband modulation calculation. The numerator and the denominator
of the Hilbert filter are specified by the input parameter num and den
respectively. You can use function hilbiir to design the Hilbert filter.

method = 'gam’

y = amod(x,Fc,Fs, "gam") modulates the input signal x using the quadrature
amplitude modulation method. The input signal x is a two-column matrix with
the first column as the in-phase signal and the second column as the
qguadrature single. The output y is a one column modulated signal.

method = 'fm’

y = amod(x,Fc,Fs,"fm") modulates the input signal x using the quadrature
frequency modulation method. The modulated signal takes the spectrum from
min(x) + Fctomax(x) + Fc.

y = amod(x,Fc,Fs, "fm",sensitivity) specifies the input signal sensitivity in
the modulation, which is equivalent to using the command

y = amod(x[sensitivity,Fc,Fs,"fm");

5-15



amod

See Also
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method = 'pm’
y = amod(x,Fc,Fs, "pm") modulates the input signal x using the quadrature
phase modulation method.

y = amod(x,Fc,Fs, "pm” ,sensitivity) specifies the input signal sensitivity in
the modulation, which is equivalent to using the command:

y = amod(x[kensitivity,Fc,Fs,"pm®);

ademod, dmod, ddemod, amodce, ademodce



amodce

Purpose

Syntax

Description

Analog modulation, baseband simulation with complex envelope

amodce(method);
y = amodce(x,Fs,method,...);

Function amodce is designed for analog modulation in baseband simulation.
This function modulates the input signal. The string variable method specifies
which type of modulation used. The table below lists the types of analog
modulation available:

Method Modulation Scheme

"amdsb-sc*” Amplitude modulation, double sideband suppressed
carrier

"amdsb-tc” Amplitude modulation, double sideband with

transmission carrier

"amssb” Amplitude modulation, single sideband suppressed
carrier

"gam” Quadrature amplitude modulation

"fm*" Frequency modulation

"pm*” Phase modulation

amodce(method) provides more detailed help for using this function with a
specific modulation method.

y = amodce(x,Fs,method, . . .) outputs the complex envelop of the modulation
of the input signal x. The input and the output signals have the same sample
frequency Fs (Hertz). The output y is a complex matrix. This function
modulates the message signal x with carrier frequency Fc (Hertz) and sample
frequency Fs (Hertz). The time interval between two consecutive points in x is
1/Fs. The variable Fs can be a scalar or a two-element vector. The first element
is the sample frequency; the second element, if present, is the initial phase in
the carrier signal modulation. The initial phase is in radians, and its default is
zero.
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See Also
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method = 'amdsb-sc'
y = amodce(Xx,Fs, "amdsb-sc") modulates the input signal x using the double
sideband suppressed carrier method.

method = 'amdsb-tc’

y = amodce(x,Fs, "amdsb-tc", offset) modulates the input signal x using the
double sideband with transmission carrier method. offset is the value
subtracted from x prior to the modulation. When offset is omitted, the
function sets the default offset = abs(min(x)).

method = 'amssb’

y = amodce(x,Fs, "amssb") modulates the input signal x using the single
sideband suppressed carrier method. A frequency domain Hilbert transform
method is used in the computation.

y = amodce(x,Fs, "amssb/time") uses a time domain Hilbert filter for the
single sideband modulation calculation. The function uses a default Hilbert
filter, which it generates using [num,den] = hilbiir(1/Fs).

y = amodce(x,Fs, "amssb/time",num,den) uses a time domain Hilbert filter

for the SSB modulation calculation. The numerator and the denominator of the
Hilbert filter are specified by the input parameters num and den respectively.

You can use function hilbiir to design the Hilbert filter.

method = 'gam’

y = amodce(Xx,Fs, "gam™) modulates the input signal x using the quadrature
amplitude modulation method. The input signal x is a matrix with an even
number of columns. The odd columns are the in-phase signal and the even
columns are the quadrature single. The output y has its number of column
equal to one half of the column number of x.

method = 'fm’

y = amodce(x,Fs, "fm") modulates the input signal x using quadrature
frequency modulation method. The modulated signal takes the spectrum from
min(x) + Fc tomax(x) + Fc.

method = 'pm’
y = amodce(x,Fs, "pm") modulates the input signal x using quadrature phase
modulation method.

ademodce, dmod, ddemod, amod, ademod



apkconst

Purpose

Syntax

Description

Compute and plot a QASK circle constellation

apkconst(noc);
apkconst(noc,roc);
apkconst(noc,roc,poc);
y = apkconst(...);

apkconst(noc) plots a QASK circle constellation. The parameter noc is either
a scalar or a vector; its elements must be positive integers. If noc is a scalar,
then the function plots a single circle with the number of points specified by
noc. If noc is a vector, the function plots a circle for each element of the vector.
The default radius of the first circle is 1, and each following circle increases one
unit in radius. The constellation in each circle is evenly distributed with the
phase of one of the constellation points equal to O.

apkconst(noc, roc) specifies the radii in each circle. The vector length for roc
must be the same as the vector length for noc. The elements in roc must be
positive numbers.

apkconst(noc, roc,poc) specifies the signature phase in each circle. The
signature phase specifies the phase for one of the constellation points. The
vector length for poc must be the same as the vector length for noc and roc.

y = apkconst(...) outputs the constellation into a complex vector y. The real
part of y is the in-phase component and the imaginary part of y is the
guadrature component.
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Example Setting noc = [2 4 6], apkconst(noc) plots:

ASK/PSK Constellation

See Also dmod, modmap, ddemod, demodmap
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bchcore

Purpose
Syntax

Description

See Also

A low-level function that is the core part of the BCH decode algorithm

[msg,err,ccode] bchcore(code,pow_dim,dim,k,t,tp);

[msg,err,ccode] = bchcore(code,pow dim,dim,k,t,tp) decodes a BCH
codeword vector. code is a codeword vector with its length equal to 2PoW-dim-1,
pow_dim is a positive integer that specifies the size of the Galois field used in
the decoding computation. k is the number of information bits; t is the BCH
error correction capability; and tp is a complete list of the elements in GF(2dim)
in ascending order. This function is called by Simulink blocks and MATLAB
functions.

Note: In order to reduce computational overhead, this function does not
perform error-checking. Use this function with caution.

bchdeco, decode, bchpoly
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Purpose

Syntax

Description

Example

See Also
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BCH error-control decoding

msg bchdeco(code,k,t);

msg bchdeco(code,k,t,ord);
[msg,err] = bchdeco(-...);
[msg,err,ccode] = bchdeco(-..);

msg = bchdeco(code, k, t) recovers a message signal msg from a codeword code
using BCH decoding. k is the number of information bits; t is the
error-correction capability.

msg = bchdeco(code,k,t,ord) specifies the order ord of the primitive
polynomial required for the BCH code.

[msg,err] = bchdeco(...) outputs the received error. When the number of
errors is larger than t, the error correction capability, err is a negative
number.

[msg,err,ccode] = bchdeco(...) outputs the corrected codeword.

The code below is an example of using bchdeco to process a three error
correction BCH code:

[pg.pm,cs,h,t] = bchpoly(15,5);

[h,gen] = cyclgen(15,pg);

msg = randint(100,5);

code = encode(msg,gen);

code = rem(code + randbit(100,15,[-3,-3,-3]).2):
[dec,err] = bchdeco(code,5,t);

bchcore, bchenco, decode



bchenco

Purpose

Syntax

Description

Examples

See Also

BCH error-control encoding

code bchenco(msg,n,k);
code = bchenco(msg,n,k,pg);

code = bchenco(msg,n, k) encodes the k-column message msg to an n-column

codeword code by using the BCH coding. msg is a k-column message; code is an
n-column codeword.

code = bchenco(msg,n,k,pg) specifies the generator polynomial pg for BCH
code.

See the example provided in bchdeco.

bchdeco, encode, decode
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Purpose

Syntax

Description

See Also
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Produce a BCH code generator polynomial

bchpoly

pg = bchpoly(N);

pg = bchpoly(m,t);

[pg.n.k] = bchpoly(m,t);
[pg.n.k,pm] = bchpoly(m,t);

bchpoly produces a list of the codeword length, message length, and
error-correction capability for BCH code. The codeword lengths listed are 7, 15,
31, 63, 127, 255, and 511.

pg = bchpoly(N) outputs an array pg that contains code word lengths equal or
larger than N, the associated message lengths, and error-correction capability.
The codeword lengths, message lengths and error-correction capabilities are in
the first, second, and third columns of Pg respectively. When N > 511, the error
control capability is not listed.

pg = bchpoly(m,t) produces a BCH code generator polynomial pg based on
two positive integers m and t. m is a positive integer larger than 3 that
determines the length of the codeword n = 2M1 ¢ determines the error
correction capability. This function uses the default primitive polynomial
generated by gfprimdf(m).

m can be a binary vector instead of a positive integer. In this case, it represents
a primitive polynomial generated in the field GF(29€9), where deg is the degree
of the primitive polynomial.

[pg.n,k] = bchpoly(m,t) outputs the codeword length n and the number of
information bits k.

[pg.,n,k,pm] = bchpoly(m,t) outputs the minimum polynomial matrix pm in
the field GF(2™). Each row is a minimum polynomial; pm is a t-by-(m+1) matrix.

cyclpoly, encode, decode



bi2de

Purpose
Syntax

Description

Examples

See Also

Binary vector to positive decimal integer conversion

de = bi2de(bi);

de = bi2de(bi) converts a binary vector bi to positive decimal integer. When
bi is a matrix, the output of bi2de is a column vector with each element equal

to the decimal representation of the corresponding row of bi.

di
de

randint(5,5); % Generate a 5-by-5 random binary matrix.
bi2de(di);

The last line outputs a 5-by-1 vector with each element converted from a row
of the matrix di.

de2bi
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Purpose

Syntax

Description
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Number of bit errors and bit error rate computation

[number,ratio] = biterr(x,y);
[number,ratio] = biterr(x,y,K);
[number,ratio] = biterr(x,y,K,”columnwise?);

[number,ratio] = biterr(x,y) compares the elements in two matrices x and
y. The elements of x and y must be either binary numbers or integers. The
number of bits that differ is output in number, and the ratio of number to the
total number of bits contained in y is output in ratio.

All elements in x and y should be non-negative integers. This function
calculates the total bit number in y by column_yrow_y[K, where K is the
number of bits per elementiny. If K is not specified, it defaults to the smallest
integer satisfying MAX < 2, where MAX is the maximum number in both x and y.

When x is a matrix and y is a vector, or vice versa, this function converts the
vector into a matrix with the same number of columns as the matrix. The
function fills each column of the new matrix with whatever value was in the
corresponding index of the vector. For example:

1 1111
0—-(0000
1 1111

[number,ratio] = biterr(x,y,K) specifies the bit number K in ratio

calculation.

[number,ratio] = biterr(x,y,K, columnwise™) specifies a columnwise
comparison.
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Examples The example below adds error to 10% of the elements in a matrix. Each element
in the matrix is a two-bit number. This code computes the bit-error ratio:

rec_sig = randint(100,100,4);
[indx,indy] = find(rand(100,100) > .9);
y = randint(length(indx),1,4);

z = zeros(100,100);

for 1 = 1 : length(indx)
z(indx(1),indy(1)) = y(i);

end

y = rem(X + z,4);

[num_sym, rat_sym] = symerr(X,y)
num_sym = 720

rat_sym = .072

[num_bit,rat_bit] = biterr(x,y,2);
num_bit = 950

rat_bit = .047

The symbol error is 7.2% instead of 10% because of the nature of the function
randint. There is a 25% chance of producing a zero element, which is not an
error.

See Also symerr
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Purpose Construct a block diagonal matrix by the order of input matrices

Syntax out = blkdiag(a,b,c,d,...);

Description out = blkdiag(a,b,c,d,...), where a, b, ... are matrices, outputs a
block-diagonal matrix, such that the output matrix out is

a0000
0Ob0O0 O
out=100c0 0
000d O
0000...

The number of input matrices is limited to 26. The input matrices do not need
to be square, nor do they need to be of equal size.

See Also diag
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callhelp

Purpose

Syntax

Description

See Also

Call a help file and display a section of the file contents in the MATLAB
workspace window

callhelp(file_name);
callhelp(file_name,str);
callhelp(file_name,str,addition_message);
err = callhelp(...);

cal lhelp(Ffile_name) calls the file specified in the string variable file_name
and displays all contents of the file in the MATLAB workspace. The string in
file_name must specify the full name of the file, including the file extension.

callhelp(file_name,str) searches the contents in file_name, prints the
section between [str," help_begin®] and [str " _help_end"] and displays
it in the MATLAB workspace, where str is any ASCII string.

callhelp(file_name,str,addition_message) appends the message in the
string variable addition_message to the display.

err = callhelp(...) outputs the function execution error message. If the
command executes successfully, err=0. If [str,"_help_begin"] or

[str, help_end"] is not found, err=-2. If the file is not found, the function
abandons the execution and displays an error message.

disp
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checkinp

Purpose
Syntax

Description
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Check input variables and fill in the default values
[yl,y2,...,yN] = checkinp(x1,x2,...,XN,z1,z2,...,zN);
This function checks if the entry xi is empty. If xi is empty, this function fills

the output yi with zi. Otherwise, the output yi has the value in xi.

The number of outputs N is limited to less than or equal to 10. This utility
function is useful for checking input values and filling them with default values
if any of the inputs is an empty entry.



compand

Purpose

Syntax

Description

See Also

p-law or A-law compressor and expander calculation in source coding

out
out

compand(in,param,V);
compand(in,param,method);

The word compander is a combination of the terms compressor and expander.
Both p-law companders and A-law companders use logarithm compression and
expansion in their respective algorithms. The p-law compressor is defined as

_ Vlog(1 + p|x|/V)

og(T+p) 0" ()
and the A-law compressor is defined as
|
0 Alx|
, =D T710gA%9" ) foro<ix<A/v
0O V(1 +logA|x|/V) for A/V <|x| <V
g 1+ TogA sgn(x)

where p is the p-law parameter and A is the A-law parameter. Vv is the signal
peak value magnitude.

out = compand(in,param,V) implements a p-law compressor with m specified
in param and the peak magnitude in v.

out=compand(in,param,V,method) implements either pu- or A-law compander
computation. param specifies the m or A value, and Vv the input signal peak
magnitude. The parameter method specifies the computation. The table below
list the available options for the method string:

Method Meaning
"mu/compressor” p-law compressor
"mu/expander” p-law expander
"A/compressor” A-law compressor
"A/expander” A-law expander

quantiz, lloyds, dpcmopt, dpcmenco, dpcmdeco
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Purpose
Syntax

Description

See Also
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Convolutional error-control encoding

code convenco(msg, tran_func);

code = convenco(msg,tran_func) encodes the k-column message msg to
n-column codeword code by the convolutional code method. The transfer
function matrix is provided in linear or nonlinear format tran_func, which you
can generate by using sim2tran, sim2gen, or sim2logi. The column number of
the input msg should be k. The column number of the output code is n. The row
number of code is row_number_of_msg+m, where m is the memory length.

encode, decode, sim2gen, viterbi



cyclgen

Purpose

Syntax

Description

See Also

Produce a cyclic code generator matrix and a parity-check matrix

h = cyclgen(n,p);

h = cyclgen(n,p,opt);
[h,g] = cyclgen(...);
[h.g.m,k] = cyclgen(...);

h = cyclgen(n,p) produces the parity-check matrix for a given length n
codeword and generates a cyclic polynomial p. Polynomial p can generate a
cyclic code only if p is a factor of the polynomial XL, The number of information
bits is

k = n - m, where m is the degree of polynomial p. The parity-check matrix is
an m-by-n matrix.

h = cyclgen(n,p,opt) produces the parity-check matrix based on the
instruction given in opt. When opt = "system”, the function generates a
systematic matrix for cyclic code.

[h,g] = cyclgen(...) produces the generator matrix g and the parity-check
matrix h. The parity-check matrix is a k-by-n matrix, wherek = n - m.

[h,g.m,k] = cyclgen(...) outputs the dimension information n and k.

cyclpoly
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Purpose Produce a cyclic code generator polynomial
Syntax p = cyclpoly(n,k);
p = cyclpoly(n,k,fd_flag);

Description p = cyclpoly(n,k) finds a nontrivial cyclic generator polynomial for a given
codeword length n and number of information bits k.

p = cyclpoly(n,k,fd_flag) finds a cyclic generator polynomial with specified
properties for a given codeword length n and number of information bits k.
fd_flag is a string variable that allows you to select what kind of cyclic
polynomial to use in the cyclic code computation. The table below lists the
options available:

fd_flag Meaning

"min” Find cyclic generator polynomial with minimum degree
"max” Find cyclic generator polynomial with maximum degree
"exh*" Perform an exhaustive search for all primitive

polynomials of the given degree

L Find all cyclic generator polynomials with L terms

When the output p is empty, there is no primitive polynomial found for the
given conditions.

See Also cyclgen
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Purpose

Syntax

Description

Digital demodulation, passband simulation

ddemod(method) ;
x= ddemod(y,Fc,Fd,Fs,method,...);
[x,t]= ddemod(y,Fc,Fd,Fs,method,...);

Function ddemod recovers a digital signal from a signal modulated by dmod. The
demodulation method, specified by the string variable method, must
correspond with the type of modulation used in dmod. The table below lists the
types of demodulation available:

Method Modulation Scheme

"ask” Amplitude shift-keying modulation

"fsk™ Frequency shift-keying modulation

"msk* Minimum shift-keying modulation

"psk” Phase shift-keying modulation

"gask” Quadrature amplitude shift-keying modulation
"sample* Sampling Fd frequency signal to Fs frequency signal

ddemod(method) provides more detailed help on specific demodulation
methods.

rec_sig = ddemod(y,Fc,Fd,Fs,method, ...) recovers the modulated digital
signal. rec_sig, the digital signal to be recovered, has frequency Fd. The
carrier frequency for the modulation is Fc (Hertz); the simulation sample
frequency is Fs (Hertz). Fs/Fd must be a positive integer. When input y is a
matrix, each column of y is processed independently. The row size of the output
matrix rec_sig is:

Fd/Fslrow_size_of_y

The time interval between two consecutive points of input y is 1/Fs, and the
time interval between two consecutive points of output rec_sig is 1/Fd. The
time interval between two consecutive points in x is 1/Fs. The variable Fs can
be a scalar or a two-element vector. The first element is the sample frequency;
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the second element, if present, is the initial phase in the carrier signal. The
initial phase is in radians, and its default is zero.

For best results, Fs > Fc > Fd is recommended.

The time interval between two decision points is 1/Fd. The default offset for the
decision point is 0. When Fd is a two-element vector, the second element in Fd
is the decision timing offset. This function measures the distance of the
received signal to all possible digits in the coding scheme. The digit closest to
the received signal point is selected as the output digit.

A digital demodulation includes two parts: analog demodulation and analog to
digital demapping. To obtain the intermediate result, you can break the
command:

rec_sig = ddemod(y,Fc,Fd,Fs,method,...)

into two commands:

z = ddemod(y,Fc,Fd,Fs, [method, */nomap*],--.);
rec_sig = demodmap(z,Fd,Fs,method,...);

In this example, the switch '/nomap' disables the mapping process. The
intermediate signal z has a sample frequency Fs.

The function plots an eye-pattern diagram when the string */eye" is appended
to the variable method; appending the string "/scatter" to the variable
method produces a scatter plot. The function provides only one plot if both "/
eye" and "/scatter" are specified. You can use the option */scatter* with the
"ask® and "gask® methods only.

method = 'ask’

rec_sig = ddemod(y,Fc,Fd,Fs, "ask”,M) demodulates an M-ary ASK
modulated signal. The M-ary number for the M-ary ASK is M. The output
digital signal is an integer in the range [0, M-1]. The function uses a default
lowpass filter; the numerator num and denominator den are generated by using
the command [num,den] = butter(5,Fc[2/Fs).

rec_sig = ddemod(y,Fc,Fd,Fs, "ask” ,M,num,den) specifies the denominator
and numerator of the demodulation lowpass filter.
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method = 'psk’

rec_sig = ddemod(y,Fc,Fd,Fs, "psk”,M) demodulates an M-ary PSK
modulated signal. The M-ary number for the M-ary PSK is M. The output digital
signal is an integer in the range [0,M-1]. This function uses the correlation
PSK demodulation method.

method = 'gask’
This method supports three different constellations: square, circle, and
arbitrary constellations.

The square constellation has a square shape, which is determined by the M-ary
number M. Usually, M equals 2K, where K is a positive integer. The maximum
in-phase and quadrature values in the constellation are:

M=2K In-phase Quadrature
2 1 1

4 1 1

8 3 1

16 3 3

32 5 5

64 7 7

128 11 11

256 15 15

A circle constellation is defined by using three equal length vectors. These
three vectors are:

< noc (Number of symbols on each circle),

= roc (Radii on each circle), and
= poc (Phase shift on each circle, in radians).

The M-ary number of this block equals the summation of all elements in noc.
Let noc be [Ny, N,,..., N¢]; roc be [Ry, Ry,..., Ry]; @and poc be [Py, P,,..., Pc]. Then the
ith circle has N elements, i = 1, ..., N. The N; points are evenly distributed on
the ith circle with their radii equal R;. One of the points on the ith circle has
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phase P,. In another words, the N; points on the circle are located at the
positions:

iPi L 2mg... L 21N -1)
Rie i N0 i =g
i Rie
The elements in the vectors noc and roc must be positive. In any of the three
vectors, the elements can be repeated. For a correct demapping, the elements
should have no repeating points.

You can define an arbitrary constellation by using two of same length vectors.
The two vectors are the in-phase component, in_phase, and the quadrature
component, quad. The M-ary number of the mapping equals the length of the
vectors. The in-phase value and the quadrature value of symbol i,i = 0,
1,..., M-1, are defined in the (i+1)th element in the in_phase vector and in
the quad vector respectively.

In all the constellations discussed in this section, this function requires the use
of a lowpass filter. In all cases where num and den, the numerator and
denominator of the filter’s transfer function, are not specified, the function
generates a default filter transfer function by using the command:

[num,den] = butter(5,Fc2/Fs).

You can override the default by specifying num and den in the function
parameter list.

rec_sig = ddemod(y,Fc,Fd,Fs, "gask",M) demodulates a square
constellation QASK modulated signal. The M-ary number for QASK is M. The
output digital signal is in range [0,M-1].

rec_sig = ddemod(y,Fc,Fd,Fs, "gask",M,num,den) specifies the numerator
and denominator of the demodulation lowpass filter.

rec_sig = ddemod(y,Fc,Fd,Fs, "gask/arb”, in_phase,quad) demodulates a
QASK modulated signal by means of a user-defined arbitrary constellation.
The in-phase quadrature components are defined in the variables in_phase
and quad respectively. The vectors length of in_phase and quad must be the
same; the length is the M-ary number for the QASK.
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See Also

rec_sig = ddemod(y,Fc,Fd,Fs, "qgask/arb®,in_phase,quad,num,den)
specifies the numerator and denominator of the demodulation lowpass filter.

rec_sig = ddemod(y,Fc,Fd,Fs, "gask/circle”,noc, roc,poc) demodulates a
QASK modulated signal using a circle constellation. The number of points on
the circles (noc), radii of the circles (roc), and the phase of the points of the
circle (poc) define the QASK constellation. The vector lengths of noc, roc, and
poc must be equal.

rec_sig = ddemod(y,Fc,Fd,Fs, "gask/circle”,noc,roc,poc,num,den)
specifies the numerator and denominator of the demodulation lowpass filter.

method = 'fsk'

rec_sig = ddemod(y,Fc,Fd,Fs, "fsk",M,tone) demodulates a FSK
modulated signal using the coherence method. The M-ary number for QASK is
M. The tone space between two successive frequencies is defined in tone.

rec_sig = ddemod(y,Fc,Fd,Fs, "fsk/nonco",M, tone) demodulates a FSK
modulated signal using the noncoherence method.

method = 'msk’

rec_sig = ddemod(y,Fc,Fd,Fs, "msk") demodulates the input signal y using
the minimum shift-keying method. The elements in the output vector rec_sig
are binary numbers. The tone space, i.e., the frequency separation between
successive frequencies, defaults to tone = Fd.

method = 'psk’
rec_sig = ddemod(y,Fc,Fd,Fs, "psk”,M) demodulates the input signal y
using phase shift-keying method. The M-ary number is specified by M.

method = 'sample’

rec_sig = ddemod(y,Fc,Fd,Fs, "sample™) downsamples input signal y from
the input sample rate Fs to the output sample rate Fd. Fs / Fd must be a
positive integer.

dmod, dmodce, ddemodce, modmap, demodmap
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Purpose

Syntax

Description
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Digital demodulation, baseband simulation with complex envelope

ddemodce(method) ;
rec_sig = ddemodce(y,Fd,Fs,method,...);

Function ddemodce is designed to recover a digital signal that was modulated
by using dmodce. This function assumes the input signal is a complex variable
that contains the complex envelope of the modulated signal. The demodulation
method, specified by the string variable method, must correspond with the type
of modulation used in dmodce. The table below lists the types of demodulation
available:

Method Modulation Scheme

"ask” M-ary amplitude shift-keying modulation

" fsk* M-ary frequency shift-keying modulation

"msk* Minimum shift-keying modulation

"psk” M-ary phase shift-keying modulation

"gask” Quadrature amplitude shift-keying modulation

"sample* Downsampling Fd frequency signal to Fs frequency
signal utility

Note that "sample” is not a modulation scheme, but a utility that resamples
the input signal. ddemodce(method) provides more detailed help on specific
demodulation methods.

rec_sig = ddemod(y,Fd,Fs,method, ...) recovers the modulated digital
signal. rec_sig, the digital signal to be recovered, has frequency Fd. The
simulation sample frequency is Fs (Hertz). Fs/Fd must be a positive integer.
When inputy is a matrix, each column of y is processed independently. The row
size of the output matrix rec_sig is:

Fd/Fslrow_size_of_y

The time interval between two consecutive points of input y is 1/Fs, and the
time interval between two consecutive points of output rec_sig is 1/Fd. The
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variable Fs can be a scalar or a two-element vector. The first element is the
sample frequency, and the second element, if present, is the initial phase.

The time interval between two decision points is 1/Fd, and the default offset for
the decision point is 0. When Fd is a two-element vector, the second element in
Fd is the decision timing offset.

This function measures the distance of the received signal to all possible digits
in the coding scheme and selects the digit closest to the received signal point as
the output digit.

A digital demodulation includes two parts: analog demodulation and analog to
digital demapping. To obtain the intermediate result, you can break the
command:

rec_sig = ddemodce(y,Fd,Fs,method,...)

into two commands:

z = ddemodce(y,Fd,Fs, [method, "*/nomap*],---);
rec_sig = demodmap(z,Fd,Fs,method,...);

In this example, the switch "/nomap” is appended to the method to disable the
mapping process. The intermediate signal z has a sample frequency Fs.

The function plots an eye-pattern diagram when the string '/eye' is appended
to the variable method; appending the string '/scatter' to the variable method
produces a scatter plot. The function provides only one plot if both '/eye' and
'Iscatter' are specified. You can use the option '/scatter’ with the 'ask' and
‘gask' methods only.

method = 'ask’

rec_sig = ddemodce(y,Fd,Fs, "ask”,M) demodulates an ASK modulated
signal. The M-ary number for ASK is M. The output digital signal is an integer
in the range [0, M-1]. There is no default lowpass filter used in this method
format.

rec_sig = ddemodce(y,Fd,Fs, "ask",M,num,den) specifies the denominator
and numerator of an optional demodulation lowpass filter.

method = 'psk’
rec_sig = ddemodce(y,Fd,Fs, "psk”,M) demodulates a PSK modulated
signal. The M-ary number for PSK is M. The output digital signal is an integer
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in the range [0, M-1]. This function uses the correlation PSK demodulation
method.

method = 'gask’
This function supports three different constellations: square, circle, and
arbitrary constellations.

The square constellation has a square shape, which is determined by the M-ary
number M. Usually, M equals 2K, where K is a positive integer. The maximum
in-phase and quadrature values in the constellation are:

m=2K In-phase Quadrature
2 1 1

4 1 1

8 3 1

16 3 3

32 5 5

64 7 7

128 11 11

256 15 15

A circle constellation is defined by using three equal length vectors. These
three vectors are:

< noc (Number of symbols on each circle),

= roc (Radii on each circle), and
= poc (Phase shift on each circle, in radians).

The M-ary number of this block equals the summation of all elements in noc.
Let noc be [Ny, N,,..., N¢]; roc be [Ry, Ry,..., Ry]; @and poc be [Py, P,,..., Pc]. Then the
ith circle has N; elements, i = 1, ..., N. The N; points are evenly distributed on
the ith circle with their radii equal R,. One of the points on the ith circle has
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phase P,. In another words, the N; points on the circle are located at the
positions:

. 21 . 21(N;-1)
TS the vie e
R.e" "R:e

i R;e

i

The elements in the vectors noc and roc must be positive. In any of the three
vectors, the elements can be repeated. For a correct demapping, the elements
should have no repeating points.

You can define an arbitrary constellation by using two of same length vectors.
The two vectors are the in-phase component, in_phase, and the quadrature
component, quad. The M-ary number of the mapping equals the length of the
vectors. The in-phase value and the quadrature value of symbol i,i = 0,
1,..., M-1, are defined in the (i+1)th element in the in_phase vector and in
the quad vector respectively.

In all the constellations discussed in this section, this function requires the use
of a lowpass filter. In all cases where num and den, the numerator and
denominator of the filter's transfer function, are not specified, the function
generates a default filter transfer function by using the command:

[num,den] = butter(5,Fcl2/Fs)

You can override the default by specifying num and den in the function
parameter list.

rec_sig = ddemodce(y,Fd,Fs, "gask",M) demodulates a square constellation
QASK modulated signal. The M-ary number for QASK is M. The output digital
signal is in the range [0, M-1].

rec_sig = ddemodce(y,Fd,Fs, "qask” ,M,num,den) specifies the denominator
and numerator of the demodulation lowpass filter.

rec_sig = ddemodce(y,Fd,Fs, "gask/arb", in_phase,quad) demodulates a
QASK modulated signal with a user-defined arbitrary constellation. The
in-phase component and the quadrature component are defined in the
variables in_phase and quad respectively. The vector lengths of in_phase and
guad must be equal; the length equals the M-ary number used in the QASK
modulation.
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rec_sig = ddemodce(y,Fd,Fs, "gask/arb", in_phase,quad,num,den)
specifies the denominator and numerator of the demodulation lowpass filter.

rec_sig = ddemodce(y,Fd,Fs, "gask/circle” ,noc,roc,poc) demodulates a
QASK modulated signal using circle constellation. The number on circle (noc),
amplitude on circle (roc) and the phase on circle (poc) define the QASK

constellation. The vectors length of noc, roc and poc must be of equal length.

rec_sig = ddemodce(y,Fd,Fs, "qgask/circle” ,noc,roc,poc,num,den)
specifies the denominator and numerator of the demodulation lowpass filter.

method = 'fsk'

rec_sig = ddemodce(y,Fd,Fs, "fsk",M, tone) demodulates a FSK modulated
signal using coherence method. The M-ary number for QASK is M. The tone
space between two successive frequencies is defined in tone.

rec_sig = ddemodce(y,Fd,Fs, "fsk/nonco" ,M, tone) demodulates a FSK
modulated signal using noncoherence method.

method = 'msk’

rec_sig = ddemodce(y,Fd,Fs, "msk*) demodulates the input signal y using
minimum shift-keying method. The elements in the output vector x are binary
numbers. The tone space, i.e., the frequency separation between successive
frequencies, defaults to tone = Fd.

method = 'psk’
rec_sig = ddemodce(y,Fd,Fs, "psk”,M) modulates the input signal y using
phase shift-keying method. The M-ary number is defined in M.

method = 'sample’

rec_sig = ddemodce(y,Fd,Fs, "sample®) converts sampling rate Fs input
sighal y to sampling rate Fd output signal x, where Fs > FdandFs / Fdisa
positive integer.

dmod, dmodce, ddemod, modmap, demodmap
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Purpose

Syntax

Description

Examples

See Also

Positive decimal integer to binary row vector conversion

bi = de2bi(de);
bi = de2bi(de,n);

bi = de2bi(de) converts a positive decimal number de to a binary row vector.
When de is a vector, the output of de2bi, bi, is a matrix. Each row of bi is the
binary conversion of the corresponding element in de.

bi = de2bi(de,n) specifies the length of each row being n.

be = randint(5,1,[0 3]); % Generate a 5-by-1 random binary
% matrix.
bi = de2bi(de,3);

The last line outputs a 5-by-3 matrix in which each row is the binary conversion
of each decimal element of de.

bi2de

5-45



decode

Purpose

Syntax

Description

5-46

Error-control decoding

msg decode(code,N,K);

msg decode(code,N,K,method,optl,opt2,0pt3,optd);
[msg,err] = decode(...);

[msg,err,ccode] = decode(-.-..);
[msg,err,ccode,cerr] = decode(...);

decode is used to recover the original message from a received codeword using
error-control decoding. The decode method and its parameters must exactly
match the method that was used in encoding the original signal.

msg = decode(code,N,K) decodes binary messages using Hamming decoding
technique. The codeword length is N and the number of information bits is K.
The format of code can be either a vector or an N column matrix. A Hamming
code has a codeword length 2M_1, where M is an integer number greater than
or equal to 3. The number of information bits is 2M-N-1. Hamming code is a
single error-correction code.

msg = decode(code,N,K,method,optl,opt2,opt3,optd) decodes the
codeword using an error-control coding method specified by the string variable
method. In all cases, the number of information bits is K and the codeword
length is N, where N and K are integers and N>K. optl to opt4 are extra optional
parameters used in some of the methods:

Method Decode Scheme

“hamming® Hamming code. opt1=N, the codeword length. opt2=K,
the number of information bits. opt1 can also be used to
specify the primitive polynomial. The function uses a
default primitive polynomial if opt1 is not specified.
opt2 to opt4 are not used in this method.

"linear> Linear block code. opt1=N, the codeword length. opt2=K,
the number of information bits. opt1l must be used to
specify the parity-check matrix. opt2 specifies the
error-detection logic circuit; when opt2 is not provided,
this function defaults to single-error-correction logic.
opt3 to opt4 are not used.
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Method

Decode Scheme

“cyclic’

“bch”

rs

Cyclic code. optl is the generator polynomial, which you
must specify. Use function cyclpoly to choose a suitable
cyclic polynomial. opt2 specifies the error detection
logic; when opt2 is not provided, this function defaults
to single error-correction logic. opt3 and opt4 are not
used.

Binary BCH code. opt1 specifies the error-correction
capability. If you do not specify opt1, this function uses
function bchpoly to find the error-correction capability.
opt2 specifies a BCH code generator polynomial. If you
do not specify opt2, this function uses a default
generator polynomial. Use the command bchpoly to
view the valid (N, K) pairs for BCH code. opt3 and opt4
are not used.

Reed-Solomon code. The codewords for RS code have
length equal to 2M_1, where M is an integer greater
than or equal to 3. The error-correction capability is
T=Floor ((N-K)/2). Set N-K to an even number. optl
contains a list of all elements in GF(ZM). If you do not
specify optl, this function computes all the elements of
GF(ZM) before proceeding to the encode calculations.
opt2 through opt4 are not used.
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Method Decode Scheme

“convol” Convolutional code using the Viterbi algorithm to
decode. You must specify opt1, which can be the linear,
nonlinear, or octal form of the transfer function matrix
of the convolutional code. Read the description for
gen2abcd for a definition of the octal form. opt2 is an
integer that specifies the memory length. When opt2 is
a nonpositive integer or is not specified, this function
uses an unlimited memory length scheme. opt3
specifies the transfer probability. The transfer
probability is defined using a three row matrix in this
toolbox. Refer to the description of function viterbi for
a definition of the transfer probability. When opt3 is
not specified or is not a three row matrix, this function
uses the “hard decision” decoding scheme. opt4 is a
nonnegative integer that specifies the figure number
for plotting the trellis plot. If opt4<0 or if it is omitted,
this function suppresses the trellis figure plot.

The message signal in code can be a binary vector or an L-column matrix.
Except for the "rs* method, L = N, the codeword length. In the "rs* method,
L = M, where M is an integer greater than or equal to 3, and the codeword length
N=2M-1.

This function also supports decimal integer coding. This means that the
message signal in code can be a non-negative integer in the range of [0, 2'-—1].
In this case, you have to append "/decimal " to the string variable method. For
example, "bch" is equivalent to "bch/binary”, but "bch/decimal* means that
the data in code is a decimal integer. Except for the 'rs' method, the output msg
is a vector when using the decimal method.

For the "rs* method, you have the option to specify "rs/power". This tells the
function that the code is a representation in the power format in GF(ZM). The
data range in the power format is -Inf to 2M_2. (Note codeword length

N = ZM—l). In both 'rs/decimal’ and 'rs/power' case, msg can be a vector or an
N column matrix, where N is the codeword length. In the binary case, code can
be either a vector or an M column matrix.
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See Also

The output msg contains the recovered message. The format of msg matches the
format of code. When code is an N-column matrix, the output msg is a K-column
matrix.

When the format of the inputted code is not the same as the output of the
function encode, this function stops processing.

[msg,err] = decode(...) indicates the number of errors detected in the
decoding process. If the element in err is a negative number, it means that
more errors occurred during processing than the error-correction algorithm
was capable of handling. In the 'convol’ method, instead of the number of
errors corrected, the parameter err contains the metric calculations used in
the decoding decision process.

[msg,err,ccode] = decode(.-..) outputs the corrected code in ccode.

[msg,err,ccode,cerr] = decode(.-..) outputs the errors corresponding to
each row of ccode. In the 'convol' method, instead of the number of errors
corrected, the parameter cerr contains the metric calculations used in the
decoding decision process.

encode, bchpoly, bchdeco, rspoly, rsdeco, cyclpoly, cyclgen, sim2gen,
viterbi
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Digital demodulation demapping

demodmap(method) ;
demodmap(y,Fd,Fs,method) ;

demap_sig = demodmap(y,Fd,Fs,method,...);
[x,t]= demodmap(y,Fd,Fs,method,...);

A digital demodulation can be broken into two stages: analog signal
demodulation and analog to digital signal demapping. The function demodmap
demaps an analog signal to a digital signal; the resulting digital signal is the
closest point to the input analog signal. The demapping result is different for
different digital modulation methods. You can specify the modulation method
using the string variable method. The input vector size for demapping varies for
different methods.

Method Digital Modulation Scheme Input Size
"ask” M-ary amplitude shift-keying modulation no limit
"fsk-” M-ary frequency shift-keying modulation no limit
"msk*” Minimum shift-keying modulation no limit
"psk* M-ary phase shift-keying modulation even column
"gask” Quadrature amplitude shift-keying evencolumn
modulation
"sample* A utility for resampling Fd frequency signal  no limit

to Fs frequency signal

eye” Eye pattern diagram plot no limit

"scatter” Scatter plot no limit

Note that "same*", "eye”, and "scatter" are utilities that support
demodulation and not digital demodulation schemes themselves.
demodmap(method) provides more detailed help on a specific demodulation
method.
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demodmap(y, Fd,Fs,method) plots an eye-pattern diagram or scatter plot. This
format can be used with method "eye” or "scatter* only.

demap_sig = demodmap(y,Fd,Fs,method, . . .) recovers the mapped digital
signal using the modulation method specified in variable method. demap_sig,
the output digital signal to be recovered, has frequency Fd. The simulation
sample frequency is Fs (Hertz), and the input signal y has sampling frequency
Fs. Fs/Fd must be a positive integer.

When input y is a matrix, each column of y is processed independently, except
in the cases where method equals "gask™ or "psk”. In these cases, the input
matrix signal is processed two columns at a time. The first column is the
in-phase component of the input signal, and the second column is the
guadrature component.The row number of the output matrix demap_sig is:

Fd/FsChumber_of_rows_of_y

The time interval between two consecutive points in y is 1/Fs, while the time
interval between two consecutive points in demap_sig is 1/Fd.The time interval
between two consecutive points in x is 1/Fs. The variable Fs can be a scalar or
a two-element vector. The first element is the sample frequency; the second
element, if present, is the initial phase in the carrier signal modulation. The
initial phase is in radians, and its default is zero.

The time interval between two decision points is 1/Fd. The default offset for the
decision point is 0. When Fd is a two-element vector, the second element in Fd
is the decision timing offset. This function measures the distance of the
received signal to all possible digits in the coding scheme. The digit closest to
the received signal point is selected as the output digit.

A digital demodulation includes two parts: analog demodulation and analog to
digital demapping. This function can help you obtain the intermediate result.
You can break the command:

rec_sig = ddemod(y,Fc,Fd,Fs,method, ...);
into two commands:

z = ddemod(y,Fc,Fd,Fs, [method, */nmap*],---);
rec_sig = demodmap(z,Fd,Fs,method,...);

In this example, the switch "/nmap” is appended to the method that disables
the mapping process. The intermediate signal z has a sample frequency Fs.
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Except the format of method equals "eye” and "scatter”, the function can
also plot an eye-pattern diagram when an amendment '/eye' is added to the
end of the variable method. The function plots a scatter plot when an
amendment'/scatter’ is added to the end of the variable method. The function
provides only one plot if both of /eye' and '/scatter' are specified. The option
'/scatter’ is good for use with 'ask' and 'qask' methods only.

method = 'ask’

rec_sig = demodmap(y,Fd,Fs, "ask",M) demaps an M-ary ASK mapped
signal. The M-ary number for the M-ary ASK is M. The output digital signal is
an integer in the range [0, M-1].

method = 'psk’

rec_sig = demodmap(y,Fd,Fs, "psk”,M) demaps an M-ary PSK modulated
signal. The M-ary number for the M-ary PSK is M. The output digital signal is
an integer in the range [0, M-1].

method = 'gask’
This function supports three constellations: square, circle, and arbitrary
constellations.

The square constellation has a square shape, which is determined by the M-ary
number M. Usually, M=2X, where K is a positive integer. The maximum in-phase
and quadrature values in the constellation are:

m=2K In-phase Quadrature
2 1 1

4 1 1

8 3 1

16 3 3

32 5 5

64 7 7

128 11 11

256 15 15
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A circle constellation is defined by using three equal length vectors. These
three vectors are:

= noc (Number of symbols on each circle),
= roc (Radii on each circle), and
= poc (Phase shift on each circle, in radian).

The M-ary number of this block equals the summation of all elements in noc.
Let noc be [Ny, N,,..., N¢]; roc be [Ry, Ry,..., Ry]; @and poc be [Py, P,,..., P¢]. Then the
ith circle has Nj elements, i = 1, ..., N. The N; points are evenly distributed on
the ith circle with their radii equal R;. One of the points on the ith circle has
phase P,. In another words, the N; points on the circle are located at the
positions:

. 21 . 21(N;-1)

b IR i =N

R;e" " R;e .. R;e

The elements in the vectors noc and roc must be positive. For a correct
demapping, the elements should have no repeating points.

You can define an arbitrary constellation by using two of same length vectors.
The two vectors are the in-phase component, in_phase, and the quadrature
component, quad. The M-ary number of the mapping equals the length of the
vectors. The in-phase value and the quadrature value of symbol i,i = 0,
1,..., M-1, are defined in the (i+1)th element in the in_phase vector and in
the quad vector respectively.

rec_sig = demodmap(y,Fd,Fs, "qask”,M) demaps a square constellation
QASK mapped signal. The M-ary number for QASK is M. The output digital
signal is in the range [0, M-1].

rec_sig = demodmap(y,Fd,Fs, "gask/arb",in_phase,quad) demaps a QASK
mapped signal using a customer-defined arbitrary constellation. The in-phase
component and the quadrature component are defined in the variables
in_phase and quad respectively. The vectors length of in_phase and quad must
be the same, the length is the M-ary number for the QASK.
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rec_sig = demodmap(y,Fd,Fs, "qask/circle”,noc,roc,poc) demaps a
QASK mapped signal using circle constellation. The number on circle (noc),
radii on circle (roc) and the phase on circle (poc) defines the QASK
constellation. The vector length of noc, roc, and poc must be the same.

method = 'fsk'

rec_sig = demodmap(y,Fd,Fs, "fsk",M,tone) demaps a FSK mapped signal
using the coherent method. The M-ary number for QASK is M. The tone space
between two successive frequency is defined in tone.

method = 'msk’

rec_sig = demodmap(y,Fd,Fs, "msk") demaps a MSK mapped signal. The
elements in the output vector x are binary numbers. The tone space, i.e., the
frequency separation between successive frequencies, defaults to tone = Fd.

method = 'psk’
rec_sig = demodmap(y,Fd,Fs, "psk”,M) demaps a PSK mapped signal. The
M-ary number is defined in M.

method = 'sample’

rec_sig = demodmap(y,Fd,Fs, "sample™) converts sampling rate Fs input
signal y to sampling rate Fd output signal x, where Fs > Fd and Fs / Fd are
positive integers.

method = 'eye’

demodmap(y,Fd,Fs, "eye™) plots an eye-pattern diagram. The red vertical line
with a “D point” mark indicates the decision point line by the given sample
time.

method = 'scatter’
demodmap(y,Fd,Fs, "scatter") produces a scatter plot from the input signal y.

dmod, demod, dmodce, ddemodce, modmap
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Purpose

Syntax

Description

Digital modulation, passband simulation

dmod(method);

dmod(method, ...);

y = dmod(x,Fc,Fd,Fs,method, ...);
[y,t]= dmod(x,Fc,Fd,Fs,method,...);

Function dmod modulates an input signal and is designed for passband digital
modulation simulation. You can specify the modulation method using the
string variable method. The table below lists the types of modulation available:

Method Modulation Scheme

"ask” M-ary amplitude shift-keying modulation

" fsk* M-ary frequency shift-keying modulation

"msk* Minimum shift-keying modulation

"psk* M-ary phase shift-keying modulation

"gask” Quadrature amplitude shift-keying modulation
"sample* Resampling frequency signal Fd to frequency signal Fs

Note that "sample” is a utility that supports modulation and not a modulation
scheme itself.

dmod(method) provides more detailed help on a specific modulation method.

dmod(method, . . .) plots a constellation of signal points for the type of
modulation selected.

y = dmod(x,Fc,Fd,Fs,method, ...) modulates the digital message signal x
with carrier frequency Fc (Hertz) and simulation sample frequency Fs (Hertz).
The output signal y has sampling frequency Fs, and the input signal x has
sampling frequency Fd. Fs/Fd must be a positive integer.

When the input x is a matrix, each column of x is processed independently. The
row number of the output matrix y is:

Fs/Fdrow_number_of x
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The time interval between two consecutive points in y is 1/Fs while the time
interval between two consecutive points in x is 1/Fd. The variable Fs can be a
scalar or a two-element vector. The first element is the sample frequency; the
second element, if present, is the initial phase in the carrier signal modulation.
The initial phase is in radians, and its default value is zero. For best results,
Fs > Fc > Fd is recommended.

[y,.t] = dmod(-..) outputs the computation time t. t is a vector with its
length equal to the row number of y.

A digital modulation includes two parts: digital to analog mapping and analog
modulation. To obtain the intermediate result, you can break the command:

y = dmod(x,Fc,Fd,Fs,method, ...)

into two commands:

z
y

modmap(x,Fd,Fs,method, ...);
dmod(z,Fc,Fd,Fs, [method, */nmap*],--.);

In this example, the switch "/nmap® appended to method disables the mapping
process. The intermediate signal z has a sample frequency Fs.

method = 'ask’
dmod("ask*",M) plots the ASK constellation.

y = dmod(x,Fc,Fd,Fs, "ask™) modulates the input signal x using the
amplitude shift-keying method. All elements in x are non-negative integers.
The input integer is in the range [0,M-1], and M = 2K such that max(x)<2X,
where K is the minimum integer that satisfies the inequality.

y = dmod(x,Fc,Fd,Fs, "ask" ,M) specifies the M-ary number M.

method = 'fsk’
dmod("fsk",M) plots the FSK constellation.

y = dmod(x,Fc,Fd,Fs, "fsk™) modulates the input signal x using the
frequency shift-keying method. All elements in x are non-negative integers.
The range of the input integers is [0,M-1], M = 2X. K is the minimum integer
satisfying max(x)<2K. The tone space, i.e., the frequency separation between
successive frequencies, defaults to tone = 2[Fd/M.

y = dmod(x,Fc,Fd,Fs, "fsk",M, tone) specifies the input digital signal range
M and the tone space tone.
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method ='msk’
dmod("msk*",M) plots the MSK constellation.

y = dmod(x,Fc,Fd,Fs, "msk™) modulates the input signal x using the
minimum shift-keying method. All elements in x must be binary numbers. The
tone space, i.e., the frequency separation between successive frequencies,
defaults to tone = Fd.

method = 'psk’
dmod("psk*”,M) plots the PSK constellation.

y = dmod(x,Fc,Fd,Fs, "psk™) modulates the input signal x using the phase
shift-keying method. All elements in x are non-negative integers. The range of
the input integers is [0,M-1]. M = 2K such that max(x)<2K, where K is the
minimum integer that satisfies the inequality.

y = dmod(x,Fc,Fd,Fs, "psk”,M) specifies the input M-ary number M.

method = 'gask’
This function supports three constellations: square, circle, and arbitrary
constellations.

The square constellation has a square shape, which is determined by the M-ary
number. Usually, the M-ary number m=2K, where K is a positive integer. The
maximum in-phase and quadrature values in the constellation are:

M=2K In-phase Quadrature
2 1 1

4 1 1

8 3 1

16 3 3

32 5 5

64 7 7

128 11 11

256 15 15
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A circle constellation is defined by using three equal length vectors. These
three vectors are:

= noc (Number of symbols on each circle),
= roc (Radii on each circle), and
= poc (Phase shift on each circle, in radian).

The M-ary number of this block equals the summation of all elements in noc.
Let noc be [Ny, N,,..., N¢]; roc be [Ry, Ry,..., Ry]; @and poc be [Py, P,,..., Pc]. Then the
ith circle has Nj elements, i = 1, ..., N. The N; points are evenly distributed on
the ith circle with their radii equal R;. One of the points on the ith circle has
phase P,. In another words, the N; points on the circle are located at the
positions:

R

The elements in the vectors noc and roc must be positive. For a correct
demapping, they should have no repeating points.

You can define an arbitrary constellation by using two of same length vectors.
The two vectors are the in-phase component, in_phase, and the quadrature
component, quad. The M-ary number of the mapping equals the length of the
vectors. The in-phase value and the quadrature value of symbol i,i = 0,
1,..., M-1, are defined in the (i+1)th element in the in_phase vector and in
the quad vector respectively.

dmod("qask” ,M) plots the square QASK constellation.

dmod("qask/arb”, in_phase,quad) plots the user-defined arbitrary QASK
constellation.

dmod("qask/circle” ,noc,roc,poc) plots the circle constellation.

y = dmod(x,Fc,Fd,Fs, "gask") modulates the input signal x using the square
constellation QASK method. All elements in x are non-negative integers. The
range of the input integers is [0,M-1], M = 2K K is the minimum integer
satisfying max(x)<2K, K is the minimum integer that satisfies the inequality.

y = dmod(x,Fc,Fd,Fs, "gask",M) specifies the M-ary number of the square
constellation QASK.
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See Also

y = dmod(x,Fc,Fd,Fs, "gask/arb", in_phase,quad) modulates the input
signal x using the arbitrary constellation QASK method with the in-phase
component and quadrature component value provided in the variables
in_phase and quad.

y = dmod(x,Fd,Fs, "gask/circle” ,noc, roc, poc) modulates the input signal
x using the circle constellation QASK method with the number of symbols on
each circle, radii for each circle, and phase shift for each circle specified in
variables noc, roc, and poc respectively.

method = 'sample’
y = dmod(x,Fc,Fd,Fs, "sample™) converts sampling rate Fd input signal x to
sampling rate Fs output signal y, where Fs>Fd and Fs/Fd are positive integers.

amod, ademod, ddemod, amodce, ademodce, modmap, demodmap
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Purpose

Syntax

Description
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Digital modulation, baseband modulation with complex envelope

dmodce(method) ;

dmodce(method, ...);

y = dmodce(x,Fd,Fs,method,...);
[y,t]= dmodce(x,Fd,Fs,method, ...);

Function dmodce modulates an input digital signal with complex envelope and
is designed for baseband digital modulation simulation. You can specify the
modulation method using the string variable method . The table below lists the
types of modulation available:

Method Modulation Scheme Output y type
"ask" Amplitude shift-keying modulation complex
"fsk” Frequency shift-keying modulation complex
"msk” Minimum shift-keying modulation complex
"psk* Phase shift-keying modulation complex
"gask” Quadrature amplitude shift-keying complex
modulation
"sample* Resampling frequency signal Fd to real
frequency signal Fs

Except for "sample*, the modulated signal output from this function is the
complex envelope of the modulated signal, meaning that the outputs are
complex numbers. Note that "sample” is a utility that supports modulation
and not a modulation scheme itself.

dmodce(method) provides more detailed help on a specific modulation method.
dmodce(method, .. .) plots a constellation of the given method.

y = dmodce(x,Fd,Fs,method, ...) modulates the digital message signal x. Ts
is the sampling frequency of output signal y, and Fd is the sampling frequency
of the input signal x. Fs/Fd must be a positive integer. When the input x is a
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matrix, each column of x is processed independently. The row number of the
output matrix y is:

Fs/Fdrow_number_of x

The time interval between two consecutive points in y is 1/Fs while the time
interval between two consecutive points in x is 1/Fd. The variable Fs can be a
scalar or a two-element vector. The first element is the sample frequency; the
second element, if present, is the initial phase in the carrier signal modulation.
The initial phase is in radians, and its default value is zero.

[y.t] = dmodce(.-.) outputs the computation time t. t is a vector with its
length equal to the row number of y.

A digital modulation includes two parts: digital to analog mapping and analog
modulation. To obtain the intermediate result, you can break the command:

y = dmodce(x,Fd,Fs,method,...)

into two commands:

z
y

modmap(x,Fd,Fs,method, ...);
dmodce(z,Fd,Fs,[method, */nmap*"],--.);

In this example, the switch "/nmap® appended to method disables the mapping
process. The intermediate signal z has a sample frequency Fs.

method = 'ask’
dmodce("ask",M) plots the M-ary ASK constellation.

y = dmodce(x,Fd,Fs, "ask™) modulates the input signal x using the amplitude
shift-keying method. All elements in x are non-negative integers. The input
integer is in the range [0,M-1],and M = 2K such that max(x)<2K, where K is
the minimum integer that satisfies the inequality.

y = dmod(x,Fd,Fs, "ask" ,M) specifies the M-ary number M.

method = 'fsk'
dmodce("fsk",M, tone) plots the M-ary FSK constellation.

y = dmodce(x,Fd,Fs, "fsk") modulates the input signal x using the frequency
shift-keying method. All elements in x are non-negative integers. The range of
the input integers is [0,M-1], M = 2K K is the minimum integer satisfying
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max(x)<2K. The tone space, i.e., the frequency separation between successive
frequencies, defaults to tone = 2[Fd 7/ M.

y = dmodce(X,Fd,Fs, "fsk" ,M, tone) specifies the input digital signal range M
and the tone space tone.

method = 'msk’
dmodce("msk* ,M) plots the MSK constellation.

y = dmodce(x,Fc,Fd,Fs, "msk") modulates the input signal x using the
minimum shift-keying method. All elements in x must be binary numbers. The
tone space, i.e., the frequency separation between successive frequencies,
defaults to tone = Fd.

method = 'psk’
dmodce("psk™,M) plots the PSK constellation.

y = dmodce(x,Fd,Fs, "psk™) modulates the input signal x using the phase
shift-keying method. All elements in x are non-negative integers. The range of
the input integers is [0,M-1]. M = 2K such that max(x)<2" where K is the
minimum integer that satisfies the inequality.

y = dmodce(x,Fd,Fs, "psk”,M) specifies the input M-ary number M.

method = 'gask’
This function supports three constellation definitions: square, circle, and
arbitrary constellations.

The square constellation has a square shape, which is determined by the M-ary
number M. Usually, M=2X, where K is a positive integer. The maximum in-phase
and quadrature values in the constellation are:

m=2K In-phase Quadrature
2 1 1
4 1 1
8 3 1
16 3 3
32 5 5
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M=2K In-phase Quadrature
64 7 7

128 11 11

256 15 15

A circle constellation is defined by using three equal length vectors. These
three vectors are:

= noc (Number of symbols on each circle),
= roc (Radii on each circle), and
= poc (Phase shift on each circle, in radian).

The M-ary number of this block equals the summation of all elements in noc.
Let noc be [Ny, N,,..., N¢]; roc be [Ry, Ry,..., Ry]; @and poc be [Py, P,,..., P¢]. Then the
ith circle has Nj elements, i = 1, ..., N. The N; points are evenly distributed on
the ith circle with their radii equal R,. One of the points on the ith circle has
phase P,. In another words, the N; points on the circle are located at the
positions:

. 210 - 2m(N;-1)
T £ e Stk
R;e" " R;e .. R;e

The elements in the vectors noc and roc must be positive. For a correct

demapping, there should have no repeating points.

You can define an arbitrary constellation by using two of same length vectors.
The two vectors are the in-phase component, in_phase, and the quadrature
component, quad. The M-ary number of the mapping equals the length of the
vectors. The in-phase value and the quadrature value of symbol i,i = 0,
1,..., M-1, are defined in the (i+1)th element in the in_phase vector and in
the quad vector respectively.

dmodce("gask" ,M) plots the square QASK constellation.

dmodce("gask/arb", in_phase,quad) plots the user-defined arbitrary QASK
constellation.

dmodce("gask/circle” ,noc,roc,poc) plots the circle constellation.
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y = dmodce(x,Fd,Fs, "qask™) modulates the input signal x using the square
constellation QASK method. All elements in x are non-negative integers. The
range of the input integers is [0,M-1], M = 2K, K is the minimum integer
satisfying max(x) <2/ where K is the minimum integer that satisfies the
inequality.

y = dmodce(x,Fd,Fs, "qask” ,M) specifies the M-ary number of the square
constellation QASK.

y = dmodce(x,Fd,Fs, "gask/arb*, in_phase, quad) modulates the input signal
x using the arbitrary constellation QASK method with the in-phase component
and quadrature component value provided in the variables in_phase and quad.

y = dmod(x,Fd,Fs, "gask/circle” ,noc, roc, poc) modulates the input signal
x using the circle constellation QASK method with the number of symbols on
each circle, radii for each circle, and phase shift for each circle specified in
variables noc, roc, and poc respectively.

method = 'sample’
y = dmodce(x,Fd,Fs, "sample®) converts sampling rate Fd input signal x to
sampling rate Fs output signal y, where Fs/Fd is a positive integer.

See Also amod, ademod, dmod, ddemod, amodce, ademodce, modmap, demodmap
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Purpose

Syntax

Description

See Also

Differential pulse code modulation decode computation in source coding

sig = dpcmdeco(indx,codebook,predictor);
[sig,quant] = dpcmdeco(indx,codebook,predictor);

sig = dpcmdeco(indx,codebook, predictor) decodes a differential pulse code
modulation encoded index signal, indx. You must specify the predictors in
predictor and the predictive-error quantization codebook in codebook. To
obtain a correctly decoded result, the parameters must match the parameters
used in encode.

[sig,quant] = dpcmdeco(indx,codebook, predictor) outputs the quantized
predictive error in quant.

The input parameters codebook and predictor can be estimated by using
function dpcmopt.

In general, the predictor is an Mth order transfer function has the form
[0, tq, to, ..., t]

dpcmenco, dpcmopt, compand
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Purpose

Syntax

Description

See Also
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Differential pulse code modulation encode computation in source coding

indx = dpcmenco(sig,codebook, partition,predictor)
[indx,quant] = dpcmenco(sig,codebook,partition,predictor)

indx = dpcmenco(sig,codebook,partition,predictor) outputs a
differential pulse code modulation encoded index, indx. sig is the input signal,
and predictor specifies the predictive transfer function. The predictive-error
guantization parameters are given in partition and codebook. In general, an
Mth order transfer function predictor has the form of [0, ty, ty, ... ty].

[indx,quant] = dpcmenco(sig,codebook,partition,predictor) outputs
the quantized value in quant.

The input parameters codebook, partition, and predictor can be estimated
by using dpcmopt.

When predictor is an order one transfer function, the dpcm is simplified to be
a delta-modulation.

dpcmdeco, dpcmopt, compand, quantiz
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Purpose

Syntax

Description

See Also

Optimal training of differential pulse code modulation parameters by using
training data

predictor = dpcmopt(training_set,ord)
[predictor,codebook,partition] =
dpcmopt(training_set,ord, ini_codebook)

predictor = dpcmopt(training_set,ord) estimates the predictive transfer
function predictor of a given order ord and the training set training_set.

[predictor,codebook,partition] =

dpcmopt(training_set,ord, ini_codebook) produces the predictive transfer
function predictor, and optimized codebook and partition for the
predictive-error. The input variable ini_codebook can be either the initial
values of the codebook vector or the size of the vector codebook.

dpcmenco, dpcmdeco, quantiz, Iloyds
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Purpose

Syntax

Description
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Error-control encoding

code = encode(msg,N,K);
code= encode(msg,N,K,method,opt);
[code,added] = encode(.-.);

encode generates a codeword from a message signal by adding parity check bits
to the message. There are six major error-control code methods implemented
in this toolbox. These methods are: Hamming code, linear block code, cyclic
code, BCH code, Reed-Solomon code, and convolutional code. You can use
encode for all these error-control methods.

code= encode(msg,N,K) encodes a binary message msg using Hamming code
technique. The number of information bits is K, and the codeword length is N.
The format of msg can be either a vector or a K column matrix. A Hamming code
has a codeword length 2M-1, where M is an integer number greater than or
equal to 3. The number of information bits is 2M-N-1. Hamming code is a single
error-correction code.

code= decode(msg,N,K,method,opt) encodes the message signal msg using an
error-control coding specified in method. The number of information bits is K,
and the codeword length is N. opt is an optional parameter used in some of the
methods. The table below lists the types of error-control code available with the
associated variable string:

Method Encode Scheme

“hamming"” Hamming code. opt can be used to specify the primitive
polynomial. The function uses a default primitive
polynomial if opt is not specified.

"linear” Linear block code. opt must specify the parity-check
matrix.
"cyclic” Cyclic code. opt, which must be specified, contains the

generator polynomial. You can use function cyclpoly to
choose an appropriate cyclic polynomial.
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Method Encode Scheme

"bch*" Binary BCH code. opt is used to specify BCH code
generator polynomial. The function uses a default
generator polynomial if opt is not specified. Use
command bchpoly to view the valid (N,K) pairs for
BCH code.

rs” Reed-Solomon code. The codeword for RS code must
have length equal to 2M_1, where M is an integer no less
than 3. The number of information bits K must be less
than N. The error-correction capability T=Floor ((N-K)/
2). Set N-K to an even number. opt should contain a list
all elements in GF(ZM). If opt is not specified, this
function computes all the elements of GF(ZM) prior to
the encode calculation.

"convol " Convolutional code. opt, which must be specified, can be
a linear, nonlinear, or octal form of the transfer function
matrix of the convolutional code. Read the description
for gen2abcd for definitions of the different transfer
function forms.

In all the methods, message signal in msg can be a binary vector or an L-column
matrix. In using any method other than 'rs’, L=N, the codeword length. In the
"rs* method, L=M, where N=2M-1. M must be an integer greater than or equal to
3. code can be either a binary digit or an integer in the range of [0, 2--1]. In the
latter case, you must append "/decimal * to the string variable method
specification. For example, 'bch' is equivalent to "bch/binary*, but "bch/
decimal " means that the data in code is in an integer format. Except for the
"rs” method, msg can only be a vector when using decimal method (instead of
a matrix).

For "rs” method, you can also specify “rs/power ", which tells the function that
the format for the input msg is in the power format in GF(ZM). The data range
in power format is -Inf and 0 to 2M-2. (Note that the codeword length

N= 2M—1). In both the 'rs/decimal’ and 'rs/power’ cases, msg can be a vector or
an K column matrix, where K is the number of information bits. In the
'‘binary' case, code can be either a vector or an M column matrix.
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See Also
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The codeword output code contains the recovered message. The format of code
matches the format of msg. When msg is an K-column matrix, the output code is
an N-column matrix.

[code,added] = encode(--..) outputs the number of columns that the
function added in order to make the encoding an exact size for K length message
input.

decode, bchpoly, bchdeco, rspoly, rsdeco, cyclpoly, cyclgen, sim2gen,
viterbi
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Purpose
Syntax

Description

Warning

See Also

Find the error-location polynomial for BCH and Reed-Solomon decoding

[sigma,err] errlocp(syndrome,t,tp,err);

[sigma,err] = errlocp(syndrome,t,tp,err) calculates the error-location
polynomial sigma from the vector syndrome, the error-correction capability t,
the complete list of GF(2™) elements tp, and error message information err.
type flag = 1, uses the normal method. type flag = 0 uses a simplified
method. The simplified method can be used for binary code only.

This function has no error check. Please make sure all parameters are assigned
correctly.

bchdeco, rsdecode
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Purpose

Syntax

Description
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Eye-pattern diagram and/or scatter plot

eyescat(x,Fd,Fs);
eyescat(x,Fd,Fs,offset);
eyescat(x,Fd,Fs,offset,Dpoint);

An eye-pattern plot is a simple and convenient tool to study the effects of
inter-symbol interference and other channel impairments for digital
transmission. The received signal is plotted against time. When the x-axis time
limit is reached, the signal goes back to the beginning of the time point. Thus,
the plots overlay each other. Usually, the time range is an integer multiple of
the digital transmission interval. The transmitted digital signal is a sampled
data on the received analog signal. The sampling point is named as decision
point. In the optimal case, the decision point is at the widest “eye” opening
point.

A scatter plot records the signal value at a given decision point. In the best
case, the decision point should be at the time when the eye is the most open in
the eye-pattern diagram. When the input signal x is a two-column matrix, the
scatter plot is a two-dimensional plot with the x-axis as the first input vector
element and the y-axis as the second input vector element. The
two-dimensional plot is widely used in the QAM application. If the input vector
is not a two-column matrix, the plot is a one-dimensional plot.

For more information on eye-pattern and scatter plots, refer to Chapter 3, the
Tutorial.

eyescat(x,Fd,Fs) plots the eye-pattern diagram. The time scale for the plot
is from 0 to 1/Fd. Signal x has sample frequency Fs. It is required that Fs > Fd
and Fs/Fd is a positive integer.

eyescat(x,Fd,Fs,offset) plots an eye-pattern diagram with the time on the
x-axis shift offset number of points, which is equivalent to offset/Fs length
of time. The offset must be a positive integer. The eye-pattern diagram plots
in the time range from offset/Fd to offset/Fs+1/Fd.

eyescat(x,Fd,Fs,offset,Dpoint) plots an eye-pattern diagram or a scatter
plot depending on the contents in the variable Dpoint.
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When Dpoint is a integer, the contents in Dpoint specify the decision point
shift from the zero point; in other words, the decision point occurs at time equal
to Dpoint/Fs+i/Fd.

When Dpoint is a string, the contents in Dpoint specifies the type of the
symbols for the scatter plot. The string can be one of the following: O+ o0 . - -.
When a illegal string is specified, the function uses the default string ‘.. The
decision point is provided in offset in this case.

See Also modmap, dmod, dmodce
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Purpose Floating point number exclusive OR (XOR) computation
Syntax z = fixor(x,y);
Description z = flxor(x,y) outputs exclusive OR computation between two integers x and

y, or between elements of two equal size matrices. The matrix size of x must be
the same as that of y.

See Also gfplus, gfadd
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Purpose

Syntax

Description

See Also

Convert a convolutional code transfer function into state space [A,B,C,D] form

[A,B,C,D] gen2abcd(gen);
[A,B,C,D] gen2abcd(tran_func, code_param);
[A,B,C,D,N,K,M] = gen2abcd(--..);

The input transfer function can be a nonlinear transfer function, a state space
linear transfer function, an octal form, or a binary form. You can generate
nonlinear transfer functions using sim2logi, Sstate space transfer functions
using sim2tran, and octal and binary forms using oct2gen.

[A,B,C,D] = gen2abcd(gen) converts the transfer function stored in gen into
[A,B,C,D] format, where A, B, C, and D are matrices. When gen is a nonlinear
transfer function as described in function sim2logi, the output A stores the U
vector, and B stores the Vv vector. Vectors U and Vv vector are described in
function sim2logi. When gen is a linear transfer function as described in
function sim2gen, or an octal form transfer function as described in function
oct2gen, the matrices [A,B,C,D] contain the binary coefficients of this
difference equation:

x(k +1) = Ax(k) + Bu(k)
y(k) = Cx(k) + Du(k)

[A,B,C,D] = gen2abcd(tran_func, code_param) converts the binary transfer
function tran_func with code_param=[N, K, M] into [A,B,C,D] format. N is the
output vector length, K is the input vector length, and M is the state vector
length.

[A,B,C,D,N,K,M] = gen2abcd(...) outputs the length of the output, input
and state vectors. N is the output vector length, K is the input vector length, and
M is the state vector length.

Note that the conversion from the octal form to the state space [A,B,C,D]
format conversion is not necessarily a minimal state space realization. You are
encouraged to use the sim2tran instead of sim2gen to construct a linear
transfer function.

encode, decode, sim2gen, sim2logi, sim2tran, oct2gen
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Purpose

Syntax

Description

Examples

See Also
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Conversion between generator matrix and parity-check matrix for linear block
coding

h = gen2par(g9);

h = gen2par(g) generates a parity-check matrix h from a generator matrix g.
You can also use this function to convert a parity-check matrix into a generator
matrix. This function works in conjunction with the linear block coding
method.

In general, a generator matrix is a_k x n matrix where n > k. The generator
matrix is in the form G = (P Ikka where P is the k x (n —k) coefficient
matrix with its elements equal to O or 1, and I, ,, an identity matrix. The
parity-check matrix H is an (n —k) x n matrix that has the form:

— T
M= ['(n—k)x(n—k) P}

LetGequal [11111];

H = gen2par(G)
H =

O O O Bk
O Or O
O rr OO
= O O O
R R PR

G = gen2par(H)
G =

11111

encode, decode
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Purpose

Syntax

Description

Examples

Calculate the sum of two GF(p) polynomials or the sum of two GF(pM) elements

c = gfadd(a,b);
c = gfadd(a,b,p);
c = gfadd(a,b,p,len);

c = gfadd(a,b) calculates the sum of two GF(2) polynomials. You must
arrange the polynomials in ascending order, i.e, the input vector

a-= [al a,as ... a,_q an]

represents the polynomial:

a(X) = al+a2X+a3X2+ ..... +a,_1X +a, X

In the case of GF(2), all elements of a should be either O or 1.

c = gfadd(a,b,p) adds two polynomials a and b in GF(p) for a given prime
number p. p can also be a matrix that lists all the possible elements of GF(pM),
where p is a prime number and M a positive integer greater than one. In this
case the function takes the elements in a and b as powers of a in the
exponential representation of GF(pM). The output, a column vector ¢, is a® = o2
+aP in GF(pM). You can generate a list of all elements in GF(pM) by using the
command:

p = gftuple([-1 : p"m-2]7,m,q);

c = gfadd(a,b,p, len) adds two GF(p) polynomials a and b. The resulting
GF(p) polynomial c has length equal to Ien. When lIen is a negative number,
the length c defaults to degree(c)+1.

The addition between two GF(2) polynomialsa=[1 0 1 1] andb=[1 1 0] is

C
CcC =

gfadd(a,b)

1 1 0 1
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The addition between two GF(24) vectora = [-Inf 1 3 5]andb=[9 6 3 1]is

p = gftuple([-1:274-2]",4);
¢ = gfadd(a,b,p);
CcC =
9 11 -Inf 2
See Also gfmul, gfdiv, gftuple, gfprimck
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gfconv

Purpose

Syntax

Description

Examples

See Also

Galois field polynomial convolutional (multiplication)

9]
1

gfconv(a,b);
gfconv(a,b,p);

(9]
1

c = gfconv(a,b) multiplies two GF(2) polynomials a and b. The resulting
binary polynomial ¢ has degree of degree(a) + degree(b).

c = gfadd(a,b,p) multiplies two polynomials a and b over GF(p). p must be a
prime number.

The polynomials a and b, must be in ascending order, i.e, the input vector
a-= [al a, ag ... a,_q an] represents the polynomial:

a(X) = al+a2X+a3X2+ ..... +a,_1X +a, X

a; must be a non-negative number less than p. The output polynomial c is also
in ascending order.

The multiplication of two GF(2) polynomial a=[11 1] and b = [1 1] is

C
CcC =

gfconv(a,b)
1 0 o0 1

gfadd, gfmul, gfdiv, gfdeconv
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Purpose

Syntax

Description

Examples

See Also
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Produce cyclotomic cosets mod(pM-1) for a prime number p

cs = gfcosets(m);
cs = gfcosets(m,p);
cs = gfcosets(m) produces cyclotomic cosets mod(2™M-1) with p = 2.

cs = gfcosets(m,p) produces cyclotomic cosets mod(2™-1) with prime p.

Each row of the output matrix cs is a coset. The first column is called the coset
leader; refer to Lin & Costello for a discussion of this concept. Because the
length of the coset may vary, an NaN is used to fill out the extra space to make
all rows of cs have equal length.

Find the cosets for GF(2%):

Cs
Cs

gfcosets(4)

0 NaN NaN NaN

1 2 4 8
3 6 12 9
5 10 NaN NaN
7 14 13 11

gfprimfd, gfroots, gfminpol



gfdeconv

Purpose

Syntax

Description

Algorithm

See Also

Galois field polynomial division

gfdeconv(b,a);
gfdeconv(b,a,p);

[a.r]
[a.r]

[a.r] = gfdeconv(b,a) divides b by a resulting in the quotient g and the
remainder r in GF(2).

[a,r] = gfdeconv(b,a,p) divides b by a, the results of which are the quotient
g and the remainder r in GF(p).

You must arrange the polynomials a and b in ascending order. The input vector
a-= [al a, ag ... a,_q an] represents the polynomial

2 n-2 n-1
a(X) = a; ta,X +agX" +.... +a,_1X +a,X
aj must be a non-negative number less than p.

This function uses the same algorithm as deconv in the Signal Processing
Toolbox.

gfconv, gfadd, gfmul, gfdiv
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Purpose

Syntax

Description

See Also
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Galois field element-by-element division

q = gfdiv(b,a);
q = gfdiv(b,a);
g = gfdiv(b,a) divides b by a; the result is the quotient g, which is an element

in GF(2). A zero element in a will result in a NaN solution.

g = gfdiv(b,a,p) divides b by a. The result is the quotient q in GF(p), where
p is a prime number. p can also be a a list of all elements in GF(pM), where p is
prime and M is an integer greater than one. In this case, q is the result of the
division operation in GF(pM).

gfadd, gfmul, gftuple, gfprimck, deconv



gffilter

Purpose

Syntax

Description

Digital filtering over GF(2)

gffilter(b,a,x);
gffilter(b,a,x,p);

y
y

y = gffilter(b,a,x) filters the data x with the filter described by vectors a
and b to create the filtered data y in GF(2).

y = gffilter(b,a,x,p) filters the data x with the filter described by vectors
a and b to create the filtered data y in GF(p).

The filter solves a difference equation:

y(n) = bpx(n)+by,_1x(n=1)+..+bx(n—-nb-1)+a,, _;y(n-1) +

..+tajy(n-na-1)

The polynomials a and b must be in ascending order, i.e, the input vector
a=|a;a,ag..a,;_1 an] represents the polynomial

a(X) = al+a2X+a3X2+ ..... +a,_1X +a, X

a; must be a non-negative number less than p.
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Examples The impulse response of filterwith b = [1 001 010 1],a=[10 1 1]:

y = gffilter(b,a,[1,zeros(1,19)]);

stem(y);
axis([0,20,-.1 1.1])

0.6 N

0.2 i

0 2 4 6 8 10 12 14 16 18 20
Algorithm This function uses an algorithm similar to function filter and applies to
filters over GF(2) only. You can use filter for filters over GF(2) by using the
format:

y = abs(rem(filter(b,a,x),2));

This may produce an error if a is not stable in the regular discrete-time system
analysis and the vector x is too long, or for a high order filter. gffilter can
produce an accurate result in all cases.

See Also gfadd, gfmul, gfdiv, gftuple, gfprimck, filter
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gflineq

Purpose
Syntax
Description
Algorithm

See Also

Solve the linear equation A x = b over the GF(2) field

X gflineq(A,b);

x = gflineq(A,b) solves the linear equation A x = b over GF(2).
This function uses a Gaussian elimination method.

gfadd, gfdiv, gftuple, gfprimck, conv
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gfminpol

Purpose
Syntax

Description

Examples

5-86

Find the minimal polynomial of a given element over the GF(2™M) field

pl gfminpol (k,m);
pl = gfminpol(k,m) produces a minimal polynomial of the given elements k
in the field GF(2™), where m is a positive integer greater than or equal to one.

Each element i of k represents ai _l, where a is a generator element in the
GF(2™M) field.

GF(2™M) is a field generated by the default degree m primitive polynomial, where
m IS a positive integer. You can view the default polynomial by using the
command:

gfprimdf(m)

When m is a binary vector instead of a positive number, m is a primitive polyno-
mial generated the field GF(29¢9), where deg is the degree of polynomial m(X).

The output pl is a row vector that represents the minimal polynomial. When k
is a vector, the output pl is a matrix where the ith row represents the minimal
polynomial associated with element k(i).

A list of minimum polynomials of a , Where i =1, ..,2M-1. In this case, we
assume m=4:

disp("The default primitive polynomial*®)

gfpretty(gfprimdf(4))

m = 4;

pl = gfminpol([2:2"m]);

for 1 = 1:length(pl)
disp(["element alpha”®,num2str(i-1)])
gfpretty(pl(i,:))

end



gfminpol

The commands output a list of minimum polynomials. This table lists the
elements of GF(24) in exponential form and their associated polynomials:

Element of GF(24) Minimal polynomial
Default primitive polynomial 1+X+X4
al 1+X+X4
a? 1+X+X4
ad 1+X+X2+X3+X4
at 1+X+X4
a® 1+X+X?
ab 1+X+X2+X3+X4
a’ 1+X3+x4
a® 1+X+X4
a® 1+X+X2+X3+X4
al® 1+X+X?
oll 14X+ X4
al? 1+X+X2+X3+X4
ol3 14X+ X4
ol4 14X+ X4

See Also gfadd, gfdiv, gFtuple, gfprimdf
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gfmul

Purpose

Syntax

Description

See Also
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GF(p) polynomial multiplication and GF(pM) element multiplication

9]
1

gfmul (a,b);
gfmul (a,b,p);

(9]
1

c = gfmul(a,b) outputs the result of multiplying polynomial a with
polynomial b in GF(2). The resulting binary polynomial c has degree equal to
degree(a) + degree(b).

c = gfmul(a,b,p) multiplies two polynomials a and b over GF(p), wherepisa
prime number. When p is a matrix that contains all elements in GF(pM), this
function assumes a and b are powers of a in the exponential representation of
GF(pM). The output ¢, a column vector, is o® = a? a” in GF(pM).

You can produce a list of all elements in GF(pM) by using the command:
p = gftuple([-1:p"M-2]",M,p)

The polynomials a and b must be in ascending order, i.e, the input vector
a-= [al ap ag - ay_1 an] represents the polynomial

a(Xx) = al+a2x+a3x2+ ..... +a,_

aj must be a non-negative number less than p. The output c is also in ascending
order.

gfadd, gfdiv, gftuple, gfprimck, conv



gfplus

Purpose
Syntax

Description

Example

See Also

Add two elements in GF(gq™)
K = gfplus(i,j,alpha,beta);

The elements in GF(qM) are represented in exponential format. That is, all
elements are of the form o', where i = -Inf, 0, 1, ..., q'V'—2. In this toolbox, an
element is represented by its power index, i.

k = gfplus(i,j,alpha,beta) outputs the additive result of two elements in
GF(gqM), or ak=al+al. Variable alpha is a length gM vector containing integers
that are elements in GF(qM). The vector alpha can be generated by using the
function

alpha = gftuple([-1 : g™m-2]",m,q){-~[0 : M-1];

All elements in alpha are integers. beta is the index complement of alpha.
That is, if alpha has index i, then beta has index qM-2-i. You can use the
command

beta(alpha + 1) =0 : g™ - 1;

to obtain the variable beta. For most uses of gfplus, q = 2, which represents
an operation on GF(2M).

Variables i and j can be matrices, and they must have the same dimensions.
This function is used in BCH and R-S decoding computations.
This example adds two GF(25) matrices.

i = randint(100,10,275); % Create a 100-by-10 matrix in GF(25)
J = randint(100,10,27"5);

alpha = gftuple([-1 : 275 - 2]",5)@R2.~M0 : M-1]7;

beta(alpha + 1) = 0 : 2~5 - 1;

k = gfplus(i,j,alpha,beta); % Additive computation.

gfplus, gfsub, gfmul, gfxor
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gfpretty

Purpose

Syntax

Description

Examples

See Also
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Pretty print a GF(2) polynomial

gfpretty(a);
gfpretty(a,st);
gfpretty(a,st,n);

gfpretty(a) prints a polynomial representation over GF(2). The function uses

the default variable X. The printed polynomial is in ascending order and the
term with coefficient of zero is dropped.

gfpretty(a,st) uses the variable provided in the string variable st.

gfpretty(a,st,n) prints the polynomial using line width n instead of 79.

gfpretty(rem(1:10,2),"z") outputs the following representation:
z+2%+72°+2"+2°

gfadd, gfmul, gfdiv, gftuple, gfprimck



gfprimck

Purpose

Syntax

Description

Examples

Check whether a GF(p) polynomial is irreducible and primitive

ck
ck

gfprimck(a);
gfprimck(a,p);

ck = gfprimck(a) checks the irreducible and primitive property of a, a GF(2)
polynomial.

ck = gfprimck(a,p) checks the irreducible and primitive property of a, a GF(p)
polynomial.

The polynomial a must be_in ascending order, i.e, the input vector
a-= [al a, ag ... a,_q an] represents the polynomial

a(X) = al+a2X+a3X2+ ..... +a,_1X +a, X

aj must be a non-negative number less than p.

The function outputs a flag ck that categorizes the input polynomial:
ck = -1 when a is not an irreducible polynomial.

ck = 0when a is irreducible but not a primitive polynomial.

ck = 1when a is a primitive polynomial.

a=1[10 11 1]isnotairreducible polynomial in GF(2)

ck = gfmul(a)
ck =
-1

b =1[11 11 1]isairreducible but not a primitive polynomial in GF(2)

ck = gfmul(b)
ck =
0

c = [1 0 0 1 1] is aprimitive polynomial in GF(2)

ck
ck

gfmul (c)
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Algorithm The irreducible property is verified by the theory of any irreducible m degree
polynomial f(X) over GF(2) divides 1 + NG
An irreducible m degree polynomial f(X) over GF(2) is defined to be primitive if

the smallest polynomial 1 + X"is n=2"+1

See Also gfadd, gfmul, gfdiv, gftuple
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gfprimdf

Purpose Provide default primitive polynomials
Syntax pol = gfprimdf(m);
pol = gfprimdf(m,p);
Description pol = gfprimdf(m) outputs the default primitive polynomial pol at the

specified GF(2™). The polynomial is in ascending order.
pol = gfprimdf(m,p) outputs the default primitive polynomial pol over the
specified field GF(p™). The polynomial is in ascending order.
Examples List the GF(2™) primitive polynomials for m from degree 3 to degree 10.
for 1 =3 : 10
gfpretty(gfprimdf(i))
end
1+X+ x3
1+x+x*
1+ X% +X°
1+X+x°
1+x3+x’
1+ X2+ X3 +x* +X
1+ %" +x°

8

1+x3+x°

See Also gfprimfd, gfprimck
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Purpose

Syntax

Description

5-94

Find GF(p™) primitive polynomials

pol = gfprimfd(m);
pol = gfprimfd(m,opt);
pol = gfprimfd(m,opt,p);

pol = gfprimfd(m) finds one primitive polynomial for a given degree on
GF(2M). m is a positive integer.

pol = gfprimfd(m,opt) finds primitive polynomial(s) on GF(2™) following the
instructions provided in the variable opt.

opt can be an integer that indicates the number of terms of the primitive
polynomial, i.e., the nonzero coefficients in the polynomial p.

opt can also be a string. When opt = 'min’, the function finds one primitive
polynomial that has the minimal term in pol. When opt = "max", the function
finds one primitive polynomial that has the maximal term in pol. When

opt = "exh", the function searches to find all the primitive polynomials.

When the output is more than one polynomial, each row represents one
primitive polynomial.

This function is useful for determining the Hamming code generator matrix
and parity-check matrix.

pol = gfprimfd(m,opt,p) finds primitive polynomials in GF(p™) following the
instruction as given in opt.

This function outputs polynomials in ascending order form.



gfprimfd
|

Examples Find and display all primitive polynomials with degrees equal to 6.
x= gfprimfd(6, "exh*); % Find all primitive polynomials.
for i =1 : size(X)
gfpretty(x(i,:)) % Display all primitive polynomials
% using a pretty form.
end
1+X+X°
1+x+x3+x*+x°
1+X+X2+x°+x°
1+x%+x3+x%+x°
1+X+xP+x%+x®
1+%°+x°
Find and display all three terms of primitive polynomials with degree equal to 7.
x= gfprimfd(7,3); % Find all 3 terms primitive polynomials.
for i =1 : size(X)
gfpretty(x(i,:)) % Display all primitive polynomial using
% a pretty form.
end
1+X+X’
1+x3+x’
1+x*+x’
1+x°+x’
Algorithm The function does a search based on a test using gfprimck.
See Also

gfadd, gfmul, gfdiv, gfprimck
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gfrank

Purpose Calculate the rank of a matrix in GF(p)

Syntax rk = gfrank(a);
rk = gfrank(a,q);

Description rk = gfrank(a) calculates the rank of matrix a in GF(2).

rk = gfrank(a,q) calculates the rank of matrix a in GF(q), where g is a prime
number.

This function uses an algorithm similar to the Gaussian elimination method.

See Also gfline
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gfrepcov

Purpose
Syntax

Description

Examples

See Also

Convert between GF(2) polynomial representations
pl = gfrepcov(p2)

This function converts between two polynomial representations of GF(2). A
GF(2) polynomial P is in ascending order with the form of

n

n-1
P(X) = po+ - +Pn_1X ~+ppX
where p; is either zero or one. The representation can be either

= A list all of the coefficients of P(X) (with its elements being either 0 or 1),
= Distinct positive integers. A nonzero element i indicates p; _; in the above
polynomial P(X).

To eliminate ambiguity, in the second case, no element in P can be zero
except when P is a scalar.
pl = gfrepcov(p2) converts the second representation into the first one.

Convert GF(2) polynomial 1 + x2 + x4 from form 2 to form 1.

p2 = [1 3 5];
pl = gfrepcov([1l 3 5])
pl =

[1010 1]

gfadd, gfmul, gfdiv, gftuple
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gfroots

Purpose

Syntax

Description

Limitation

See Also
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Find the roots of a binary polynomial in GF(p™)

rt = gfroots(f);

rt = gfroots(f,ord);

rt = gfroots(f,ord,p);
[rt,rt_tuple] = gfroots(...);
[rt,rt_tuple,alpha] = gfroots(...);

rt = gfroots(f) finds all roots rt for a binary polynomial f(X) in the field

GF(2°'), where ord is the degree of the polynomial f(X). The output rt is a

column vector with its length less than or equal to the degree of f(X). rt = i
means that there is a root of a' ~*, where o is the element in GF(207d).

rt = gfroots(f,ord) finds all roots rt for binary polynomial f(X) in the field
GF(2°7%). GF(2°") is a field generated by the degree ord primitive polynomial.
ord is a positive integer that should be larger or equal to the degree of f(X).
When ord is a binary vector instead of a positive number, this function
assumes it represents a primitive polynomial that generates the field GF(Zdeg),
where deg is the degree of ord(X). deg should be greater than the degree of f(X).

rt = gfroots(f,ord,p) finds all roots rt for binary polynomial f(X) on
GF(2°79).

[rt,rt_tuple] = gfroots(...) outputs the roots rt and the m-tuple of rt.
Each row of rt_tuple represents the ord-tuple representation of rt.

[rt,rt_tuple,alpha] = gfroots(...) output the ord-tuple of 0(i , Where i=0,
1,..20M01,

rt = [i,],---k] means that the roots of f(X) are the elements o, o, ... aKin
GF(2°T9). The list of GF(p°) can be found by using

[tp,idx] = gftuple([-1 : p~ord-2],ord,p)
The function only outputs the distinct roots of the polynomial f(X) in the field.

gfprimdf, gfrepcov, hammgen



gfsub

Purpose

Syntax

Description

See Also

Subtract two polynomials or elements in GF(p) or GF(pM)

c = gfsub(a,b);
c = gfsub(a,b,p);
c = gfsub(a,b,c,p,len);

c = gfsub(a,b) is the same as gfadd, which calculates the sum of two GF(2)
polynomials. The polynomials are in ascending order, i.e, the input vector
a-= [al a, ag ... a,_4 a,| represents the polynomial

a(X) = al+a2X+a3X2+ ..... +a,_1X +a, X

As defined in GF(2), all elements in a should be either 1 or 0.

c = gfsub(a,b,p) subtracts polynomials b from b in GF(p) for a given prime
p. When p is a matrix that lists all elements in GF(pM), this function takes the
elements in a and b as powers of a in the exponential representation of GF(p™).
The output ¢, a column vector, is a® = a? - a? in GF(pM).

You can generate a list of all elements in GF(p™) by using:
p = gftuple([-1 : p*m-2]",m,q)

c = gfsub(a,b,p, len) subtracts GF(p) polynomial b from a. The resulting
GF(p) polynomial c keeps the given length 1en. When l1en is a negative number,
the length c equals degree(c) + 1.

gfadd, gfmul, gfdiv, gfconv, gfdeconv
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gftrunc

Purpose
Syntax

Description

See Also
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Remove meaningless terms from a polynomial over GF(2)

9]
1

gftrunc(a);

c = gftrunc(a) removes all high order terms that have zero coefficients and
outputs a shortened form of the polynomial. The polynomial a must be in
ascending order, i.e, the input vector a =[a; a, az .-- a,_1 a,] represents
the polynomial:

a(X) = a; +a,X +r;13X2 +o.ota, X +a,X
where g; is either O or 1.

When a; , ,a;,,, -, a,are zeros and a; is nonzero, gftrunc returns
c= [al a, .. aj_; aJ

gfadd, gfmul, gfdiv, gftuple, gfprimck



gftuple

Purpose

Syntax

Description

Calculate the m-tuple expression of a polynomial over GF(p)

tp = gftuple(a,ord);
tp = gftuple(a,ord,p);
tp = gftuple(a,ord,p,prim_ck);

[tp,indx] = gftuple(...);

tp = gftuple(a,ord) converts GF(2) polynomial a to the ord-tuple
representation tp in GF(2°). A is a matrix with each row representing in
ascending order polynomial with A(i, :) = [a;1, ay, ... a,] representing

Ai(X) = ag +a,X +agX 4. +a,_ X" Z+a X

When ais a column vector or a scalar, each element represents a power of a in
the exponential representation of the finite field.

The primitive polynomial can be found by using the commands gfprimdf and
gfprimfd. When ord is a binary vector instead of a positive number, ord is
considered to be a primitive polynomial generating the field GF(2°"%), where
deg is the degree of ord(X).

tp = gftuple(a,ord,p) generates the m-tuple representation in GF(p).

tp = gftuple(a,ord,p,prim ck) is called only if ord is a polynomial. This
format checks whether ord is a primitive polynomial before further
computation.

[tp,indx] = gftuple(...) outputs the index form of the tuple in indx.

Note: When a is a vector, make certain whether it is a row or column vector. A
row vector represents a polynomial. A column vector denotes powers of a in
the exponential representation.

In the index representation, any negative number is equivalent to -Inf.
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Example This example prints the four-tuple representation table generated by the
primitive polynomial p(X) =1+ X + x*:
for 1=-1:274-2
[tp,indx] = gftuple(i,[1 1 0 0 1]);
st = num2str(indx);

if i==0,
disp("Index number | 4-Tuple representation®);
end;

disp([st,setstr(ones(1,12-length(st))B2),“ |
“ mat2str(tp))

end
Algorithm This function uses recursive callbacks in determining the index.
See Also gfadd, gfmul, gfdiv, gfprimck
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gfweight

Purpose

Syntax

Description

See Also

Calculate the Hamming weight of a block code based on a generator matrix or
a parity check matrix

wt
wt

gfweight(g);
gfweight(g,gh_flag);

The Hamming weight of a block code is defined as the minimum Hamming
distance between any two codewords. The Hamming distance is defined as the
number of elements that differ between two codewords. For example, [1 0 0]
and [1 0 1] have a Hamming distance equal to 1.

wt = gfweight(g) outputs the Hamming weight of the given generator matrix g.

wt = gfweight(g,gh_flag) outputs the Hamming weight based on the given
generator matrix, parity check matrix, or generator polynomial. When
gh_flag="gen", g is a generator matrix. When gh_flag="par", g is a
parity-check matrix. When gh_flag=n, where n is a positive integer in
specifying the order of the generator polynomial, g is a generator polynomial.

Hammgen, bchpoly
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hammgen

Purpose

Syntax

Description

5-104

Produce a parity-check matrix and a generator matrix for Hamming code

h hammgen(m) ;

h hammgen(m,p) ;

[h.gl = hammgen(...);
[h.g.n,k] = hammgen(...);

Hamming code is a class of perfect codes. Given a positive integer m<3, the
parameters of the Hamming code are provided in this table:.

Parameters Number

number of information bits n=2m-1
Code length k=2"-m-1

Parity-check length m=n-K

Error-correcting capability t =1 (minimum distance is 3)

h = hammgen(m) produces m-by-n parity-check matrix of Hamming code
provided a given positive integer m. The function gfprimf generates the GF(2)
primitive polynomial used in producing the Hamming code.

h = hammgen(m,p) produces a parity-check matrix of Hamming code provided
a given positive integer m and an mth degree GF(Z)}primitive polynomial p. p is

in ascending order so that p = [pl Py - Py_1 Pp| represents,

P(X) = pp+p,X+.... +pn_lxn_2+pnxn_l

[h,g] = hammgen(...) produces the k-by-n generator matrix, g, for Hamming
code as well as the parity-check matrix, h.

[h,g.n,k] = hammgen(...) produces the parity-check matrix, h, generator
matrix, g, and the dimension information n and k.



hammgen

Examples You can easily produce the parity-check matrix and generator matrix for any m
greater than or equal to 3. For example, the parity-check matrix, h and
generator matrix for m=3 are:

[h,g] = hammgen(3)
h =

10
0

o

1011
11

=
o
=
(@)

o
o
Ay
o
Ay
Ay
=

P P O Pk
OFr PPk
P R Pk O
O O O
O O r O
O pFr OO
= O O O

Algorithm Unlike gftuple which processes one m-tuple at a time, hammgen generates the
entire sequence from 0 to 2M-1. The computation algorithm uses all previously
computed values to produce the computation result.

See Also gftuple, gfrepcov, gfprimck
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hank2sys

Purpose

Syntax

Description

Algorithm

See Also
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Generate a discrete-time system model from a Hankel matrix

[num,den] = hank2sys(hankel,ini,tol);
[num,den,sv] = hank2sys(...);
[a.b,c,d] = hank2sys(...);
[a,b,c,d,sv] = hank2sys(...);

[num,den] = hank2sys(hankel,ini,tol) generates a single input/single
output system transfer function from the Hankel matrix hankel. The system
impulse response at time ini is based on the tolerance tol. The input Hankel
matrix must be a square matrix.ini and tol are scalar values. Parameters ini
and tol can be omitted, their default values are zero 0.01respectively. When
tol>1, ceil(tol) is the order of the output system. When tol<1, it is the
tolerance value used in selecting the singular value to determine the order of
the system.[num,den] are vectors that represent the numerator and
denominator of the system model transfer function.

[a,b,c,d] = hank2sys(...) outputs the state-space representation of a linear
system. [a,b,c,d] are matrices.

[a,b,c,d,sv] = hank2sys(...) includes a vector sv that contains the
singular values of the Hankel matrix.

This function uses singular value decomposition.

imp2sys



hilbaf

Purpose

Syntax

Description

Design an analog Hilbert filter

hilbaf;

hilbaf(Fc);

hilbaf(Fc,Ts);
hilbaf(Fc,Ts,Tol);

[num,den] = hilbaf(...);
[num,den,dly] = hilbaf(...);
[a,b,c,d] = hilbaf(...);
[a,b,c,d,sv] = hilbaf(...);

An ideal Hilbert filter is a non causal filter that has a transfer function

H(s) = - j sgn(s). Its impulse response is h(t) = 1/t/1. This implementation of
the Hilbert filter requires the addition of a time delay, which must be greater
than 0. This function uses a singular value decomposition method to design the
filter, and it uses a residue method to convert a discrete filter to an analog
filter.

There is a discontinuity in the impulse response of the filter. The output of the
analog Hilbert filter depends on the input signal frequency, the computation
time interval, and the time delay. See the function hi lbana for a discussion of
the compensator design for a Hilbert filter.

hi lbaf designs a fourth order analog Hilbert filter for a 1Hertz input signal.
The computation time interval defaults to 1/90 seconds and the delay is set to
7/180 seconds. This command plots the filter output for a 1 Hertz input signal.

hilbaf(Fc) designs a fourth order analog Hilbert filter for a Fc Hertz input
signal. The function sets the computation time interval to 1/Fc/90 and the
delay to 7/Fc/180 seconds. This command plots the filter output for a 1 Hertz
input signal.

hilbaf(Fc,Ts) designsan analog Hilbertfilter for a Fc Hertz input signal. The
computation time interval is Ts and the delay equals

(ceil (7/180/Fc/Ts) + 0.5)Ts. The function determines the order of the
filter using the calculation tolerance tol = 0.05. This command plots the filter
output for a 1 Hertz input signal.

5-107



hilbaf

See Also
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hilbaf(Fc,Ts,Tol) uses a specified tolerance. When tol is in the range (0, 1),
the order of the filter is determined by

truncated singular value

- - < tol
maximum singular value

[num,den] = hilbaf(...) outputs the numerator, num, and denominator, den,
of the analog Hilbert filter.

[num,den,dly] = hilbaf(...) outputs the filter time delay, dly.
[a,b,c,d] = hilbaf(...) outputs the state-space representation of the filter.

[a,b,c,d,sv] = hilbaf(...) outputs the singular values generated in the
computation.

hilbiir, hilbana
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Purpose

Syntax

Description

Hilbert transform filter design

hilbiir;

hilbiir(st);
hilbiir(st,dly);
hilbiir(st,dly,tol);
[num,den] = hilbiir(...);
[num,den,sv] = hilbiir(...);
[a,b,c,d] =hilbiir(...);
[a,b,c,d,sv] = hilbiir(...);

Function hilbiir designs a Hilbert transform filter. An ideal Hilbert
transform filter has the transfer function as H(s) = —jsgn(s), where j = /-1
and sign(.) is the sign function. The impulse response of the Hilbert transform

filter is h(t) = — Since the Hilbert transform filter is a noncausal filter, this

function introduces a time delay, dly. A Hilbert transform filter with this delay
1

m(t—dly)’

hilbiir designs a fourth order digital Hilbert transform filter with a one

second delay. The sample time is 2/7. In this particular design, the tolerance

index is 0.05. This format produces a plot of the impulse response of the filter

and, for comparison, the impulse response of the ideal Hilbert transform filter

with a one second delay.

has an impulse response h(t) =

hilbiir(st) designs a Hilbert transform filter with a sample time of st
seconds and a one second delay. The default value for tol = 0.05, which
determines the order of the filter. This format produces a plot of the impulse
response of the filter and, for comparison, the impulse response of the ideal
Hilbert transform filter with a one second delay.

hilbiir(st,dly) designs a Hilber transform filter with a sample time of st
seconds and a time delay of dly. The default value for tol = 0.05, which
determines the order of the filter. This format produces a plot of the impulse
response of the filter and a comparison of the ideal Hilbert transform filter with
a dly second delay.
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Algorithm

Examples
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hilbiir(st,dly,tol) designs a Hilber transform filter with a sample time of
st seconds and a time delay of dly. When tol < 1, the order of the filter is
determined by

truncated-singular-value

- - <tol
maximum-singular-value

When tol>1, the order of the filter is tol.This format produces a plot of the
impulse response of the filter and a comparison of the ideal Hilbert transform
filter with dly second delay.

[num,den] = hilbiir(...) outputsthe numerator and denominator of the IIR
filter's transfer function.

[num,den,sv] = hilbiir(...) outputsthe numerator and denominator of the
IR filter’s transfer function and the singular values of the Hankel matrix used
in the computation.

[a,b,c,d] = hilbiir(...) outputs the discrete-time state-space model of the
designed Hilbert transform filter. [a,b,c,d] are matrices.

[a,b,c,d,sv] = hilbiir(...) outputs the discrete-time state-space model of
the designed Hilbert transform filter and the singular-values of the Hankel
matrix used in the computation.

Since the filter design is an approximation, to get an accurate result dly should
be at least a few times larger than st. At the point t =dly, the impulse response
of the Hilbert transform filter can be interpreted as 0, —Inf, or Inf. In the
function, this point is set to be zero, if the point is encountered. To get an
accurate result, the point should be avoid. A suggested related between dly and
stis rem(dly,st) = st/2. For example, when dly is fixed, st could be chosen
as 2dly/N, where N is an positive integer.

hilbiir calculates the impulse response of the ideal Hilbert transform filter
response with delay. The response curve is fitted by using the SVD method
introduced in S.Y.Kung’s paper and refined in W.Wang's paper.

At the MATLAB prompt, type hilbiir or [num,den]=hilbiir for a default
value example.



htruthtb

Purpose
Syntax

Description

See Also

Generate a single error-correction logic matrix
trt = htruthtb(g);
This function generates a single error-correction logic matrix. It is based on the

Hamming code truth table generator.

trt = htruthtb(g) outputs a truth table for single error-correction code,
especially Hamming code. The input of this block is a N-by-K matrix, which
indicates the codeword length is N and the number of information bits is K. The
output of this function is an N-by-N matrix. The correction vector is
trt(syndrome, ), where syndrome is represented in a decimal form.

You can calculate the syndrome by typing:

syndrome = received_vectorlkranspose of_parity_check_matrix

decode, hammgen
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Purpose

Syntax

Description

Examples

See Also
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Generate a discrete-time system from an impulse response sequence

[num,den] = imp2sys(impulse,tol,ord);
[num,den,sv] = imp2sys(-..);
[a,b,c,d] = imp2sys(.-..);
[a,b,c,d,sv] = imp2sys(-..);

[num,den] = imp2sys(impulse,tol,ord) generates a single input/single
output linear system model from its impulse response sequence impulse based
on the specified tolerance tol. When tol>1, ceil (tol) is the order of the
output system. When tol<1, tol is the tolerance value in selecting the singular
value to determine the order of the system. The default value of tol is 0.01.
This function constructs a Hankel matrix for use in generating the
discrete-time realization. The size of the Hankel matrix can be specified by
variable ord; the default size is:

[num,den] contains the numerator and denominator of the system model
transfer function.

[a,b,c,d] = imp2sys(...) outputs the state-space representation of a linear
system. [a,b,c,d] are matrices.

[a,b,c,d,sv] = imp2sys(...) outputs a vector sv that contains the singular
value of the Hankel matrix.

You can use this code to compare the impulse response of a given model to the
output of the imp2sys:

[a,b,c,d] = drmodel(5,1,1);

imp = dimpulse(a,b,c,d,1,100);
[al,bl,c1,d1] = imp2sys(imp,5);
impl = dimpulse(al,bl,cl1l,d1,1,100);
plot([imp,impl]);

The impulse response of the two systems should match closely if the original
system is stable.

hank2sys
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Purpose Verify whether a number is prime

Syntax isp = isprime(x);

Description isp = isprime(x) returns 1 for the elements of x which are primes, 0
otherwise.

Examples Find all prime numbers less than or equal to 100:

X = [1:2:100];
primes_numbers = x(Find(isprime(x)==1))
prime_numbers =

3 5 7 11 13 17 19 23 29 31 37 41

43 47 53 59 61 67 71 73 79 83 89 97

See Also primes
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Purpose

Syntax

Description
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The Lloyd algorithm for scalar quantization parameter optimization using
training data

[partition,codebook] = lloyds(training_set, ini_codebook);
[partition,codebook]

= lloyds(training_set, ini_codebook,tol);
[partition,codebook]

=lloyds(training_set, ini_codebook,tol,p_flag);
[partition,codebook,distortion] = lloyds(...);
[partition,codebook,distortion,rel_distor] = lloyds(...);

[partition,codebook] = Iloyds(training set,ini_codebook) optimizes
the scalar quantization parameters partition and codebook using the vector
training_set. ini_codebook is the initial guess of the codebook values. A
codebook length should be greater than or equal to 2. The output codebook has
the same length as ini_codebook. The output partition has its vector length
equal to the vector length of codebook minus 1. When ini_codebook is a scalar
integer, the function uses it as the desired codebook size. The optimization
processing ends when the relative distortion value is less than 10~/

[partition,codebook] = lloyds(training_set, ini_codebook,tol) uses
the user-specified tolerance for the optimization termination criterion.

[partition,codebook] = lloyds(training_set, ini_codebook, tol ,p_flag)
plots the original signal, the optimized partition, and codebook in a figure.

[partition,codebook,distortion] = lloyds(...) outputs the final
distortion value in the optimization.

[partition,codebook,distortion,rel_distor] = lloyds(...) outputs the
final relative distortion values in terminating the computation.

training_set should be the typical data for the signal to be processed. The
output partition and codebook from this function are optimized for the
training set only.
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Examples Train the quantization codebook and partition for a 3-bit transfer channel for
a sinusoidal transmission.

X = sin([0:1000]pi/500); % Generate a complete period of
sinusoidal signal.

[partition,codebook] = Iloyds(x,2"3)

partition =

-0.8118 -0.5502 -0.2727 0.0039 0.2781 0.5516 0.8118

codebook =

-0.9361 -0.5876 -0.4127 -0.1327 0.1405 0.4157 0.6876 0.9361

See Also compand, dpcmopt, quantiz
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Purpose

Syntax

Description
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Map a digital signal to an analog signal prior to modulation

modmap(method) ;
modmap(method, .. .);
y = modmap(x,Fd,Fs,method,...);

A digital modulation can be broken into two stages: digital to analog mapping
and analog signal modulation. Function modmap maps a digital signal to an
analog signal, so that the analog signal is ready for modulation. You can specify
the type of modulation you want to use by specifying the string variable
method. The output variable, y, is a signal ready for analog modulation. The
size of variable y varies depending on which modulation method you choose.
The table below lists the types of modulation available:

Method Digital Modulation Scheme Output Modulation
Size Method

"ask” M-ary amplitude shift-keying m-by-n “am®
modulation

"fsk” M-ary frequency shift-keying m-by-n “fm*"
modulation

"msk* Minimum shift-keying m-by-n “fm*
modulation

"psk” M-ary phase shift-keying m-by-2n "gam”
modulation

"qask” Quadrature amplitude m-by-2n "gam”
shift-keying modulation

"sample Sampling Fd frequency signal to m-by-n open

) Fs frequency signal

In the table,

m = row_number_of x[Fs/Fd;
n = column_number_of x;
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where x is a vector, row_number_of_x equals the vector length of x, and the
column_number_of_x equals 1. In the cases where the output size equals
m-by-2n, the odd humbered columns contain the in-phase component and the
even numbered columns contain the quadrature component. You can modulate
the output of this function by using either amod (with a method listed on the
right hand column of the above table) or dmod (with */nomap® appended to the
method string). For example:

x = randint(100,1,4);

y = modmap(x,1,10,"qask",4);

z1 = amod(y,3,10,"gqam");

z2 = dmod(y,3,1,10, "gask/nomap” ,4);

In this example z1 is exactly the same as z2. Both z1 and z2 equal z3 as given
by:
z3 = dmod(x,3,1,10, "gask",4);

modmap(method) provides more detailed help on a specific modulation method.
The variable method is a string chosen from the above method listing.

modmap(method, - . .) plots a constellation of the given method with specified
parameters.

y = modmap(x,Fd,Fs,method, - . .) modulates the digital message signal x
with carrier frequency Fc (Hertz) and simulation sample frequency Fs (Hertz).
The output signal y has sampling frequency Fs, and the input signal x has
sampling frequency Fd. Fs/Fd must be a positive integer. Input x can be a
vector or a matrix. When it is a matrix, each column of x is processed
independently. The row number of the output matrix y is:

Fs/Fdrow_number_of x

The time interval between two consecutive points in y is 1/Fs while the time
interval between two consecutive points in x is 1/Fd. The variable Fs can be
either a scalar or a two-element vector. The first element is the sample
frequency; the second element, if present, is the initial phase in the carrier
signhal modulation. The initial phase u is in radians; the default initial phase is
zero.

method = 'ask’
modmap(~ask",M) plots the M-ary ASK constellation.
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y = modmap(x,Fd,Fs, "ask™) maps the input signal x using the M-ary
amplitude shift-keying method. All elements in x are non-negative integers.
The input integer is in the range [0,M-1]. M = 2K, where K is the minimum
integer that satisfies the inequality max(x)<2K.

y = modmap(x,Fd,Fs, "ask”,M) specifies the M-ary number M.

method = 'fsk’
modmap("fsk",M) plots the FSK constellation.

y = modmap(x,Fd,Fs, "fsk") maps the input signal x using the frequency
shift-keying method. All elements in x are non-negative integers. The range of
the input integers is [0,M-1], where M = 2K K is the minimum integer
satisfying the inequality max(x)<2". The tone space, i.e., the frequency
separation between successive frequencies, defaults to tone = 20Fd/M.

y = modmap(x,Fd,Fs, "fsk",M, tone) specifies the input digital signal range M
and the tone space tone.

method = 'msk’
modmap("msk" ,M) plots the MSK constellation.

y = modmap(x,Fd,Fs, "msk") maps the input signal x using the minimum
shift-keying method. All elements in x must be binary numbers. The tone space
defaults to tone = Fd.

method = 'psk’
modmap(“psk”,M) plots the M-ary PSK constellation.

y = modmap(x,Fd,Fs, "psk™) maps the input signal x using the phase
shift-keying method. All elements in x are non-negative integers. The range of
the input integers is [0,M-1], where M = 2K K is the minimum integer that
satisfies the inequality max(x)<2.

y = modmap(x,Fd,Fs, "psk”,M) specifies the input M-ary number M.

method = 'gqask’
This function supports three constellations: square, circle, and arbitrary
constellations.
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The square constellation has a square shape, which is determined by a M-ary
number M. Usually, M=2K, where K is a positive integer. The maximum in-phase
and quadrature values in the constellation and the output variable y are:

Mm=2K In-phase Quadrature
2 1 1

4 1 1

8 3 1

16 3 3

32 5 5

64 7 7

128 11 11

256 15 15

A circle constellation is defined by using three equal length vectors. These
three vectors are:

= noc (Number of symbols on each circle),
= roc (Radii on each circle), and
= poc (Phase shift on each circle, in radian).

The M-ary number of this block equals the summation of all elements in noc.
Let noc be [Ny, N,,..., N¢]; roc be [Ry, Ry,..., Ry]; @and poc be [Py, P,,..., P¢]. Then the
ith circle has N elements, i = 1, ..., N. The N; points are evenly distributed on
the ith circle with their radii equal R,. One of the points on the ith circle has
phase P,. In another words, the N; points on the circle are located at the
positions:

. 21 . 21(N;-1)
iP, J%i*ﬁim J%ﬁT
R;e" " R;e .. R;e

The elements in the vectors noc and roc must be positive. For a correct
demapping, there should be no repeating points.
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You can define an arbitrary constellation by using two equal length vectors.
The two vectors specify the in-phase component, in_phase, and the quadrature
component, quad. The M-ary number of the mapping equals the length of the
vectors. The in-phase value and the quadrature value of symbol i,i = 0,
1,..., M-1, are defined in the (i+1)th element in the in_phase vector and in
the quad vector respectively.

modmap("gask* ,M) plots the square QASK constellation.

modmap("gask/arb*, in_phase,quad) plots the user-defined arbitrary QASK
constellation.

modmap("gask/circle” ,noc, roc,poc) plots the circle constellation.

y = modmap(x,Fd,Fs, "qask™) maps the input signal x using the square
constellation QASK method. All elements in x are non-negative integers. The
range of the input integers is [0,M-1], M = 2K, K is the minimum integer
satisfying the inequality max (x) <2

y = modmap(x,Fd,Fs, "qask”,M) specifies the M-ary number of the square
constellation QASK.

y = modmap(x,Fd,Fs, "qask/arb”, in_phase,quad) maps the input signal x
using the arbitrary constellation QASK method with the in-phase component
and quadrature component values provided in the variable in_phase and quad.

y = modmap(x,Fd,Fs, "qask/circle”,noc,roc,poc) maps the input signal x
using the circle constellation QASK method with the number of symbols on
each circle, radii for each circle, and phase shift for each circle specified in
variables noc, roc, and poc respectively.

method = 'sample’
y = modmap(x,Fd,Fs, "sample®) converts sampling rate Fd input signal x to
sampling rate Fs output signal y, where Fs>Fd and Fs/Fd is a positive integer.

amod, ademod, dmod, ddemod, amodce, ademodce, demodmap
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Purpose

Syntax

Description

Convert between octal and binary forms of a convolutional code transfer
function matrix

[tran_func,code_param] = oct2gen(gen);
gen = oct2gen(tran_func,code_param);

Assume the convolutional code isa (N,K,M) code, which means that the word
length is N, number of information bits is K, and the maximum degree among
all transfer functions is M. We use a three element vector code_param to
represent the code parameter, i.e., code_param=[N,K,M].

The binary transfer function matrix trans_func is a K-by-NC(M+1) binary
matrix. tran_func can be written as the following form:

tll tlz 'EEl th
tran_func =

teq tko - tkn

where tij is alength M+1 binary row vector, which is the transfer function from
ith input to jth output. The row vector t;; represents an ascending ordered
polynomial. For example the (2,1,4) convolutional code

[1+x3+x4 1+x+x2+xﬂ
can be represented by the code_param=[2,1,4] and
tran_func = [1 00111110 1]
The octal form of the transfer function matrix gen has the form of

9112 912 - 91N
gen =

k1 9k2 - 9kN

in which 9ij is the ith input jth output octal form transfer function. Note that
the binary form of the transfer function is in ascending order, the octal form is
also a conversion of the binary vector along the ascending direction. Taking the
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Examples

See Also
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same example as we have used above, the octal form of the transfer function
gen is:

gen = [46 72

[tran_func, code_param] = oct2gen(gen) converts an octal form of the
transfer function matrix gen into a binary form of the transfer function
tran_func. The function converts gen into the convolutional code parameter
code_param = [N,K,M] and the convolutional code transfer function
tran_Tfunc.

gen = oct2gen(tran_func,code_param) converts a binary form of the transfer
function matrix tran_func and code_param into a octal form of transfer
function matrix gen.

Take the example of converting the octal form of transfer function in the
example in sim2gen to binary form and transfer it back to the octal form.

gen = sim2gen("fig_10_9%);
[tran_func,code_param] = oct2gen(gen)
tran_func =

100000111
000100101

code_param =

322

gen2 = oct2gen(tran_func,code_param)
gen2 =
407
045
sim2gen



primes

Purpose Generate a list of prime numbers
Syntax p = primes(n);
Description p = primes(n) generates a row vector p, which contains the prime numbers

less than or equal to n.

See Also isprime
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Purpose

Syntax

Description

See Also
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QASK square constellation demapping computation

msg = gaskdeco(x,y,m);
msg = gaskdeco(x,y,m,minmax);
msg = gaskdeco(x,y,m) demaps the message signal msg from the in-phase

component value specified in x and quadrature component value specified iny.
The multiple value m must be a positive integer number that is the power of 2.
The function uses the default minimum and maximum values of the in-phase
component and quadrature component, which are provided in the table in
function gaskenco.

msg = qgaskdeco(x,y,m,minmax) specifies the in-phase and quadrature
component minimum and maximum values in variable minmax. minmax is a
2-by-2 matrix

in_phase_min in_phase_max
guadrature_min quadrature_max

minmax =

qaskenco, decode, demodmap
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Purpose

Syntax

Description

See Also

QASK square constellation mapping computation

qaskenco(m)
qaskenco(msg, m)

[x,vy] gaskenco(m)
[x,v] gaskenco(msg,m)

gaskenco(m) plots the square constellation for QASK with given M-ary
numbers in m. m must be power of 2.

gaskenco(msg,m) plots the location of the digital signal msg with the M-ary
number given in m. The elements in msg must be integers in the range [0,m-1].

[x,y] = gaskenco(m) outputs the square constellation points for 0:m-1. The
in-phase values are provided in x and the quadrature points are provided in y.

[x,y] = gaskenco(msg,m) maps the message signal msg into in-phase
component in x and quadrature component iny. mis the M-ary number and the
elements in msg must be integers in the range [0,m-1].

The output maximum numbers are:

m=2K In-phase Quadrature
2 1

4 1 1

8 3 1

16 3 3

32 5 5

64 7 7

128 11 11

256 15 15

encode, modmap, gaskdecode
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Purpose

Syntax

Description

See Also
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Produce a quantization index and a quantized output value

indx = quantiz(sig,partition);
[indx,quant] = quantiz(sig,partition,codebook);
[indx,quant,distor] = quantiz(sig,partition,codebook);

This function performs quantization using the parameter partition. The
vector partition must be a strictly ascending ordered real vector. Assuming
the vector length of partition is N-1, the value of index is one of the N integers
in the range [0,N-1]. The output index equals:

<« 0 if the signal sig is less than or equal to partition(1),

- i if the signal sig is larger than partition(i) but less than or equal to
partition(i+1), and

< N-1 if the signal sig is larger than partition(N-1).
codebook holds the values assigned to each partition in the quantization; the

value for indx=i-1 is in codebook(i). For a length N-1 partition, the
codebook length must be N.

indx = quantiz(sig,partition) produces a quantized index indx. indx has
the same length as the signal vector sig.

[indx,quant] = quantiz(sig,partition,codebook) produces the quantized
value in quant.

[indx,quant,distor] = quantiz(sig,partition,codebook) outputsdistor,
the estimated distortion value of this quantization data set.

Note: There is no dedicated function for the decode process for quantiz
because the decoding is as simple as:

quant = codebook(indx+1);

11oyds, dpcmenco, dpcmdeco
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Purpose

Syntax

Description

See Also

Randomly add ones into a zero vector

out = randbit(n,m);
out = randbit(n,m,prob);
out = randbit(n,m,prob,seed);

out = randbit(n,m) generates an n-by-m zero matrix with a single 1 placed in
random positions in each row.

out = randbit(n,m,prob) generates an n-by-m zero matrix with ones placed
into random positions. The probability of a single 1 in a row is specified in the
first element of the vector prob. The probability of double 1s in a row is
specified in the second element of the vector prob, and so on. The vector length
of prob cannot be larger than m, the column size of the zero matrix. The element
value in prob must be in the range [0, 1], sum(prob) must be less than or equal
to one.

out = randbit(n,m,prob,seed) specifies the seed in the random number
generation.

rand, randint
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Purpose

Syntax

Description

Examples

See Also
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Uniformly distributed random integer and matrix generator

out = randint(n);

out = randint(n,m);

out = randint(n,m,range);

out = randint(n,m,range,seed);

out = randint(n) generates an n-by-n uniformly distributed random binary

matrix.

out = randint(n,m) generates an n-by-m uniformly distributed random binary
matrix.

out = randint(n,m, range) generates an n-by-m uniformly distributed integer
matrix with the minimum and maximum number specified in the length 2
vector range. When the input variable range is a positive integer, the range
is automatically set as [0, range-1].

out = randint(n,m, range,seed) generates random numbers using the given
seed.

To generate an evenly distributed 10-by-10 matrix with the elements of the
matrix in the range from 0 to 7, you can use either one of the following
commands.

out = randint(10,10,[0,7])
out = randint(10,10,273)
rand
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Purpose

Syntax

Description

Raised cosine FIR filter design

rcosfir(R);

rcosfir(R,n_T,rate,T);
rcosfir(R,n_T,rate,T,color);
rcosfir(R,n_T,rate,T,Filter_type);
rcosfir(R,n_T,rate,T,filter_type,color)
b = rcosfir(...)

[b,sample_time] = rcosfir(...)

The time response of the raised cosine filter has the form of

. congTm%
— cin~lt0l
h(t) = SmCEﬂ'D—4R2t2
1—
TZ

rcosfir(R) produces time response and frequency response plots of the raised
cosine filter at given rol l1off factor Rwith default n_Tvalue [-3, 3], default rate
value 5, and default T value 1.

rcosfir(R,n_T,rate,T) produces the time and frequency responses of the
raised cosine filter at a given rol loff factor R. R is limited to the range of
0<R<1. n_Tisalength two vector that indicates the number of T windows
before and after zero. The default value for n_T is [-3, 3]. The parameter rate
is the sample point in each T, or, the sampling rate of the filter is T/rate. The
default value of rate is 5. The order of the FIR filter is:

(n_T(2)-n_T(1))rate
T is the duration of the digital bit. The default value of T is 1.

rcosfir(R,n_T,rate,T,color) produces time and frequency responses of the
raised cosine filter and a curve plot with the specified color. The choices for
color are the same as those listed for the plot function.
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rcosfir(R,n_T,rate,T,filter_type) produces time response and frequency
response plots of a square root raised cosine filter if filter_type == "sqrt".
The impulse response of a square root raised cosine filter is:

. t
smgl —r)n_T_%

t
4r_T_

t
/e 18

t
coS %1 + r)n_T_%+

h(t) = 4r

rcosfir(R,n_T,rate,T,filter_type,color) produces time and frequency
responses with the curve color specified in the string variable color.

b = rcosfir(...) returns the raised cosine FIR filter. The size of vector b is
(n_T(2) - n_T(1))rate + 1.

[b,sample_time] = rcosfir(...) returns the FIR filter and its sample time.

Examples A simple example to compare the difference between different rol 1off factors
can be done by using these commands:

rcosfir(0);

subplot(211); hold on;
subplot(212); hold on;
rcosfir(.5.[1.00.00.00."r-");
rcosfir(1,[1.01.01.01.79-7);

See Also rcosiir
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Purpose

Syntax

Description

Filter the input signal using raised cosine filter

= rcosflt(x,Fd,Fs);

= rcosflt(x,Fd,Fs,type_flag);

= rcosflt(x,Fd,Fs, "filter",num);
rcosflt(x,Fd,Fs, "Ffilter®,num,den);

= rcosflt(x,Fd,Fs,type_flag,delay);

= rcosflt(x,Fd,Fs,type_flag,delay,r);

= rcosflt(x,Fd,Fs,type_flag,delay,r,tol);
[y,t] = rcosflt(...);

KKK KKK
1

Function rcosflt passes an input signal through a raised cosine filter. You can
specify the raised cosine filter by the numerator and denominator of the filter’s
transfer function. The function designs a raised cosine filter if the one is not
given.

y = rcosflt(x,Fd,Fs) filters the input signal x using a raised cosine FIR
filter. The sample frequency for the input digital signal x is Fd, and the sample
frequency for the output signal y is Fs. Fs must be larger than Fd, and Fs/Fd
must be an integer. The row number of y (or vector length of y) is:

Fs/Fdrow_number_of x

The other default values are:

Variable Name Description Default Value
r rolloff factor 0.5

delay filter time delay 3

type_flag filter type 'fit/normal’
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y = rcosflt(x,Fd,Fs,type_flag) gives specific computation instructions in
string variable type_flag. The table below lists the types of designs available:

Type_flag Meaning

“fir" Design an FIR raised cosine filter before filtering the input
signal.

“iir- Design an IR raised cosine filter before filtering the input
signal.

“normal " The designed filter is a normal raised cosine filter.

"sqrt” The designed filter is a square root raised cosine filter.

“wdelay” Keep the full length of the filtered result. In this case, the

row number of y (or the vector length of y) equals
(length_of_x + delay)[Fs/Fd.

"Fs* The input variable x has sample frequency Fs instead of the
default Fd. In this case, only element x(i(Fs/Fd + 1,:) is
used in the calculation. All other elements in x are ignored.

“filter" Specify the transfer function of the filter. Provide the
numerator of the filter for an FIR filter; provide the
numerator and the denominator for an IIR filter.

"defaul t” Use all default settings, which means design a normal FIR
raised cosine filter, and cut off the extra length of the delay.
Input signal has frequency Fd.

The instructions can be combined together by using a "/ to separate the
individual instructions. For example, "iir/sqrt/wdelay/Fs" is a valid
type_flag string. The specified instructions cannot be contradict each other.
For example, "fir/iir® and "normal/sqrt*® are not valid instructions.
Specifying 'default' with any other combinations results in the override of all
other instructions; in this case, the function uses only the default settings in
the filter design.

y = rcosflt(x,Fd,Fs, "filter",num) passes input signal x through an FIR
filter given in num.
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y = rcosflt(x,Fd,Fs, "filter",num,den) passes input signal x through an
IR filter. The numerator and the denominator of the filter is given in num and
den respectively.

y = rcosflt(x,Fd,Fs,type_flag,delay) specifies the time delay in the
raised cosine filter design. The value in delay is a positive integer. The actual
time delay is delay/Fd in the filter design.

y = rcosflt(x,Fd,Fs,type_flag,delay,r) specifies the rolloff factor r. In
general, it is a real number in range [0, 1].

y = rcosflt(x,Fd,Fs,type_flag,delay,r,tol) specifies the tolerance in the
IR filter design.

[y.,t] = rcosflt(...) outputs the sampling time points for the output vectory.

rcosfir, rcosiir, rcosine
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Purpose

Syntax

Description
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Raised cosine IIR filter design

rcosiir(R);

rcosiir(R,T_delay,rate,T,tol);
rcosiir(R,T_delay,rate,T,tol,filter_type);
rcosiir(R,T_delay,rate,T,tol,filter_type,color);
[num,den] = rcosiir(...);

[num,den,sample_time] = rcosfir(...);

rcosiir(R) produces time and frequency response plots of the raised cosine
IR filter. n_t has the default value 3, rate the default value 5, T the default
value 1, and tol the default value 0.01.

rcosfir(R,n_T,rate,T,tol) produces time and frequency response plots of a
raised cosine IIR filter. The parameters of the filter are the same as those
described in the function rcosfir. R is the rol 1off factor; its value is limited
to 0<R< 1. n_T specifies how many times of T delay it would be.n_T is a
positive integer. The default value of n_T is 3. rate is a integer specifying the
sample pints in each T. The default value of T is 1. tol is the tolerance value
that determines the order of the IIR filter. If tol<l, tol is the tolerance factor.
If tol >=1, ceil (tol) is the order of the IIR filter. The default value of tol is
0.01.

rcosiir(R,n_T,rate,T,tol,filter_type) produces a square root raised
cosine filter if fFilter_type == "sqrt".

rcosfir(r,n_T,rate,T,tol,filter_type,color) produces time and
frequency responses with the curve color specified in the string variable color.

[num,den] = rcosfir(...) generates the transfer function of the raised
cosine FIR filter. The size of vector b is (n_T(2) - n T(1))Orate + 1.

[num,den,sample_time] = rcosfir(...) returns the transfer function and
sample time of the FIR filter.
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Examples A simple example to compare the difference between different delay taps can
be done by using these commands.

rcosiir(0,10);

subplot(211); hold on;

subplot(212); hold on;

col = ["r-";"g-";"b-";"m-";"c-";"w-"1;

R = [8,6,4,3,2,1];

for i =R
rcosiir(.0,i,[1.[1.0[1.[0,col(find(R==1),:));

end;

From this example, you can see the frequency response of the filter
approximate to the idea raised cosine filter with increased T-delay value.

See Also rcosfir
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Purpose

Syntax

Description

See Also
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Design a raised cosine filter

num = rcosine(Fd,Fs);

[num,den] = rcosine(Fd,Fs,type_flag);

[num,den] = rcosine(Fd,Fs,type_flag,delay);
[num,den] = rcosine(Fd,Fs,type_flag,delay,r);
[num,den] = rcosine(Fd,Fs,type_flag,delay,r,tol);

num = rcosine(Fd,Fs) designs a finite impulse response (FIR) raised cosine
filter. The input digital signal has frequency Fd. The sampling frequency for
the filter is Fs. Fs must be larger than Fd and Fs/Fd must be an integer. The
default rolloff factor is .5; and the time delay is 3, which means the filter delays
3/Fd second.

[num,den] = rcosine(Fd,Fs,type flag) designs a raised cosine filter using
a method specified in the string variable type flag. There are three possible
options for type flag:

< "iir", which directs the function to generate an infinite impulse response
(IR) filter.

<« "sgrt", which directs the function to generate a square root raised cosine fil-
ter.

= "default", which directs the function to generate an FIR, normal raised co-
sine filter. The default tolerance value in IR filter design is 0.01.

You can create suitable combinations of design methods; "sqrt™ with the "iir"
or "fir": "iir/sqrt", but combinations like "iir/fir" are not allowed.

[num,den] = rcosine(Fd,Fs, type_flag,delay) provides the time delay step.
The value in delay is a positive integer. The actual time delay is
delay/Fd in the filter design.

[num,den] = rcosine(Fd,Fs,type flag,delay,r) specifies the rolloff factor.
In general, it is a real number in the range [0, 1].

[num,den] = rcosine(Fd,Fs,type flag,delay,r,tol) specifies the tolerance
in the IR filter design.

rcosfir, rcosiir, rcosflt
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Purpose

Syntax

Description

See Also

The core of the Reed-Solomon decode calculation

msg = rscore(code,k,tp,dim,pow_dim);
[msg,err,ccode] = rscode(code,k,tp,dim,pow_dim);

msg = rscore(code,k,tp,dim,pow_dim) decodes a single row of codewords in
code vector using the Reed-Solomon decoding technique. The number of
information bits is k. The complete list of all members in GF(29™) is in tp. dim
isd_a positive integer. The codeword length is provided in pow_dim, which equals
201m_7

[msg,err,ccode] = rscore(code,k,tp,dim,pow_dim) outputs the message
signal msg, the error detected in the decoding err, and the corrected codeword
code.

Note that unlike the other encode/decode functions, this function takes an
exponential input in the processing. For example |:_|nf 012 J represents
01q g2 . inGFERYM. There are 2™ elements in GF(2™). Hence, the input
code represents 2™M(2™M-1) bits of information. The decoded msg represents

2Mk bits of information.

decode, encode, rsdecode, rsdeco
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Purpose

Syntax

Description
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Reed-Solomon decode computation with a choice of different formats

msg rsdeco(code,n,k);

msg rsdeco(code,n,k,type_flag);
[msg,err] = rsdeco(-...);
[msg,err,ccode] = rsdeco(-..);
[msg,err,ccode,cerr] = rsdeco(-..);

msg = rsdeco(code,n,k) decodes the binary message in msg using the
Reed-Solomon decoding technique. The codeword length is n, and the number
of information bits k; these values must agree with those used in rsenco to
encode the original message. A valid Reed-Solomon code should have its
codeword length n = 2™M-1, where m is an integer greater than or equal to 3, and
must have its number of information bits k<n. The input variable code must
have the same format as the output of rsenco. There are two possible input
formats for code:

= A column vector with length L or
< An L-by-m matrix.

In the column vector format, the output msg is an Lcl column vector where
Lcl = Lk/n. In the matrix format, the output msg is a Lc2-by-m matrix where
Lc2 = Lk/n. In either case, if Lc1 or Lc2 is not an integer, the function will
give error message and stop the decoding calculation. For faster calculation,
the codeword length n can be the list of all elements in GF(2™), a 2™M-by-m
matrix. You can generate this list using gftuple.

msg = rsdeco(code,n,k,type Fflag) specifies the format of code by using
type flag. There are three options for type flag:

<« "binary" specifies the binary representation for elements in code.

< ‘decimal’ specifies that the elements in code are base 10 integers in the range
[0, n-1].

< "power" specifies that the elements of code are in the power format for
GF(2™M). See the Tutorial for a discussion of the power format for Galois
fields. The elements in this representation are —-Inf and the integers 0 to n-1.
Any negative number in this form is equivalent to -Inf.
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Example

In either the "decimal’ or "power' case, the elements in code must match the
code type. In both these cases, code can be either:

= A length L column vector, in which case the output msg is an Lc column vec-
tor with Lc = LIk/n.

= An L-by-n matrix (note the dimensions are different from the "binary” case,
in which case the output code is a L-by-k matrix.

[msg,err] = rsdeco(.-.) outputs the number err, which specifies the
number of errors that occurred in the decoding of the message.

[msg,err,ccode] = rsdeco(.-..) outputs the corrected code. The format of
ccode matches the format of code in the input.

[msg,err,ccode,cerr] = rsdeco(...) outputs the number cerr, which
specifies the number of errors found in ccode column.

Example of using rsenco and rsdeco for error-control coding:

1 = 1000; % Bit number in calculation.

m = 4;

n=2m-1; % Set codeword length

k =n - 4; % Set Number of information bits, error

%correction capability.
msg = randint(l,1); % Testing 1000 bits transfer.
tp = gftuple([-1 : n-1]",m); % Generate the elements in

% gf(27m).
[code,added] = rsenco(msg,tp,k); % Encode.
noi = rand(length(code)/m,1) < .03; % Add 3% noise.
noi = (noilbnes(1l,m))";
noi = noi(:); % Construct noise for burst error.
code_noi = rem(code + noi,2); % Add noise.

[dec,err,ccode,err_c] = rsdeco(code_noi,tp,k); % Decode.
msg = [msg; zeros(added,1)]; % Pad msg length for comparison.

max(abs(dec-msg)) % Compare received to transmitted
% message.-
x = [1:length(noi)]; % x-axis for noise.

z =[1:mCh:length(noi)];
y=zeros(1, length(z2));
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z=[z;z];

y=[y+min(err_c);

y+max(err_c)];

subplot(211);

plot(x,noi,"yo",x,err_c,"rx",z,y,"g-"); % Placed vs. detected
error.

title("error detection record”®);

xlabel ("o--placed error;x--detected error;vertical bar: rs-deco

section.");

axis([1, length(noi),min(err_c),max(err_c)]);

x = [1:length(msg)]; % x-axis for msg.

z = [1:mk:length(msg)];

y=zeros(1, length(z2));

z=[z;2];

y=Ly:y+max(msg)];

subplot(212);

plot(x,msg, "yo",x,dec, "rx",z,y,"g-");

title("message and decoded signal comparison®);

xlabel("o--original message; x--decoded result.");

axis([1, length(msg),min(min(msg)) ,max(max(msg))1);

This example is a two-error correction case. If fewer than two burst errors occur
between the indication lines on the plot, the method is able to correct the error.

rspoly, rsenco, rsdecode, encode, decode
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Purpose

Syntax

Description

See Also

Reed-Solomon decoding for data in the exponential vector input/output format

msg rsdecode(code, k) ;

msg rsdecode(code, k, tp);
[msg,err] = rsdecode(.-.);
[msg,err,ccode] = rsdecode(-...);

This function accepts codewords in the exponential input format. For example
[_mf 012 } represents 0 1 a a> ... in GF(2™), where m is a positive

integer. There are 2™ elements in GF(2™). Hence, the input code represents
2M(2M-1) bits of information. The decoded msg represents 2™ Ok bits of
information.

msg = rsdecode(code, k) recovers the message information from codeword
code. code must be the output of rsenco, which uses Reed-Solomon encoding
technique. code is a matrix with a row length n = 2m -1, where m is a positive
integer no less than 3. k is the number of information bits, which is usually an
odd number. The error-correction capability of a Reed-Solomon code is t =
floor((n-k)/2). The recovered message stored in msg; the row number of msg
is the same as the row number of code. The column number of msg is k.

msg = rscode(code,k, tp) recovers the length k message from codeword code
with the elements of GF(2™) specified in tp. To speed up the process, we
recommend this format even if the GF(2™M) is a default format. You can
generate a default tp by using:

tp = gftuple([-1:2m-2]",m)

[msg,err] = rsdecode(...) provides the error correction information. A
non-negative integer in err indicates the number of errors corrected; a
negative integer indicates that there are more errors in the codeword than can
be corrected.

[msg,err,ccode] = rsdecode(...) outputs the corrected codeword.

encode, decode, rsdeco
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Purpose

Syntax

Description

See Also
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Reed-Solomon decoding for an encoded ASCII file

rsdecof(file_in,file_out);
rsdecof(file_in,file_out,err_cor);

This function is the inverse process of the function rsencof. It decodes an
rsencof encoded file.

rsdecof(File_in,Ffile out) decodes an ASCII file file_in, which must be
the output of rsencof. The codeword and message lengths are fixed at 127 and
117, respectively. The error-correction capability is 5 for every 117 message
characters and 127 codeword characters. The decoded message is written to
file out. Both file_in and file_out are string variables.

rsdecof(File_in,file out,err_cor) specifies the error-correction
capability for every 127 codewords. The message length is 127 - 2Cerr_cor.
The value in err_cor must match the value used in rsencof.

rsencof, encode, decode
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Purpose

Syntax

Description

Reed-Solomon encoding with various input/output formats

code rsenco(msg,n,k);

code rsenco(msg,n,k,type_flag);
code = rsenco(msg,n,k,type_flag,pg);
[code,added] = rsenco(--..);

Reed-Solomon code is specially designed to correct burst errors instead of
random errors. The function is designed to be able to take binary, decimal (non-
negative integers), and power formats.

code = rsenco(msg,n,k) encodes the binary message in msg by using
codeword length n, and number of information bits k. A valid Reed-Solomon
code should has its codeword length n = 2m-1, where m is an integer no less than
3 and should have its number of information bits k < n. The input variable msg
can be either a column vector with length L; or a L-by-m matrix. For the former
msg input, the output code is a Lc1 column vector with Lci=cei I (L/m/k)nh.
For the latter msg input, the output code is a Lc2-by-m matrix with

Lc2=cei l (L/k)[n. To speed up the calculation, parameter n can be changed to
a list of all elements in GF(2™), a 2M-by-m matrix.

code = rsenco(msg,n,k,type_flag) specifies the format of msg by using the
string variable type flag. There are three options for t type_ flag:

<« "pinary", the default option, specifies that the elements of code are in binary
format.

<« "decimal’specifies that the elements in msg are base 10 integers in the range
[0, n].

<« "power " specifies that the elements of code are in the power format for
GF(2™M). See the Tutorial for a discussion of the power format for Galois
fields. The elements in this representation are —Inf and the integers 0 to n-1.
Any negative number in this form is equivalent to -Inf.
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In either the "decimal’ or "power' case, the elements in code must match the
code type. In both these cases, code can be either:

= A length L column vector, in which case the output msg is an Lc column vec-
tor with Lc = LIk/n.

= An L-by-n matrix (note the dimensions are different from the "binary” case,
in which case the output code is a L-by-k matrix.

code = rsenco(msg,n,k,type_flag,pg) specifies the generator polynomial of
the Reed-Solomon code.

[code,added] = rsenco(. - .) outputs the number added, which is the number
of the elements added to msg based on whichever msg format it is.

The output code type will match the input msg data type. In the computation
in this function, the type is converted in the order as follows:

For the message format;

msg: binary —p decimal —p» power

For the codeword format:

code: power —p» decimal ——®» binary

rsdeco, encode, decode
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Purpose Reed-Solomon encoding for data in the exponential vector input/output format
Syntax code = rsencode(msg,pg,n);
Description code = rsencode(msg,pg,n) encodes the message msg using Reed-Solomon

code technique. pg is the generator polynomial. n is the codeword length. The
decode pair for this function is rsdecode.

Note that the elements of msg, pg, and code are in GF(2™) power form.

See Also rsdecode, encode, decode, rspoly
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Purpose

Syntax

Description

See Also
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Reed-Solomon encoding for an ASCII file

rsencof(file_in,file_out);
rsencof(file_in,file_out,err_cor);

rsencof(File_in,File_out) encodes an ASCII file specified in file_in using
(127, 117) Reed-Solomon code. The error-correction capability of this code is 5
(for every 127 characters). This function writes the encoded text to file

file out. Both file_in and file_out are string variables.

rsencof(Ffile_in, file_out,err_cor) specifies the error correction capability
for each 127 codewords. The message length is 127-2Cerr_cor.

rsdecof, encode, decode
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Purpose

Syntax

Description

Examples

See Also

Produce a Reed-Solomon code generator polynomial

Pg rspoly(n,k);
Pg rspoly(n,k,tp);
[Pg.t] = rspoly(...);

Reed-Solomon code is a burst-error correction code. The codeword length of a
Reed-Solomon code is n=2M-1 where m is a positive number larger or equal to 3.
The number of information bits k is a positive number less than n. The error
correction capability of a Reed-Solomon code is t = floor((n-k)/2). Since n s
an odd number, for efficiency of the coding, we recommend that k is an odd
number also.

Pg = rspoly(n,k) outputs the generator polynomial Pg of a Reed-Solomon code
with codeword length n, number of information bits k. The output Pg is a
polynomial in GF(2™M). Each element is represented by a power form.

Pg = rspoly(n,k,tp) produces generator polynomial using the specified
GF(2™) with its complete element listed in tp. tp is a (n+1)-by-m matrix where
n=2"-1. This parameter speeds up the calculation. When tp is a scalar, it
specifies m.

[Pg,t] = rspoly(...) outputs the error-correction capability of the
Reed-Solomon code.

The (15, 11) Reed-Solomon code generator polynomial can be obtained by

rspoly(15,11)
ans =
10 3 6 13 0

which means that the generator polynomial is
a0 4 3% + a®%2 + a B3 + x4

encode, decode, rsenco, rsdeco
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Purpose
Syntax

Description
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Produce a convolutional code transfer function in octal form
gen = sim2gen(sim_File)

sim2gen uses Simulink to define a specific structure of the convolutional code.
The blocks used in building a convolutional code are:

memory blocks Serve as the register blocks in convolutional code.
The initial condition of the code is always set to be
zero no matter what parameters have been set in
the Simulink memory block entry.

XOR logic Is the exclusive OR logic in a convolutional code
structure.
inport block Accepts the input. The inport number represents

the sequential number of the input switch.

outport block Defines the output sequence on the output side.

The edited convolutional block is used as an user interface only. You cannot use
it for simulation purpose.

gen = sim2gen(sim_file) reads in a Simulink block diagram in building a
convolutional code structure and outputs to a octal form transfer function
matrix. The definition of an octal form transfer function is defined in the
description for the function oct2gen. sim_file is a string that is the
convolutional code Simulink block diagram filename.
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Example

Limitation

See Also

We take (3,2,2) convolutional code as an example. The structure of the code is
taken from Figure 10.9 in reference . This figure shows the Simulink block
diagram generated by sim2gen:

B 1]
Inport Outport
Outportl
Outport2
XOR Logical
Operator2

- Memory
; Memory1 Logical

Logical Operatorl
Operator3

Figure 5-1: Simulink Block Diagram for (3,2,2) Convolutional Code

This Simulink block diagram is saved in fig_10_9.m. Using the function
sim2gen, the octal form of the transfer function can be obtained by using the
command:

gen = sim2gen(“fig_10_97)
gen =

407
045

No loops are allowed in the convolutional code structure. Use sim2tran if there
are feedback loops in the convolutional code structure. Only the memory, XOR,
Inport, and outport blocks are allowed in the Simulink diagram. The Simulink
block diagram used for this function cannot be used in Simulink simulation.

oct2gen, sim2tran, sim2log, gen2abcd, encode, decode

5-149



sim2logi

Purpose
Syntax

Description

Limitation

See Also
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Generate a nonlinear convolutional code transfer function
gen = sim2gen(sim_Ffile);

This function is a lower level function used called by the function sim2tran.
sim2logi builds a nonlinear convolutional code transfer function. Please refer
the reference page for sim2tran for a description of nonlinear transfer function
and an example of the construction of a nonlinear transfer function. This
function uses the Simulink delay block as a register in building nonlinear
transfer functions.

gen = sim2logi(sim_file) reads in a Simulink block diagram to build a
convolutional code structure and outputs a nonlinear transfer function matrix.
The transfer function is represented in a nonlinear system form. A nonlinear
system can be written as the difference equation:

x(k+1) = f(x(k), u(k))
y(k) = g(x(k), u(k))

where u(k) is the input vector, x(k) is the state, and y(k) is the output vector.
gen is a two-column matrix. The contents of the output gen are:

Inf N
gen= 1M K
uv

where N is the output vector length, K is the input vector length, M is the state
length, and U and Vv are column vectors with their length as 2K*M,

You can only use the Simulink unit delay block to represent the register. Any
other blocks with memory in the block diagram may cause errors in the
generation of the nonlinear transfer function. This is because there is no
specific way to distinguish the order of the registers. The Simulink block
diagram used for this function cannot be used in Simulink simulation.

encode, decode, sim2gen, sim2tran, gen2abcd
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Purpose
Syntax

Description

Produce a linear or a nonlinear convolutional code transfer function
gen = sim2tran(sim_file);

sim2tran uses Simulink to define a specific structure of the convolutional code.
The transfer function can be either a linear transfer function or a nonlinear
function.

Linear Transfer Function
The blocks used in building a linear convolutional code transfer function are:

memory blocks Serve as the register blocks in convolutional code.
The initial condition of the code is always set to be
zero no matter what parameters have been set in
the Simulink memory block entry.

XOR logic Is the exclusive OR logic in a convolutional code
structure.
inport block Accepts the input. The import number represents

the sequential number of the input switch.

outport block Defines the output sequence on the output side.

The edited convolutional block is used as an user interface only. You cannot use
the block diagram for simulation purposes.

gen = sim2tran(sim_file) reads in a Simulink block diagram to build a
convolutional code structure and outputs a transfer function matrix. The
transfer function is represented in a linear system form, which can be written
as a difference equation:

x(k +1) = Ax(k) + Bu(k)
y(k) = Cx(k) + Du(k)
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where u(k) is the input vector, x(K) is the state, and y(k) is the output vector.
Multiplication and addition are binary calculations. This function outputs the
transfer function in this form:

A B
C D

gen=

where V is a column vector with its first three element being the output vector
length, the input length, and the state vector length. The last element of the
vector is assigned to be -Inf.

Nonlinear Transfer Function
The blocks used in building a convolutional code are:

unit delays Serve as register blocks in convolutional code. The
initial condition of the code is always set to be zero
no matter what parameters have been set in the
Simulink memory block entry. The sample time is
disregarded in generating the transfer function.

XOR logic Is the exclusive OR logic in a convolutional code
structure.
AND logic Is the binary multiplication logic in a convolutional

code structure.

inport block Accepts the input. The import number represents
the sequential number of the input switch.

outport block Defines the output sequence in the output side.

You cannot use any other Simulink blocks to build a convolutional code block
diagram. The convolutional code block diagram cannot be used for simulation
purposes.

gen = sim2tran(sim_file) reads in a Simulink block diagram in building a
convolutional code structure and outputs a nonlinear transfer function matrix.
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Examples

The transfer function is represented in a nonlinear system form, which can be
written as a difference equation:

x(k+1) = f(x(k), u(k))
y(k) = g(x(k), u(k))

where u(k) is the input vector, x(K) is the state, and y(k) is the output vector.
gen is a two-column matrix. The contents of the output transfer function gen
are:

Inf N
gen= M K
uv

where N is the output vector length, K is the input vector length, M is the state
length, and U and V are column vectors with their length equal to 2K+M,

See the Tutorial for a discussion of nonlinear transfer functions in
convolutional code.

This section provides two examples, a linear transfer function example and a
nonlinear transfer function example. Note the different blocks used in building
the linear and nonlinear transfer functions.
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Linear Transfer Function
We take (3,2,2) convolutional code as an example. A Simulink block diagram is
built as shown in the figure.

[1] > 1]
Inport Outport
Outportl
XOR Outport2
D Logical
Operator2
- Memory1 Logical Memory
Logical Operatorl
Operator3

The Simulink block diagram is saved as file fig_10_9.m. Using the function
sim2tran, the transfer function can be obtained by typing the command:

gen = sim2tran("fig_10_9%)
gen =

O O oOoOr o
= O O OO
P OR PR
B R OO R
S ONNW

-Inf

Using the command gen2abcd, you can further find [A, B, C, D] matricesin
the description.
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Limitation

See Also

Nonlinear Transfer Function
We take (3,2,2) convolutional code as an example. The structure of the code is
shown in the figure.

Inport Outport
Outportl
> XOR 1/z XOR > 1z | ;E

Outport2
|_>— AND

AA

The Simulink block diagram is saved as file nlconcd.m. Using the function
sim2tran, the transfer function can be obtained by typing the command:

gen = sim2tran("nlconcd®)
gen® =

INfF20013312222311300
3 20404151526263737

To build a linear convolutional code, you can use only the memory, XOR,
Inport, and Outport blocks in the Simulink diagram. The Simulink block
diagram used for this function cannot be used in Simulink simulation.

To build a nonlinear convolutional code transfer function, you can use only the
unit delay block to represent the register. Any other blocks with memory in the
block diagram may cause errors.

There is no specific way to distinguish the order of the registers. The Simulink
block diagram used for this function cannot be used in Simulink simulation.

sim2gen, sim2logi, gen2abcd, encode, decode
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Purpose
Syntax

Description

Examples

See Also
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Compare elements in two matrices to find the number of differences and the
ratio of the number of differences to the dimension of the matrices

[numb,rati] symerr(x,y);
[numb,rati] = symerr(X,y,direct);

symerr compares two matrices of equal dimensions and finds the number of
elements that do not agree. It also calculates the ratio of the number of
elements that differ to the dimension of the matrices. Here if the matrices are
m-by-n, the dimension is defined to be mCh.

direct = "row" or "column" specifies in which direction the comparison is to
occur.

See example in biterr.

biterr
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Purpose

Syntax

Description

Convert a vector into a matrix

mat vec2mat(vec,m);
mat = vec2mat(vec,m,ad_to);
[mat,err] = vec2mat(...);

mat = vec2mat(vec,m) converts vector vec into an m column matrix with row
priority arrangement. If the length of vec is not multiple of m, the function adds
0 to the matrix. The column number of the matrix equals:

ceil(length(vec),m)

mat = vec2mat(vec,m,ad_to) specifies the elements to be added. Variable
ad_to can be a vector or matrix. This function takes only the necessary number
of elements from ad_to to make the matrix. The extra elements in ad_to are
disregarded.

[mat,err] = vec2mat(...) outputs an integer err, which indicates how many
elements has been added to make the matrix.
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Purpose

Syntax

Description
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Decoding of convolutional code using the Viterbi algorithm

msg = viterbi(code,tran_func);

msg = viterbi(code,tran_func,memory_length);

msg = viterbi(code,tran_func,memory_length,tran_prob);

msg = viterbi(code,tran_func,memory_ length,tran_prob,plot_flag);

[msg,metric] = viterbi(...);
[msg,metric,survivor] = viterbi(...);

viterbi recovers the message msg from the received codeword, which must be
in the convolutional code format. The Viterbi algorithm is a maximum
likelihood method designed to detect messages from codewords. This function
can also generate trellis plots used to analyze the detection process.

msg = viterbi(code,tran_func) uses the Viterbi algorithm to recover the
message in code with the transfer function matrix provided in tran_func.
tran_func can be a linear, nonlinear, or octal form. See function oct2gen for
the format of the octal form of a transfer matrix, sim2gen for the linear format,
and sim2logi for the nonlinear format. code is a N column matrix received in
a binary symmetric channel (BSC). All elements in code are either one or zero.
msg is a K column matrix. The row number of msg will be the row number of
code minus (M-1).

msg = viterbi(code,tran_func,memory_length) specifies the maximum
memory length in the decoding process by an integer number memory_length.
The decode makes a decision based on the best metric in the limited memory
length. As a rule of thumb, when the memory length is defined not less than
50KOM, the decision is very close to optimal. When memory_length is defined
less or equals to zero, the memory_length is considered as no limit.

msg = viterbi(code,tran_func,memory length,tran_prob) recovers the msg
using the transfer probability provided in tran_prob. tran_prob is a three row
matrix. The first row specifies the receiving range, the second row the
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probability of a zero transmission to the receiving range, and the third row the
probability of signal one transfering to the receiving range. For example,

f119
"6 2 10
tran_prob = 2 111
5 3515
1 137
16 8816

means that signal 0 has 2/5 probability being received in range (-Inf, 1/10], 1/
3in range (1/10, 1/2], 1/5 in range (1/2, 9/10], and 1/15 in range (9/10, Inf).
Signal 1 has 1/16 probability being received in range (-Inf, 1/10], 1/8 in range
(1710, 1/2], 3/8 in range (1/2, 9/10], and 7/16 in range (9/10, Inf). The table below
illustrates the transition probabilities specified in the tran_prob matrix:

Receiving range (-Inf, 1/20] | (1/10, 1/2] | (1/2,9/10] | (9/10, Inf)
Signal zero transfer 2/5 1/3 1/5 1/15
probability

Signal one transfer 1/16 1/8 3/8 7/16
probability

A tree diagram below is another way of organizing the probability data:

2/5 (-Inf, 1/10]

(1/10, 1/2]

(1/2, 9/10]

(9/10, Inf)

code is transmitted in a discrete memoryless channel (DMC). When tran_prob
is simply a non-matrix scalar, the parameter is ignored. In case of tran_prob
is ignored, code must be transmitted in BSC.
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Examples
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msg = viterbi(code,tran_func,memory_length,tran_prob,plot_flag)

plots the trellis when plot_flag is a positive integer. When plot_flag is less
or equal to zero, this parameter is ignored. The function opens a figure with the
figure number equal to the value of plot_flag. The trellis figure has the time
as x-axis and transfer state as y-axis. The white lines are the possible transfers.
The yellow lines are the survivors in a single step calculation. The red lines are
the final survivor path. The numbers at the state points are the metric values
(when tran_prob is not specified, the numbers are Hamming distance values).

[msg,metric] = viterbi(...) outputs the metric value in the calculation.
When tran_prob is not specified, metric outputs the Hamming distance in the
calculation.

[msg,metric,survivor] = viterbi(...) outputs the codeword in the
survivor path.

Assume the transfer channel has the transfer probability as shown in the
following figure.

(-Inf, 0.1]

(0.1, 0.5]

(0.5, 0.9]

(0.9, Inf)
The transfer probability matrix is as follows.

tran_prob = [
-Inf, .1 5 .9
-4 3 .2 .1
21 .2 .3 .4];

Assume the receiver have received the following signal
r=[1.80;11.2;110;111; 0 .80; -8 .20; -80 1];

The convolutional transfer function matrix is a (3, 1, 2) structure with the octal
form of the transfer function being:

tran_func = [6 5 7];
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Using function viterbi, assuming the memory length is 5, the maximum
likelihood recovered message msg, the metric mtc, and the survivors suv can be
calculated by the following line:

[msg,mtc,suv] = viterbi(r,tran_func,5,tran_prob,1);

The trellis figure generated from the command is shown in the figure on the
next page. The survivors are:

suv = [111; 010; 110;011; 000; 000; 00 0];

The example is modified from example 11.1 in Reference .

State 3 3.842 — —
State 1 (1.921 3.592
\\ f
\ /
\ /
\
)
/ \
/ \
State 2 4 .01&/3
!
/
!
!
/
/
/
! \
State0 O 09 -4.62- — —6.416 — 683+——

Timao

Figure 5-2: A Trellis Path
The thicker lines form the path of the survivors.
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See Also sim2gen, oct2gen, convenco, encode, decode

Algorithm The dynamic programming method is used in the computation in this function.
See the Tutorial for a discussion of the implementation of this algorithm.
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The Simulink block library of the Communications Toolbox is shown below.
The structure of the library is arranged as a high level overview block diagram
of a typical single direction transmitting communication system. Each block in
this library contains a sublibrary. A sublibrary window opens when you
double-click on a block in this library.

Errar
Source » Egld-lirﬁg > control # Modulation — paitiple Transmitter
coding access | ™ filters I ¥
From other %
Source 0
n
To ather i
sink e
. . |
Errar Multiple | o Receiver |4
Sink [ dgco:ggl?r? —  control  —Dernodulatiorr—  3CEEES filters
4 decoding
i ot Utilities
Tutarial Swnchronization imisc Demos

Figure 6-1: The Simulink Block Library of The Communications Toolbox

This figure contains a comprehensive set of communication subsystems. A
specific implementation of a communication system may contain only some of
the subsystems provided in the Simulink block library.

In communication systems, transmission and receiving techniques are used
together. In most, but not all, cases, if a technique is used in the transmitting
side, the same technique should be used in the receiving side. For example, if
an amplitude modulation method is used in the transmission side, then an
amplitude demodulation method must be used in the receiving side in order to
recover the original signal correctly. Because the methods are used in pairs, the
transmitting and receiving blocks in the same category are arranged into the
same sublibrary. For example, double-clicking the Error-Control Coding block



or the Error-Control Decoding block opens the same block library window. This
chapter discusses the following sublibraries in the Simulink block library:
= Sources and Sinks of Communication Systems

= Source Coding in Transmitting and Receiving

=« Error-Control Encoding and Decoding

« Signal Modulation and Demodulation

< Multiple Access in Transmitting and Receiving

= Transmitting and Receiving Filters

= Channel

=« Synchronization

= Utilities

=< Error Analysis

The last item, Error Analysis, is not shown in the figure6-1. The functions in
this category are available only using MATLAB functions.

In the Communications Toolbox Simulink block library, there are two kinds of
blocks: function blocks and example blocks. Function blocks are ready-to-use
blocks for specific applications. Example blocks are cyan colored blocks with no
input or output ports. This toolbox provides example/demo blocks to show how
to use the function blocks. A block diagram window opens when you
double-click on an example/demo block.

Most of the blocks in the Simulink block library use “masking.” You can
unmask any block to find the details of the implementation. You can also
change the block implementation to meet your specific application needs.
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Sources and Sinks in Communication Systems

In a communication system, signal source, storage, and display play very
important roles. A signal source can be an analog signal, a digital signal, a
variable, or a computer data file. The task of the transmitting side of a
communi-cation system is to convert information into a signal that can then
transmit through the communication channel. The receiving side requires
storage and display elements. Communications engineers often store received
signals in such a way that the received signal is available for recall at any time.
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There are a number of special plots for communication system analysis. This
toolbox includes some of the most frequently used plots, such as eye-pattern,
scatter, and error-rate meter. This figure shows the Source and Sink
Sublibrary:
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Figure 6-2: Source and Sink Sublibrary
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Sources and Sinks Reference Table

This table lists the Simulink blocks in the Sources and Sinks sublibrary. (They
are listed alphabetically in this table for your convenience.):

Block Name

Description

Bernoulli Random Binary Noise
Generator

Binary Vector Noise Generator
Error-Rate Meter

Eye-Pattern & Scatter Plot
Gaussian Random Noise Generator
Poisson Random Integer Generator
Rayleigh Noise Generator

Rician Random Noise Generator
Sample Time Eye-Pattern Diagram
& Scatter Plot

Sampled Read From Workspace
Triggered Read From File

Triggered Read From Workspace

Triggered Write To File

Generates Bernoulli distributed
binary numbers

Generates arbitrary length vectors
with random 0’s and 1's

Calculates and displays symbol and
bit error rates

Generates eye-pattern diagrams
and scatter plots

Generates average white Gaussian
noise (AWGN)

Generates Poisson distributed
integers in a specified range

Generates Rayleigh distributed
noise

Generates Rician distributed noise

Generates eye-pattern diagrams
and scatter plots

Reads data from a workspace file at
specified sample times

Reads a row of data from a file when
triggered

Reads a row of data from a work-
space variable when triggered

Writes a row of data to a file when
triggered
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Block Name

Description

Triggered Write To Workspace

Uniform Random Integer Generator

Uniform Random Noise Generator

Vector Pulse

Writes a row of data to a workspace
variable when triggered

Generates uniformly distributed
integers in a specified range

Generates uniformly distributed
random noise

Generates a pulse train of vectors

6-7



Uniform Random Noise Generator

S e e
Unifarm

Catagory
Location

Description

Dialog Box

Equivalent
M-function

6-8

Noise Generator
Source/Sink Sublibrary

The Uniform Random Noise Generator block generates uniformly distributed
noise. The output data of this block is uniformly distributed between specified
lower and upper boundaries. The upper bound must be larger than the lower
boundary.

You must specify the seed in the simulation. When the seed is a fixed number,
the generated noise is repeatable.

When the seed is a vector, the output of the block is a vector with a length equal
to the length of the input seed. You can specify the boundaries of each element
of the output vector individually or, if all the elements of the output vector are
independent, identically distributed (i.i.d)., you can use a scalar for the
boundary. If the boundaries are vectors, the vector length must equal the seed
vector length.

i Uniform noise generator
Uniform noize generator [mazk]

Generate uniformly distributed noize between the upper

and lower baunds., The lower bound of the uniform distribution

noise.
FParameters
Moize lower bound: i i i )
0] The upper bound of the uniform distribution
N — noise. The vector size must be the same size as
12 the lower bound of the output.
Seed:
[12345 54321] — i Initialize the seed value. The vector size of the

seed sets the vector size of the output.

Apply | Fewvert | Help |

rand with control of upper and lower boundaries
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Gaussian . .
Gaussian Random Noise Generator
Catagory Noise Generator
Location Source/Sink Sublibrary
Description The Gaussian Random Noise Generator block generates white Gaussian noise.

You must specify the seed in the simulation. When the seed is a fixed number,
the generated noise is repeatable. When the input seed is a vector, the output
of the block is a vector of equal length.

The mean value and the covariance matrix can be either scalars or vectors.
When the mean value is a scalar, every element of the output signal shares the
same mean value. Likewise, when the covariance matrix is a scalar, every
element of the output signal shares the same variance and the elements are
uncorrelated each other.

When the covariance matrix is a vector, the vector size must be the same as the
vector size for seed. In this case, the covariance matrix is a diagonal matrix
with the diagonal element provided in the vector. Since the off-diagonal
elements are zero, the output Gaussian random variables are uncorrelated.

When the covariance matrix is a square matrix, the off-diagonal elements are
the correlations between pairs of output Gaussian random variables. Note that
in this case, the covariance matrix must be a positive semi-definite. The matrix
must be N-by-N, where N is the vector length of the seed.
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Dialog Box
i Gaussian noise generator
Gaussian noize generator [mask)
Generate Gaussian distibuted noise with given mean and
varniance value.
Specify the mean value of the random
Parameters .
. : variable output.
eah value:
[01]
Wieree (ashan  maity Specify the covariance between the output
[ — random variables.
Initial seed:
(100 200] — Initialize the seed.
Apply | Fewvert |
Equivalent
M-function rand with control of upper and lower boundaries
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Randorm int .
Uniform Random Integer Generator
Catagory Noise Generator
Location Source/Sink Sublibrary
Description The Uniform Random Integer Generator block generates uniformly distributed
random integers in the range [0, M-1], where M is the multiple number defined
in the dialog box.
The output vector has the same length as the input seed. The output of the
block is a vector when the input seed is a vector. The multiple number M can
be either a scalar or a vector. If it is a scalar, all the output random variables
are i.i.d. If the multiple number is a vector, its length must equal the length of
the seed; in this case each output has its own output range.
Dialog Box
i Random-integer generator
Fiandom integer generator [mask]
Generate integers randomly distributed in range [0, M-1],
where M iz the M-ary number.
Parameters Specify the multiple number(s), which must be a
e R positive integer. The integers generated in this
8 block are in the range [0, M-1].
Seed:
(1] 1 Initialize the seed. The vector length of the seed
sets the length of the output vector.
Apply | Fewvert | Help |
Equivalent
M-function randint
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Poisson Random Integer Generator

bl o~

Puaisson int

Catagory
Location

Description

Dialog Box

Equivalent
M-function
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Noise Generator
Source/Sink Sublibrary

The Poisson Random Integer Generator block generates random integers with
a Poisson distribution.

The Poisson probability density function is

R
Y—ge

where x is a non-negative integer and A is the Poisson parameter, which must

be positive. The probability density function gives the probability of the
appearance of a non-negative integer x in the block output sequence.

You can use the Poisson random integer generator to generate noise in a binary
transmission channel. In this case, the Poisson parameter A should be (much)
less than 1.

When the input seed is a vector, the output of the block is a vector of equal
length.

i Poizson int generator
Poizzon random integer generator [mask]
Generate Poizzon distributed random integers.

Specify the Poisson parameter A. When it is

) a scalar, every element in the output vector
arameters .

Lambda: shares the same A. When it is a vector, the
[13] vector length must be same as the seed’s.
Seed:

2] —i Initialize the seed.

Apply | Fewvert | Help |

poissrnd in the Statistics Toolbox
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B-vector

Binary Vector Noise Generator

Catagory
Location

Description

Dialog Box

Noise Generator
Source/Sink Sublibrary

The Binary Vector Noise Generator outputs a length N binary random vector,
where N is the Vector length. The appearance of the “1”s in the output vector
is uniformly distributed.

You can specify the entry for this block as a vector, [p1, p2, p3,...oM], where p1
is the probability of a single “1” in the binary vector, p2 is the probability of two
“1”s in the binary vector, p3 is the probability of three “1”s in the binary vector,
and so on. The vector size M must be less than or equal to the block output

m
length. Please note that Z p;<1. The probability of all zero vectors is
i=1

m
1—2 p; - The minimum vector size for this probability vector is 1 and the
i=1

maximum vector size for this vector is the vector length specified in Vector
length.

This block is useful in testing error-control coding algorithms.

i Binary vector noise generator
Binary noize generator [mask)

Generate a binary vector with contral over the number of
g

Paramet ;
SIAMEETs Specify the vector length N.

Binary vector length:

7

Probabilty of & "ane'" twa "ones” thres "ones' Specify the probability sequence. The sum of this
1/2 vector must be less than or equal to 1.

Seed:
12345 —+—— Initialize the seed.

Apply | Fewvert |
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Rayleigh Noise Generator

Rayleigh

6-14

Catagory
Location

Description

Dialog Box

Equivalent
M-function

Noise Generator
Source/Sink Sublibrary

The Rayleigh Noise Generator block generates Rayleigh distributed noise.

The Rayleigh probability density function is given by

g X
X 20°
f(X) =0 26 x=0
il
0 0 x<O

where 02 is known as the fading envelope of the Rayleigh distribution.

The block requires you to specify the seeds in the simulation. When the seed is
a fixed number, the generated noise is repeatable.

When the input seed is a vector, the output of the block is a vector of equal
length. The Fading envelope can be either a scalar or a vector with its length
equal to the length of the Seed. When the fading envelope is a scalar, every
element of the output signal shares the same fading envelope.

i Rayleigh noize generator
Fiayleigh noize generator [mazk)]
Generate Rayleigh distributed noize. The output vector

size of thiz block is the same as the vectar size of the
zeed.

Parameters

sgma: Specify o as defined in the Rayleigh probability
F density function.

Initial seed:
17658 —

Initialize the seed.

Apply | Fewvert |

raylrnd in the Statistics Toolbox
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Hician (K] L. .
Rician Random Noise Generator
Catagory Noise Generator
Location Source/Sink Sublibrary
Description The Rician Random Noise Generator block generates Rician distributed noise.

The Rician probability density function is given by

O x2+m2

E& nxg 20° -0
fx)=gz2lodz Xz

54 o

O

0 0 x<O

where 02 is the variance of the Gaussian distribution in generating the Rician
distribution noise. m?=m?+my?, where m; and mg, are the mean values of the two

independent Gaussian components used in constructing the Rician

distribution. Note that m and 02 are not the mean value and the variance for
the Rician distributed random number. Function 1,(.) is the modified Oth
order Bessel function of the first kind given by:

1 ycost
o) = g5f e et

You must specify the seeds in the simulation. When the seed is a fixed number,
the generated noise is repeatable.

When the seed is a vector, the output of the block is a vector of equal length.
The mean value and the variance can be either a scalar or a vector; in the
second case, the vector size must equal the seed vector size. When the mean
value (or variance) is a scalar, every element of the output signal shares the
same mean value (or variance).
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Rician Random Noise Generator

Dialog Box

i Rician noise generator]
Riician noize generator [mazk]

Generate Rician distibuted noize. The output vector size
of this black is the same as the vector size of the seed.

Specify the Rician K-factor, where

Parameters 2 2 2

Rician K-factar: K= E.nl +mQ%(20 )

2

r— Specify the variance is the variable 02 in the

1 above Rician probability density function.

Seed:

12345 — Note that the mean and variance specified are
not those of the Rician distribution, but of the

tooy | Revet | Hep | underlying Gaussian random variable.
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Bernoulli Random Binary Noise Generator

Category Noise Generator
Location Source/Sink Sublibrary
Description The Bernoulli Random Binary Noise Generator block generates Bernoulli

random binary numbers. The output of this block are binary numbers. The
probability of the zero output is p and the probability of the one output is 1-p.
Using probability notation, we have Py(0) = p; Px(1) = 1-p. The mean value of
the Bernoulli distribution is 1-p. The variance of the Bernoulli distribution is
p(1-p). The value of p must be no less than zero and no larger than one.

You must specify the zero occurring probability p in the simulation. When p
parameter is a vector in the entry, the output of this block is a vector with its
vector length the same as the parameter p. You need also to specify the seed in
the simulation. The seed parameter can be a scalar or a vector with the same
length as the vector p.

Dialog Box
i Bernoulli random binary generator
Bemoulli binary random number generator [mask)
Generate a Bernoulli random binary number. The output
length of thiz block equals to the vector size of p.
E—— The probability of outputing zeros. The output
26 appearance probabilty p: S|z_e of this block is the same as the vector size of
7 this parameter.
Seed:
12345 —il Initialize the seed value. The seed can be a scalar
or a vector with the same length as the vector in
Apply | Revert | Help | the first entree of this block.
Equivalent
M-function x = rand(n, m) > p;
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Triggered Read From Workspace
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Catagory

Location

Description

Dialog Box

Triggered Read

Source/Sink Sublibrary

Read a row of data from a workspace variable at the raising edge of the trigger
signal.

Unlike the Simulink Read From Workspace block, The Triggered Read From
Workspace block reads the workspace variable only at the raising edge of the
input signal to this block. There are four parameter entries to this block:
Workspace variable, Threshold, Repeat flag, and Output value

before first trigger.

The Workspace variable is a matrix with its column number being the vector
size of the output of this block. Before receiving any triggered signal, this block
outputs the value in Output value before first trigger. When the trigger
signal crosses from below the Threshold value, the block reads a row of data
from the given workspace variable. When the block reaches the last row of the
workspace, it returns to the first row of the variable or it outputs zero
depending on the Repeat flag specification.

i Triggered read from wksp

Riead from werkspace [mask) Specify the workspace variable name or the

The rising edge of the input pulse triggers the black to contents of the variable. The column size of this
output the next row from the specified workspace s .

- parameter sets the output vector’s size.

FParameters

. Set the threshold for the rising edge of the
‘Workspace variable: . .
[0-1:01:117 trigger signal.

Threshold for the input trigger pulse: ) )
1 Specify whether to cycle continuously through

Fepeat flag [1: repeat read, 0: output zeros after eof]: the Wor!(space variable or to OUtpUt zeros after
1 end-of-file (eof).

Output value before first tigger:
10 —+— Initialize the output value prior to the first
trigger.

Apply | Fewvert |




LE
+ Rdfile . .
Triggered Read From File
Catagory Triggered Read
Location Source/Sink Sublibrary
Description Unlike the Simulink Read From File block, the Triggered Read From File block

reads a record from a file only at the raising edge of the input trigger signal.
The file can be an ASCII text file, a data file, or a binary file.

You must specify the vector length of the block output. The block reads the
given length of record from the file when a raising edge of the input trigger
signal is detected. When the data type is specified as ASCII form, the output is
an integer. The map between decimal integer, hexadecimal, and ASCII
character is shown in the table below. When the data type is other than ASCII
text, this block reads a given length of data from the file.
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Triggered Read From File

6-20

Decimal Hex Ascii |Decimal Hex Ascii Decimal Hex Ascii |Decimal Hex Ascii
Code Char Code Char Code Char Code Char
0 00 NUL |32 20 SP 64 40 @ 96 60 \
1 01 SOH (33 21 ! 65 41 A 97 61 a
2 02 STX (34 22 “ 66 42 B 98 62 b
3 03 ETX (35 23 # 67 43 C 99 63 c
4 04 EOT (36 24 $ 68 44 D 100 64 d
5 05 ENQ (37 25 % 69 45 E 101 65 e
6 06 ACK |38 26 & 70 46 F 102 66 f
7 07 BEL (39 27 ' 71 47 G 103 67 g
8 08 BS 40 28 ( 72 48 H 104 68 h
9 09 HT 41 29 ) 73 49 | 105 69 i
10 0A LF 42 2A * 74 4A J 106 6A
11 oB VT 43 2B + 75 4B K 107 6B k
12 oC FF 44 2C , 76 4C L 108 6C |
13 OD CR 45 2D - 77 4D M 109 6D m
14 OE SO 46 2E . 78 4E N 110 6E n
15 OF Sl 47 2F / 79 4F @] 111 6F 0
16 10 DLE (48 30 0 80 50 P 112 70 p
17 11 DC1 (49 31 1 81 51 Q 113 71 q
18 12 DC2 50 32 2 82 52 R 114 72 r
19 13 DC3 |1 33 3 83 53 S 115 73 S
20 14 DC4 B2 34 4 84 54 T 116 74 t
21 15 NAK |53 35 5 85 55 U 117 75 u
22 16 SYN |54 36 6 86 56 Vv 118 76 Vv
23 17 ETB 55 37 7 87 57 W 119 7 w
24 18 CAN |56 38 8 88 58 X 120 78 X
25 19 EM 57 39 9 89 59 Y 121 79 y
26 1A SUB |58 3A : 90 5A Z 122 A  z
27 1B ESC |59 3B ; 91 5B [ 123 7B {
28 1C FS 60 3C < 92 5C \ 124 7C |
29 1D GS 61 3b = 93 5D ] 125 7D }
30 1E RS 62 3E > 94 5 ~ 126 TE ~
31 1F us 63 3F ? 95 5F 127 F DEL




Triggered Read From File

Dialog Box

When end-of-file is reached, you can specify a recursive index to control the
output value. The block goes back to read the very beginning of the file when
the recursive index is “1”. The block outputs zeros when the recursive index is

“0”.

You can also specify how many triggers the block receives between file reads in
the Number of trigger pulses between saved data parameter. Setting this
parameter to O forces the block to read a record at every trigger raising edge.
The very first record read from the file always occurs after the first raising

edge.

— Read from file [mask)

The riging edge of the signal from the 2nd port triggers the
block to read the nest row of the specified file.

=

File name [string, include extension]:
junk. tp!’

Drata type ['ascil’ float,integer’]:
‘ascilt

Mumber of tigger pulze between zaved data:
a

Output vector length:
1

Fepeat flag [1: repeat read, 0: output zeros after eof]:

Threshold in detecting trigger signal:

]

Apply Fewvert Help

Specify the filename, including its extension.

Specify the data type as a string variable:
"ascii”, "float", "integer”, or "binary".

Control how many trigger raising edges should
be received between file reads.

Set the vector length of the file output.
Specify whether to cycle continuously through
the workspace variable or to output zeros after

eof.

Set the threshold for the raising edge of the
trigger signal.
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Sampled Read From Workspace

Rd whksp
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Catagory
Location

Description

Dialog Box

Sampled Read
Source/Sink Sublibrary

The Sampled Read From Workspace block reads a row of data for a workspace
variable at every sampling point. This block reads the workspace variable only
at the exact sampling point of the sample time.

The workspace variable is a matrix. The column number of the workspace
variable is the vector length of the block output. When the simulation time is
less than the offset, this block outputs the initial output value. When
simulation time reaches the next sampling point, the block reads a row of data
from the given workspace variable. When the last row of the workspace is
reached, the block goes back to the first row of the variable or it outputs zeros
depending on the Repeat flag value.

Specify the variable name or the contents of the

+ Sampled read from wksp B variable. The column size of this variable sets the
- Read fiom workspace [mask) ————————————— vector length of the output.

Fiead from a workspace variable at sampling time point.

The sampling time of this block. When this
: parameter is a two-element vector, the second

Variable [col ber=black_output_length: -
ariable [column_number=black_ovtput_length] element is the offset value.
randint[1000,1.4]

[rata output sample time [zec]: ) )
1 Specify whether to cycle continuously through

Cyclic control [1: cyclic read, 0: output zeros after eof]. the wo r!(space variable or to OUtpUt zeros after
1 end-of-file (eof).

Initial output:
0 Initialize the block output. This is the value
output before the block reaches the offset value.

Apply Fewvert Help




Pulse

Vector Pulse

Catagory
Location

Description

Dialog Box

Pulse Signal Generator
Source/Sink Sublibrary

The Vector Pulse block generates a vector of pulse signals. The sample
frequency of every element in the vector pulse signal is an integer multiplied
by a common frequency Fg. You can specify the offset for each pulse. The
advantage of using the common frequency is that this block uses common
frequency in the timing calculation, which eliminates any relative timing error
between the elements outputted from the block. This makes the calculation
more accurate.

The pulses generated in this block have their pulse width equal to exactly half
of the pulse sampling time. The pulse amplitude is 1.

You must specify the Divider in this block. This is a vector of positive integers
that set the sample times for the individual output pulses. Each element of the
vector is divided by the sample time to produce the individual sample times. If
t, is the sample time and [d1, d2, ..., dn] is the divider vector, then the
individual pulse sample times are d1/tg, d2/tg, ... dn/tg. In other words, the
frequencies for the individual pulses are t,/d1, tJ/d2, ..., t/dn. The length of the
Divider also sets the length of the output vector.

i Pulzes divide sample time
Pulze generator [mask)

Wector pulses with zample rate of each pulse az
Sample_time / Divider.

Specify the sample time. The inverse of the

Parameters sample time is the common frequency.

Sample time [scalar, sec):
1
A vector of positive integers.The output vector

length equals the length of the divider.

Diivider [integer vector]:
[135138]

Offset [same length as Divider]:
[D00412141] —+——— The offset for the beginning of the pulses. The

elements of this vector must be non-negative real
numbers.

Apply | Fewvert |
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Vector Pulse
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Example This example assumes that the three parameter entries are as follows. The
sample time is Fo, the Divider is [2 3], and the Offset is [offset, 0]. The output
of this block is shown belowFigure 6-3:. This figure is drawn with the
assumption that offset < 1/Fo/2.

Y
offset

\
offset

\

| , Elementl
A \ , \ 1 >

Element2

. I l >Time
1/3/Fo 1/2/Fo 2/3/Fo 1/Fo

Figure 6-3: Two-Element Vector Output



SRS
Wit whksp . .
- Triggered Write To Workspace
Catagory Triggered Write
Location Source/Sink Sublibrary
Description Unlike the Simulink Write To Workspace block, the Triggered Write To

Workspace block writes to a workspace variable only at the raising edge of the
trigger signal. There are six entries to this block: Workspace variable; Data
type; Number of trigger pulses between save data; Maximum row number,;
Section to keep when overflow; and Threshold.

The first input port accepts the message signal. The second input port takes the
trigger signal. The message signal to the first input port can be either a scalar
or a vector. The trigger signal to the second input port must be a scalar.

The saved workspace variable is a column vector when the first port has a
scalar input. It is a matrix when the first port has a vector input. The first
element of the input signal vector is saved in the first column; the second
element of the input signal vector is saved in the second column, and so on.

The block saves the first record at the first raising edge of the trigger signal.
The data can be saved as string or data. The maximum row of the output
variable is limited by a pre-defined number. This number cannot be changed
during simulation. After the limit is reached, the block keeps the first part of
the simulation data or the latest simulation data depending on the entry into
Section to keep when overflow.

You can specify how many triggers the block receives between file reads in the
Number of trigger pulses between save data parameter. Setting this
parameter to O forces the block to read a record at every trigger raising edge.
The very first record read from the file always occurs after the first raising
edge.
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Triggered Write To Workspace
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Dialog Box

‘wiite to workspace [mask)

The riging edge of the signal from the second port tiggers
the block to write another row inta the specified
workspace variable.

Parameters

Wariable name [string wariable, include extension]:
v

[Diata type [‘ascil’, 'data’]:

‘data’

Mumber of tigger pulzes between zaved data:
a

I awirnum row number:
100

Section to keep after max row [0: begin,1: end):
a

Threshold in detecting trigger signal:
A —

Apply | Fewvert | Help |

Asstring variable. You must include the extension
if there is one.

Choose one of two formats: "ascii” or 'data”.
"ascii" forces a save in the ascii format, "data"
in the MATLAB data format.

Control how many trigger raising edges should
be received between file reads.

Limit the number of columns of data that can be
saved.

If the variable reaches its maximum record
number, select 0 to keep the first part of the
simulation record and 0 to keep the last part.

Set the threshold for the raising edge of the
trigger signal.



-
Wyt file

a

Triggered Write To File

Catagory
Location

Description

Dialog Box

Triggered Write
Source/Sink Sublibrary

Unlike the Simulink Write To File block, the Trigger Write To File block writes
arecord to afile only at the raising edge of the input trigger signal. The file can
be an ASCII text file or a data file.

The first input port accepts the message input signal. The second input port
takes the trigger signal, which must be a scalar. The block writes to the file at
the raising edge of the input trigger signal.

When the data type is specified as ASCII form, this block converts the input
data into ASCII characters by using the map given in the Triggered Read From
File block. When the data type is a type other than ASCII text, this block
directly writes the data into the file. Each triggered record is written to a
separate line in the file.

You can also specify how many triggers the block receives between file reads in
the Number of trigger pulses between saved data parameter. Setting this
parameter to O forces the block to read a record at every trigger raising edge.
The very first record read from the file always occurs after the first raising
edge.

i Triggered write to file
‘winite to file [mask)

The riging edge of the signal from the 2nd port triggers the
block to write another row inta the specified file.

Specify the filename, including its extension.
FParameters

;'J:knzg“f [stingichideleniension Specify the data type as a string variable:
’ ) "ascii”, "float", "integer”, Or "binary”.
Drata type [‘ascil’, 'float’, ‘integer’]:

‘ascil’

Mumber of tigger pulzes between zaved data: Control_ how many trl_gger raising edges should
0 be received between file reads.

Threshold in detecting trigger signal:

05 —1 Set the threshold for the raising edge of the

trigger signal.

Apply | Fewvert | Help |
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Eye-Pattern & Scatter Plot -
Catagory Plotting
Location Source/Sink Sublibrary

6-28

Description

The Eye-Pattern & Scatter Plot block plots eye-pattern plots, scatter plots or
x-y plots depending on the parameter specification.

Eye-pattern plot

An eye-pattern plot is a simple and convenient tool to study the effects of
inter-symbol interference and other channel impairments for digital
transmission. The received signal is plotted against time, but when the x-axis
time limit is reached, the signal goes back to the beginning of the time point.
This produces an overlaid set of plots. Typically, the time range is an integer
multiple of the symbol interval.

The offset time (or decision point) is plotted as a vertical line. Generally this
should occur when the “eye” of the plot is open to its widest point. This is the
point when the Scatter plot samples the signal, which is known as the decision
point.

Scatter plot

Scatter plots record the signal value at a given decision point. When the input
signal is a two-dimensional vector, the scatter plot is a two-dimensional plot
with the x-axis as the first input vector element and the y-axis as the second
input vector element. The two-dimensional plot is widely used in the QAM
application. In the case of an input vector that is not a length two vector, the
plot is a one-dimensional plot.

X-y plot

x-y plot is valid only when the input message signal is a length two vector. The
simulation will be terminated if the input signal has a dimension other than
length two.

The above mentioned plots can be plotted in a same window. You can set up the
parameter to activate a plot or eliminate a plot before the simulation. Please
note that the eye-pattern plot and the x-y plot are plots recording the
trajectories of the message signal. The plot may take a long time to draw these
trajectories at every simulation point. In contrast, the scatter plot plots only
the point when the decision is made. The simulation is much faster when only
scatter plot is activated.



Eye-Pattern & Scatter Plot

The first input port accepts the message signal. The second input port takes the
decision signal. The raising edge of the decision signal is the specified timing
for the decision point, which triggers the scatter plot. There is a vertical line in
the eye-pattern plot, which indicates the time when the decision is made. The
decision pulse is a scalar input signal.

The figure below is a snap shot of the plot created by using this eye-pattern and
scatter plot.

1.5 1.5
1 Y - ':l. . ; 1
0.5 0.5

R a < <.
0 0

o o
-0.5 o Ll .5‘ -0.5
-1 .?' .Q. *\ ’. -1
-15 -15
0.05 0.1 0.15 0.2 -1 0 1

Figure 6-4: Eye-pattern, Scatter and x-y plots

You must specify the x-axis of the eye-pattern plot using the Eye-pattern plot
time frame parameter. Typically, the time frame should be an integer
multiplied by the symbol interval. When this entry is a two-element vector, the
second element is the offset; the default value of offset is 0. The plot takes
all plots into the time frame [offset,offset+time_frame]. All signals at time
t are plotted at the time point

rem(t-offset, time_fram) in the eye-pattern plot.
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Eye-Pattern & Scatter Plot

The Line type for eye-pattern diagram parameter specifies the color and the
line type or plot symbols for eye-pattern plot. A slash (/) is used to separate line
types of different elements in the plot vector. You can choose the color and line
type code from following table

Color Meaning Marker-type Meaning Line-type Meaning
Character Character Character
y yellow . point - solid
m magenta o circle : dotted
c cyan X x-mark -. dashdot
r red + plus - dashed
g green * star
b blue s square
w white d diamond
k black \% triangle
(down)
n triangle (up)
< triangle (left)
> triangle
(right)
p pentagram
h hexagram

When the line type is set to 0, the eye-pattern plot is eliminated.

Please note that the x-y plot can only be used when the input message signal
is a two-element vector.
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Eye-Pattern & Scatter Plot

Dialog Box
i Eye-diagram scatter plot E
— Eye-diagram/zcatter plat [mask]————— i i
Produce epe-pattern diagram/zcatter plot/x-y plot with the SpeC|fy the x-axis of the eye'pattern pIOt' When
rizing edge of the second input as the decizion line. this entry is a two-element vector, the second
element is the offset value.
5299'95”9'” plat time frame: A two-element vector. The first element is the
: S lower bound of the input signal, the second the
Lower and upper bound of in-coming signal [1x2 vectar): upper bound
[1515]
Mumber of saved traces: . e
5 _ll—— An integer that specifies the number of saved
Line-type for eye-pattern diagram [0 for no plot): trace pIOtS'
p-dr-! —
\ . .
Line-type far scatter plot (0 for o plat Specify the color, line type, and/or plot symbols
g for the eye-pattern plot.
Line-type for x-p plat [0 for no plot):
gy The color, line type, and/or plot symbols for the
scatter plot and x-y plot respectively. A 0 entry
Apply | Revert Help { Cose suppresses the plot entirely.
Equivalent
M-function eyescat
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Sample Time Eye-Pattern Diagram & Scatter Plot
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Category
Location

Description

Plotting
Source/Sink Sublibrary
The Sample-time Eye-Pattern Diagram & Scatter Plot block plots eye-pattern

plot, and/or scatter plot based on the parameter specification.

You should read the reference page for the Eye-Pattern Diagram & Scatter Plot
block for the detailed description of the eye-pattern plot and scatter plot.

Different from the Eye-Pattern & Scatter Plot block, this block does not provide
the x-y plot. This block does not have a dedicated port for the decision timing
signal. The decision timing is set inside the parameter instead.



Sample Time Eye-Pattern Diagram & Scatter Plot

You can specify the color code and line type/marker type in this block. A slash
(/) is used to separate type code in the plot parameter. You can choose the color

code and line type or marker type code from the following table.

Color Meaning Marker-type Meaning Line-type Meaning
Character Character Character
y yellow point - solid
m magenta o circle dotted
c cyan X x-mark - dashdot
r red + plus -- dashed
g green * star
b blue s square
w white d diamond
k black \% triangle
(down)
n triangle (up)
< triangle (left)
> triangle
(right)
p pentagram
h hexagram

If you like to eliminate the eye-pattern plot or the scatter plot, simply set the

line type to be the number 0.
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Sample Time Eye-Pattern Diagram & Scatter Plot

Dialog Box

Equivalent
M-function

6-34

i Sample-time eye-diagram scatter E

— Eye-diagram/scatter plat [mask)
Froduce eye-pattern diagram and/or scatter plot.

=

[Symbal interval, plot offzet, decizsion point offzet]:
[td. .05 1]

Lower and upper bound of in-coming signal [1x2 vectar]:
[1.51.5]

Mumber of saved races:
5

Line-type for eye-pattern diagram [0 for no plot):
e

Line-type for zcatter plot [0 for no plot):

Y ig

Flot update zample time:

ks

Apply | Fewvert Help

eyescat

A three elements vector. The first element is
symbol interval, which is the eye-pattern
diagram x-axis length. It is also the update
interval for the scatter plot. The second element
is the offset for the eye-pattern plot. The third
element is the decision point offset. It is also the
offset for the update of the scatter plot. The unit
for all three elements is in second.

A two-element vector. The first element is the
lower bound of the input signal, the second the
upper bound.

Specify the number of saved trace plots.

Specify the color, marker or line type for the
eye-pattern plot.

Specify the color, marker or line type symbols for
the scatter plot.

The sample time for eye-pattern diagram plot
update.



Erraor

rete
r Error Rate Meter
Catagory Symbol-Error Display
Location Source/Sink Sublibrary
Description The Error Rate Meter block calculates and displays the symbol-error and

bit-error rates.

One of the major tasks for communication system simulation is to estimate the
symbol-error rate and the bit-error rate of a transmitting system. The Error
Rate Meter block provides an error-rate computation and display during the
communication system simulation.

The first input port takes the input from the transmitting side. The signal to
the first input port must be a scalar. The second input port takes the input from
the receivers. The signal to the second port can be a scalar or a vector. In the
vector case, the received signal listed in the meter display is named receiverl,
receiver2, ... by the order of the position of the signal in the vector. The block
counts and then displays the number of symbols transferred and the number
of bits transferred. It also makes a comparison between the sending digital
signal and the received digital signal at a given sample-time point.

The block can adjust the time delay from the sending side to the receiving side.
It assumes that the delay is the same for every receiver when the input for the
receiver is a vector. When a difference is found between the sent digit and the
received digit, the meter registers an error. At the same time, the bit error is
estimated. The symbol-error rate is the total number of symbol errors divided
by the total number of symbols transferred. The bit-error rate is the total
number of bit error divided by the total number of bits transferred.

A positive integer in the Number of digits on display entry forces the meter
to display the exact number of rows as specified. The display switches the color
between blue and green. When a received digit differs from the sent data, the
display on the receiver’s line has a red color on display. A 0 or negative number
in the Number of digits on display entry tells the meter not to display the
transferred digital signal.
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Error Rate Meter

Dialog Box

Example

6-36

i Error rate
Symbol/bit error counter [mask]

Uze the input data from the 1zt port as the reference
zignal to detect the number of errars and errar rate of the
2nd port input signal.

Parameters

Bit per spmbal:
5

Mumber of digitz on display:
10

Delay between input [1st port] and output [2nd port]:
a

Sampling time [zec):

Apply | Fewvert |

1 !

Specify the number of bits per transferred
symbol.

Specify how many digits the block compares
between the sent and received signals.

A scalar estimate of the delay between transmis-
sion and receipt of data. The block uses this
parameter to adjust the error estimate.

The sampling time for digit display, error-rate
calculation, and error-rate display. When this
parameter is a two-element vector, the second
element is the offset value.

This example shows a snap shot of the figure generated by the Error Rate
Meter block during a simulation. In the simulation, the input signal to the
second input port is a two-element vector signal. There are four bits in each
transferred symbol. There are 20 lines on display, which list the most recent 20
digits in the transmitting side and the receiving side. The error rate as well as
the sent and received digit are shown in the figure.



Error Rate Meter

[ Sender T Receiverl | Receiverz |
0 3 0
1 1 1
2 2 2
3 3 3
4 4 4
5 5 5
6 10 2
7 7 7
0 0 0
1 1 1
2 2 2
3 3 3
4 4 4
5 5 5
[ 7 [
7 7 7
Symbol Transfered I 2428
209 I 25
0.086079077 I 0.01029654
Bit Transfered I 7284
38 I 30
0.043657331 I 0.0041186161

Figure 6-5: Figure Generated by Error Rate Meter in a Simulation

Equivalent
M-function symerr and biterr
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Source Coding
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Source coding in communication systems converts arbitrary real-world
information to an acceptable representation in communication systems. This
section provides some basic techniques as examples of solving the source
coding problems using Simulink and MATLAB. This toolbox includes the source
coding techniques of signal quantization and differential pulse code
modulation (DPCM).

This section also includes compander techniques. Compander is the name for
the combination of compressor and expander. Data compression is important
for transforming a signals with different power level transformation.

This figure shows the Source Coding Sublibrary:

Source
Scalar p| Guantizer Suaamnﬁlzeedr
guantizer decode qdemo
Sampled CQuantizer Sampled
guantizer encode decode uantizer demo
DPCH »| DFCM DPCH
encode decode demo
DPCH DPCH DPCH
encode decode demo
mu-lawy gl Mu-law
COmprassor | expander
mu-lawy mu-lawy
compressor expander
Aclaw gl Aclaw
COmprassor | expander
Aclaw Aclaw
compressor expander
- Triggered
CQuantizer —I—b Qdueacnot:jzeer guantizer
- demo
Enabled Quantizer Triggered
guantizer encode decode2 guantizer demo

Figure 6-6: Source Coding Sublibrary



Source Coding Reference Table

This table lists the Simulink blocks in the Source Coding Sublibrary. (They are

listed alphabetically in this table for your convenience.):

Block Name

Description

A-Law Compressor

A-Law Expander

DPCM Decode
DPCM Encode

p-Law Compressor

p-Law Expander

Quantization Decode

Signal Quantizer

Triggered Signal Quantizer

Compresses data using an A-law
compander

Recovers compressed data using an
A-law compander

Recovers DPCM quantized signals
Quantized input data signals

Compresses data using a p-law
compander

Recovers compressed data using a
p-law compander

Recovers signals quantized by the
Signal Quantizer or the Triggered
Signal Quantizer block

Quantizes an input signal

Quantizes an input signal when
triggered

6-39



Signal Quantizer

Scalar
fuantizer

Catagory
Location

Description

6-40

Signal Quantization
Source Coding Sublibrary

The Signal Quantizer block encodes a message signal using scalar
guantization. The block uses the finite length of a digit to represent an analog
signal. Please refer to chapter 3, the Tutorial, for the general principles of
guantization computation. Note that you may lose computation accuracy in the
guantization processing.

In quantization, the major parameters are Quantization partition and
Quantization codebook. Quantization partition is a strict ascending
ordered vector, which contains the partition points used in dividing up the
input data. Quantization codebook is a quantization value vector with length
equal to the (length + 1) of the Quantization partition. If the input value is
less than the ith element of Quantization partition (and greater than (i-1)th
element, if any), the quantization value equals to the ith element in the
Quantization codebook.



The figure below shows the quantization process:

! CN ----------- e !
Cq f------- e :
C2 _____ e E :
.~ . g Partition_index
: 0.1 2 N-1

Partition !

Block_input Iﬁ

Figure 6-7: Quantization

This block has one input port and three output ports. The input port takes the
analog signal. The three output ports output, from top to bottom, the
guantization indexFigure 6-7:, the distortion value, and the quantization
valueFigure 6-7:. The distortion is a measurement of the quantization error.
The vector lengths of all three outputs are equal to the vector length of the
input. The quantization block can accept a vector input. When the input is a
vector, each output port outputs a vector with the vector length equal to the
input vector length. The block processes each element of the vector
independently; it performs the quantization at the sample time.
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function

You can use the function Iloyds to train the available data to obtain the
expected partition and codebook vectors.

i Sampled quantizer encode
Scalar quantization encode [mask)

Quantize an analog signal to [1]digital signal,
[2)quantization value, and [3]distortion at every sample
time point.

Parameters
Guantization partition:
[-75-25.25.79]

Quantization codebook:
[-825-50.5.825)

Input gignal vector length:
2

Sample time [zec):
Al

Apply | Fewvert | Help |

Cloze

No. of Inputs/Outputs
Vectorized Inputs/ Outputs
Input Vector Width
Output Vector Width
Scalar Expansion

Time Base

States

Direct feedthrough

Quantization Decode

A length N vector, where N is the number of
symbols in the symbol set. This must be a strictly
ascending ordered vector.

A length N-1 strictly ascending ordered vector.

Specify the length of the input signal.

Specify the sample time. When this parameter is
a two-element vector, the second element is the

offset value.
1/3
Yes/Yes
Auto
Same as the input vector width
N/A
Discrete time
N/A
Yes

guantiz for quantization computation

11oyds for partition and codebook training using the available data



Cluantizer

_

Triggered Signal Quantizer

Catagory
Location

Description

Dialog Box

Signal Quantization
Source Coding Sublibrary

The Trigger Signal Quantizer block performs quantization when a trigger
signal occurs. This block is similar to the Signal Quantizer block except that
the quantization processing is controlled by the second input port of this block,
the trigger signal. This block renews its output when the scalar signal from the
second input portis a nonzero signal. Please refer to the Signal Quantizer block
for a discussion of scalar quantization.

This block has two input ports and three output ports. The quantizer block
takes message input from the first input port. It takes the trigger signal from
the second input port. The three output ports output quantization index,
guantization value, and quantization distortion. When the message input is a
vector, the three outputs are also vectors with their vector length equal to the
input vector length. Each element in the vector is independently processed.

i Enabled quantizer encode
Scalar quantization encode [mask)

Triggered by 2nd input signal, this block quantize an
analog signal to [1]digital signal, [2)quantization value,

[3)distortion.

Parameters A length N vector, where N is the number of
At sEiE partition values. This must be a strictly
[-75-25 .25 78] ascending ordered vector.

Quantization codebook:

[-825-50.5.825] —

A length N-1 strictly ascending ordered vector.

Input gignal vector length:
2 —

Specify the length of the input signal.

Apply | Fewvert | Help |
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Triggered Signal Quantizer
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Characteristics

Pair Block

Equivalent
M-function

No. of Input/Outputs
Vectorized No. 1 Input
Vectorized No. 2 Input
Vectorized Outputs

No. 1 Input Vector Width
Output Vector Width
Scalar Expansion

Time Base

States

Direct feedthrough

Quantization Decode

quantiz

2/3

Yes

No

Yes

Auto

Same as the input vector width
N/A

Triggered

N/A

Yes



Cluantizer

decode Quantization Decode

Catagory Decoding

Location Source Coding Sublibrary

Description The Quantization Decode block recovers a message from a quantized signal by
finding the quantization value from quantization index. The input of this block
is the quantization index, which contains the elements in S = [s{, S5, ... s = [0,
1, ... N-1]. The output of this block is quantized value, which contains the
elements in C = [cq, Cy, ..., Cy]. The vector S and C are introduced in the Signal
Quantizer block.
This implementation of this block uses a look-up table.

Dialog Box

Characteristics

Pair Blocks

Equivalent
M-function

i Quantizer decode E

— Scalar quantization decode [mask]

Output the value in the given codebook based on the
input index value.

=
F

Quantization codebook:

[-825-50,.5.625] A length N vector, where N+1 is the number of
partitions. The ith element is the quantization
Apply Revert Help s output for the (i-1)th quantization index. The

default value for the codebook is
[-0.825-0.50 0.5 0.825].

No. of Inputs/ Outputs 1/1

Vectorized Inputs/ Outputs Yes/Yes

Input Vector Width Auto

Scalar Expansion N/A

Time Base Auto

States N/A

Direct feedthrough Yes

Signal Quantizer, Triggered Signal Quantizer

There is no quantization decode function in this toolbox. For decode
computation, use the command:

y = codebook(quantiz_index + 1);
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DPCM Encode

DPCh
encode

6-46

Catagory
Location

Description

Encoding
Source Coding Sublibrary

The DPCM (Differential Pulse Code Modulation) Encode block quantizes an
input signal. This method uses a predictor to estimate the possible value of the
signal at the next step based on the past information into the system. The
predictive error is quantized.

This method is specially useful to quantize a signal with a predictable value.
This block uses the Signal Quantizer block. Refer to the Signal
Quantizer block for a discussion of the codebook and partition concepts.

The predictor in this toolbox is assumed to be a linear predictor. You can use
the function dpcmopt to train the parameters used in this block: Predictor
numerator, Predictor denominator, Quantization partition, and
Quantization codebook. You must input the numerator and denominator of
the predictor’s transfer function, but the output of dpcmopt provides only the
numerator. In most DPCM applications, the denominator of predictor transfer
function is 1, which means that the predictor is a FIR filter.

When the numerator of the predictor transfer function is a first-order
polynomial with the first element (zero-order element) equal to one, the DPCM
is a delta modulation.



DPCM Encode

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i DPCM encode E

— DPCH encode [mask)

Output the DPCM encoded index to the 13t outport and
the quantization recovered value to the 2nd outport,

=

Predictor numeratar:
[0.9963]

Predictor denominatar:
1

Guantization partition:
[-.0569 .0004 .057E]

Quantization codebook:
[-.084& -.029 .0298 .0853]

Sample time [zec):
Al

Apply | Fewvert |

No. of Inputs

Vectorized Inputs/ Outputs
Time Base

States

Direct feedthrough

DPCM Decode

dpcmenco

A vector containing the coefficients in ascending
order of the numerator of the predictor transfer
function.

A vector containing the coefficients in ascending
order of the denominator of the predictor transfer
function. Usually this parameter is set to 1.

A length N vector, where N+1 is the number of
partition values. This must be a strictly
ascending ordered vector.

A length N+1 strictly ascending ordered vector
that specifies the output values assigned to each
partition.

The calculation sample time. When this param-
eter is a two-element vector, the second element
is the offset value.

Discrete time
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DPCH

decode
DPCM Decode
Catagory Decoding
Location Source Coding Sublibrary
Description The DPCM (Differential pulse code modulation) Decode block recovers a

guantized signal. This block inputs the DPCM encoded index signal and
outputs the recovered signal to the first output port and the predictive error to
the second output port.

Dialog Box

i DPCM decode
DPCH decode [mask)

Input the DPCH coded index. Output DPCM decodes to
the 1st outport and quantization decode to the 2nd
outport.

Parameters

Predictor transfer function numeratar:
[0.9963]

Predictor transfer function denominatar:
1 —
Match these parameters to the ones used in the

Quantization codebook: A
[-.0248 - 029 0298 .0853] corresponding DPCM Encode block.

Sample time [zec):
1 —+——— The calculation sample time. When this param-
eter is a two-element vector, the second element

Apply | E—— | Help | Biose | is the offset value.

Characteristics  No. of Inputs 1/2
Vectorized Inputs/ Outputs No/No
Scalar Expansion N/A
Time Base Discrete time
States N/A
Direct feedthrough Yes

Pair Block DPCM Encode

Equivalent
M-function dpcmdec
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compressor A-Law Compressor
Catagory Data Compression
Location Source Coding Sublibrary
Description The A-Law Compression block performs data compression. The formula for the
A-law compressor is
|
O Alx|
y-0  I7 oA () foro<ix <A/V
O V(1 +logAlx|/V) for A/V<|x| sV
g 1+ logA sgn(x)
a
The parameters to be specified in the A-law compressor are the Avalue and the
peak magnitude V. The most commonly used A value in practice is 87.6.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i A-law compressor E

—&-law compressor [mazk]

Compress the input signal using A-law compressor. The
Aclaw compressor uges logarithm computation.

=

A value: The parameter A in the A-law compressor
walue: N

876 equation.

Peak signal magnitude:
1 Specify the peak value for the input signal. This
is the parameter V in the above equation, and the

L output peak magnitude as well.
No. of Inputs/Output 1/1
Vectorized Inputs/ Outputs Yes/Yes
Scalar Expansion N/A
Time Base Auto
States N/A
Direct feedthrough Yes

A-Law Expander

compand
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A law

expander
A-Law Expander i
Catagory Data Decompression
Location Source Coding Sublibrary
Description The A-Law Expander block recovers compressed data. The formula for the

A-law expander is the inverse of the compressor function:

IOgAsgn(y) for0<ly| <

\%
|y| 1+logA

1+logA)/V -1V
gh/I(2 +100A) ASIN(Y) for1+logA<|y|sV

x
1
I:II:II:II:II:II:II:I

You must specify the A value and the peak magnitude V.

Dialog Box
Ac-law expander [mask)
lrlnverse computation of &-law compressor. ‘
A value:
876
Signal peak magnitude:
1 Match these parameters to the ones used in the
corresponding A-Law Compressor block.
Apply | Fevert | Help |
Characteristics  No. of Inputs/Output 1/1
Vectorized Inputs/ Outputs Yes/Yes
Scalar Expansion N/A
Time Base Auto
States N/A
Direct feedthrough Yes
Pair Block A-Law Compressor
Equivalent
M-function compand
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compressor u-Law Compressor
Catagory Data Compression
Location Source Coding Sublibrary
Description The p-Law Compressor block performs data compression. The formula for the
p-law compressor is:
_ Vlog(1 + plx|/V)
= T log@ep) 9"
The parameters to be specified in the p-law compressor are p value and the
peak magnitude V. The most commonly used p value in practice is 255.
This block has one input and one output. It takes the x value and outputs the
y value described in the above equation.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i mu-law compressor E

— mu-lave compressor [mask)

Compress the input signal using mu-law compreszor. The
mu-law compreszor uses logarithm computation.

'mu wallie: The parameter p in the p-law compressor
255 equation. The default value is 255.

Peak signal magnitude:
1 Specify the peak magnitude of the input signal.
This parameter is V in the above equation and

L the output peak magnitude as well.
No. of Inputs/Output 1/1
Vectorized Inputs/ Outputs Yes/Yes
Scalar Expansion N/A
Time Base Auto
States N/A
Direct feedthrough Yes

p-Law Expander

compand
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expander
U-Law Expander i
Catagory Data Compression
Location Source Coding Sublibrary
Description The p-Law Expander block recovers a signal from compressed data. The

formula for the py-law expander is the inverse of the compressor function:

\%
X = _(ely|l09(1+ w/Vv

m +1)sgn(y)

Same as the p-law compressor, the parameters to be specified in the p-law
compressor are y value and the peak magnitude V.

This block takes y as the input and outputs x.

Dialog Box
i mu-law expander
mu-law expander [mask)
Inverse computation of mu-law compressor,
Parameters
mu walue:
255
Signal peak magnitude:
1 —+—— Match these parameters to the ones used in the
corresponding p-Law Compressor block.
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Output 1/1
Vectorized Inputs/ Outputs Yes/Yes
Scalar Expansion N/A
Time Base Auto
States N/A
Direct feedthrough Yes
Pair Block u-Law Compressor
Equivalent
M-function compand
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Error-Control Coding

The goal of error-control coding techniques is to reduce the transmission error
in a communication system. Error-control coding is an area of very active
research in the communications field. This toolbox supports the most
commonly used error-control coding techniques.

This toolbox implements two main types of error-control coding techniques:
block and convolutional coding. The kinds of block code supported include:
= Hamming code

BCH code

Reed-Solomon code

Cyclic code

Linear block code

Convolutional code does not break down into different schemes.

There are two main types of decoding used with error-control codes: algebraic
and probabilistic. Algebraic decoding is usually used with block codes, and
probabilistic decoding is usually used with convolutional codes. For a more
detailed discussion of error-control coding and decoding, refer to chapter 3, the
Tutorial.

This figure shows the Error-Control Coding Sublibrary:Figure 6-8:

Hamming BCH R-5 Cyclic Linear Convolution
cofdec cofdec cofdec cofdec cofdec cofdec

Figure 6-8: Error-Control Coding Sublibrary
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Error-Control Coding Reference Table

This table lists the Simulink blocks in the Error-Control sublibrary.
(They are listed alphabetically in this table for your convenience.):

Block Name

Description

BCH Code View Table

BCH Decode Sequence In/Out

BCH Decode Vector In/Out

BCH Encode Sequence In/Out

BCH Encode Vector In/Out
Convolutional Decode

Sequence In/Out

Convolutional Decode Vector In/Out
Convolutional Encode

Sequence In/Out

Convolutional Encode Vector In/Out

Cyclic Decode Sequence In/Out

Cyclic Decode Vector In/Out

Generates and displays a table of
codeword length, message length,
and error-correction capability for
BCH codes

Decodes BCH encoded data in the
sequential in/out format

Decodes BCH encoded data in the
vector in/out format

Encodes data using BCH code in the
sequential in/out format

Encodes data using BCH code in the
vector infout format

Decodes convolutionally encoded
data in the sequential in/out format

Decodes convolutionally encoded
data in the vector in/out format

Encodes data using Convolution
code in the sequential in/out format

Encodes data using Convolution
code in the vector in/out format

Decodes cyclic encoded data in the
sequential in/out format

Decodes cyclic encoded data in the
vector infout format




Block Name

Description

Cyclic Encode Sequence In/Out

Cyclic Encode Vector In/Out

Hamming Decode Sequence In/Out

Hamming Decode Vector In/Out

Hamming Encode Sequence In/Out

Hamming Encode Vector In/Out

Linear Block Decode
Sequence In/Out

Linear Block Decode Vector In/Out

Linear Block Encode
Sequential In/Out

Linear Block Encode Vector In/Out

Reed-Solomon Decode
Binary Sequence In/Out

Reed-Solomon Decode
Binary Vector In/Out

Reed-Solomon Decode
Integer Sequence In/Out

Reed-Solomon Decode
Integer Vector In/Out

Encodes data using cyclic code in
the sequential in/out format

Encodes data using cyclic code in
the vector in/out format

Decodes Hamming encoded data in
the sequential in/out format

Decodes Hamming encoded data in
the vector in/out format

Encodes data using Hamming code
in the sequential in/out format

Encodes data using Hamming code
in the vector in/out format

Decodes linear block encoded data
in the sequential in/out format

Decodes linear block encoded data
in the vector in/out format

Encodes data using linear block
code in the sequential in/out format

Encodes data using linear block
code in the vector in/out format

Decodes R-S encoded data in the
binary sequential in/out format

Decodes R-S encoded data in the
binary vector in/out format

Decodes R-S encoded data in the
integer sequential in/out format

Decodes R-S encoded data in the
integer vector in/out format
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Block Name

Description

Reed-Solomon Encode
Binary Sequence In/Out

Reed-Solomon Encode
Binary VectorIn/Out

Reed-Solomon Encode
Integer Sequence In/Out

Reed-Solomon Encode
Integer Vector In/Out

Encodes data using R-S code in the
binary sequential in/out format

Encodes data using R-S code in the
binary vector in/out format

Encodes data using R-S code in the
integer sequential in/out format

Encodes data using R-S code in the
integer vector in/out format




Hamrming en

Hamming Encode Vector In/Out

Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Hamming Encode Vector In/Out block encodes a binary message vector

into a binary codeword vector. Hamming encoding is a form of linear encoding
in which message and codeword lengths are fixed. The codeword length (N) is
2M.1 and the message length (K) is 2M_-M-1, where M is an integer greater than
or equal to 3. Hamming code is a single error correction code.

You can use the hammgen function to produce the Hamming code generator
matrix and parity-check matrix parameters.

Dialog Box

i Binary vector Hamming encode
Wector 1/0 Hamming encode [mazk]

Hamming encode with input message vectar length
K=2"M-M-1, output codeword vectar length N=2"t-1,
where M iz a >=3 integer.

Parameters
Codeword length M:
7 —t —  Codeword length (N).
Meszage lenath K. or b-degree primitive polynomial:
gfprimfd(3, 'min] ——— Message length (K). When this entry is a vector,
it represents a primitive polynomial in the GF(2)
tpy | Revet | Hep | [T field. You can construct a primitive polynomial
Characteristics  No. of Inputs/Output 1/1
Vectorized Inputs/ Outputs Yes/Yes
Input Vector Width Row Number of Generator Matrix
Output Vector Width Column Number of Generator Matrix
Time Base Auto
States N/A
Direct Feedthrough Yes
Pair Block Hamming Decode Vector In/Out
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Hamming Decode Vector In/Out

aamming de

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

6-58

Error-control decoder
Error-Control Coding Sublibrary

The Hamming Decode Vector In/Out block recovers a message vector from a
codeword vector using Hamming code. The input parameters for this block
must match the parameters used in the Hamming Encode block in order to
obtain the correct result.

i Binary vector Hamming decode
Wector 1/0 Hamming decode [mazk]

Hamming decode with input codeward vectar length
N=2"M-1, output message vector length K=2"t-#-1,
where M iz a >=3 integer.

Parameters
Codeword length M:
7

Message length K. or M-degree primitive polynomial:

afprirfd(3, min’) — Match the codeword length N and the message
length K to the corresponding entries in the
tooy | Revet | Hep | Hamming Encode block.
No. of Inputs/Output 1/1
Vectorized Inputs/ Outputs Yes/Yes
Input Vector Width Row Number of Generator Matrix
Output Vector Width Column Number of Generator Matrix
Time Base Auto
States N/A
Direct Feedthrough Yes

Hamming Encode Vector In/Out



e |
Hamrming en .
-~ Hamming Encode Sequence In/Out
Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Hamming Encode Sequence In/Out block encodes a binary message into a

binary codeword using a sequential in/out format. Hamming coding is a special
case of linear block coding where the message and codeword lengths are fixed.
Hamming code is a single error correction code. In the sequential format, the
block holds the input message bits in a length K buffer. When the buffer is
loaded, the encoding process begins. The block outputs the length N codeword
in a bit stream.

The codeword length is always N=2M-1, where M is an integer greater or equal
to 3. The message length is K=2M-M-1. You can use the hammgen function to
construct the Hamming code generator matrix and parity-check matrix
parameters.

The relation between the output and input sample times is:
output_sample_time=input_sample_timelK/N

Because encoding cannot begin until the input buffer is full, this encoding
method introduces a delay between the arrival of the first message signal and
the outputting of the first codeword. The time delay is:

KOnput_sample_time

Output port 1 outputs the codeword in binary sequential form. Output port 2
outputs an impulse, that is, it outputs “1” when the output register is full and
“0” at all other times.
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Hamming Encode Sequence In/Out

Dialog Box

Characteristics

Pair Block

6-60

i Binary sequence Hamming encode
Sequence |/0 Hamming encode [mask)

Single eror-comection Hamming encode with codewaord
length M=2"M-1, message length K=2"M-M-1, where M iz
a »=3 integer.

Parameters

Codeword length M:

7

Message length K. or M-degree primitive polynomial:
gfprimfd[3, 'min']

Input zample time T_in [zec]:
144

Apply | Fewvert | Help |

Codeword length (N)

Message length. When this entry is a vector, it
represents a primitive polynomial in the GF(2)
field. You can construct primitive polynomials
using the MATLAB M-function gfprimfd.

——— The time interval for each input bit in the

sequence.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OK

Hamming Decode Sequence In/Out



e e e |

Hamming de

Hamming Decode Sequence In/Out

Catagory
Location

Description

Dialog Box

Error-control decoder
Error-Control Coding Sublibrary

The Hamming Decode Sequence In/Out block recovers a binary message vector
from a binary codeword vector using Hamming decoding technique. The input
parameters for this block must match the parameters used in the Hamming
Encode block in order to obtain the correct result. In the sequential format, the
block holds the input codeword bits in a length N buffer. When the buffer is
loaded, the decoding process begins. The block outputs the length K recovered
message in a bit stream.

The relation between the input and output sample times is:
input_sample_time = output_sample_time ON/K

This block introduces a delay between the arrival of the first codeword signal

and the outputting of the first recovered message signal. The time delay length
is:

K OOutput_Sample_Time

i Binary sequence Hamming decode
Sequence |/0 Hamming decode [mask)

Single eror-comection Hamming decode with codewaord
length M=2"M-1, message length K=2"M-M-1, where M iz
a »=3 integer.

Parameters

Codeword length M:

2 ,_7 Match the codeword length N and the message
Message length K. or M-degree primitive polynomial: Iength K to the Correspondlng entries in the

afprirfd(3, min’) Hamming Encode block.
Input zample time T_out [sec]:
144 - The time interval for each input bit in the

sequence. The output sample time equals the

input_sample_time[Kk/N.

Apply | Fewvert |
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Hamming Decode Sequence In/Out

6-62

Characteristics

Pair Block

No. of Inputs/Output 11

Vectorized Inputs/ Outputs No/No

Time Base Discrete-time, Multi-rate
States N/A

Direct Feedthrough Yes

Delay Input_Sample_Time 0O K

Hamming Encode Sequence In/Out



BECH code

view table BCH Code View Table
Catagory Create a view table for BCH parameters
Location Error-Control Coding Sublibrary
Description The BCH Code View Table block creates a table of codeword length, message

length, and error-correction capability for BCH codes. The BCH codeword is of
length 2M.1, where M is a positive integer greater than or equal to 3. The
message length depends on the length of the cosets in the Galois field GF(ZM).
The error-correction capability is more complicated; there is no closed-formula
for deriving the relationship between error-correction capability and the
codeword and message lengths.

This block provides a view table for codeword lengths 2M-1, where M ranges
from 3 through 9. The figure on the following page shows the view table as it
appears in the BCH Code View Table block. In this table, N is the codeword
length, K the valid message length determined by the calculation of cosets, and
T is the error-correction capability for the given N and K values. T is
determined by an exhaustive search.
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BCH Code View Table
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M: code word length; K: message length; T: error-correction capability

Figure 6-9: BCH View Table

For values of M larger than 9, use the bchpoly function.
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BCH Code View Table

Equivalent
M-function bchpoly
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BCH Encode Vector In/Out

BCH en

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Equivalent
M-function
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Error-control encoder
Error-Control Coding Sublibrary

The BCH Encode Vector In/Out block encodes a message vector into a codeword
vector. BCH coding is a widely used error control coding method for correcting
the error induced by random noise in the transmission channel.

The BCH codeword length (N) is 2M-1, where M is a positive integer greater than
or equal to 3. The message length (K) depends upon the size of the cosets of GF(2M).
There is currently no analytic formula to derive the relationship between the
error-correction capability and the codeword and message lengths. You can use the
BCH Code View Table block or bchpoly function to calculate the error-correction
capability and possible message lengths for codeword lengths 3 through 9.

i Binary vector BCH encode
Wector |/0 BCH encode [mask)

BCH encode with input meszage vector length K. and
output codeward vector length M. [N, K] must be & valid
BCH code pair.

Parameters

Codeword length M [N=2"M-1. M iz a >2 integer]:
15 —

Codeword length (N).

Meszage length K. [check BCHPOLY for walid K]:
5 _

Message length (K) must be less than the
codeword length.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Input Vector Width
Output Vector Width
Time Base

States

Direct Feedthrough

BCH Decode Vector In/Out

encode

1/1

Yes/Yes

Message Length
Codeword Length
Auto

N/A

Yes
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BCH Decode Vector In/Out
Catagory Error-control decoder
Location Error-Control Coding Sublibrary
Description The BCH Decode Vector In/Out block recovers a binary message vector from a

Dialog Box

codeword vector using BCH coding techniques. The input parameters for this
block must match the parameters used in the BCH Encode block in order to
obtain the correct result.

Input port 1 accepts the codeword vector and input port 2 accepts a
computation flag signal. This signal controls the decode computation. A
nonzero input on this port enables the BCH decoding and a zero input disables
BCH decoding. This control is necessary because BCH decoding is
computationally intensive.

Output port 1 outputs the recovered message. Output port 2 outputs the
number of errors detected during the recovery of the message. A negative
integer indicates that the number of errors detected exceeds the
error-correction capability of the selected BCH coding scheme.

Use the BCH Code View Table block or bchpoly function to calculate the
error-correction capability.

i Binary vector BCH decode
Wector |/0 BCH decode [mask)

BCH decode with input codeword vector length M. output
message vector length K, and eror-corection capability
T. [M.K.T] must be a valid BCH code combination.

Parameters
Codeword length M [N=2"M-1. M iz a >2 integer]:

15 - Codeword length (N).

Meszage length K. [check BCHPOLY for walid K]:
5 Message length (K).
Error-comection capability T [0 for unknown]:
3 — Error-correction capability. If this parameter is
unknown, entering a 0 forces the block to calcu-

late the error-control capability at initialization.

Apply | Fewvert | Help |
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Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs
Vectorized No. 1 Input

No. 1 Input Vector Length
Vectorized No. 2 Input
Vectorized No. 1 Output
No. 1 Output Vector Length
Vectorized No. 2 Output
Time Base

States

Direct Feedthrough

BCH Encode Vector In/Out

decode

2/2
Yes
No
No
Yes

No
Auto
N/A
Yes



e |
BUHen BCH Encode Sequence In/Out
Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The BCH Encode Sequence In/Out block encodes a binary message vector into

a codeword using a sequence in/out format. BCH coding is a widely used error
control coding method for correcting the error induced by random noise in the
transmission channel. In the sequential format, the block holds the input
message bits in a length K buffer. When the buffer is loaded, the encoding
process begins. The block outputs the length N codeword in a bit stream.

The BCH codeword length (N) is 2M-1, where M is a positive integer greater
than or equal to 3. The message length (K) depends upon the size of the cosets
of GF(ZM). There is currently no analytic formula to derive the relationship
between the error-correction capability and the codeword and message lengths.

Please refer to the BCH Code View Table block for a list of error correction
capabilities and possible message lengths for codeword lengths 3 through 9.
You can use the function bchpoly to find the codeword, message length and
error-correction capability suitable to your application.

The relationship between the output and input sample times is:
output_sample_time = input_sample_time OK/N

Output port 1 outputs the codeword in binary sequential form. Output port 2
outputs an impulse, that is, it outputs a “1” at the when the input register is
full and a “0” at all other times.
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i Binary sequence BCH encode
Sequence |/0 BCH encode [mazk]

BCH encode with codeword length M, and message
length K. [N, K] must be a walid BCH code pair.

Parameters

Codeword length M [N=2"M-1. M iz a >2 integer]:
15

Meszage length K. [check BCHPOLY for walid K]:
5

Input zample time T_in [zec]:

Apply | Fewvert | Help |

1/5 —

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

BCH Decode Sequence In/Out

encode

Codeword length (N).

Message length (K) must be less than the
codeword length.

——— The time interval for each input bit in the

sequence. The output sample time equals
the input_sample_time[K/N.

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OK



O/——1
BCH de
BCH Decode Sequence In/Out
Catagory Error-control decoder
Location Error-Control Coding Sublibrary
Description The BCH Decode Sequence In/Out block recovers a binary message from a

codeword using a sequential in/fout format. The input parameters for this block
must match the parameters used in the BCH encode block to obtain the correct
result. In the sequential format, the block holds the input codeword bits in a
length N buffer. When the buffer is loaded, the encoding process begins. The
block outputs the length K recovered message in a bit stream.

The input port accepts the codeword vector. Output port 1 outputs the
recovered message, and output port 2 outputs the number of errors detected
during the recovery of the message. A negative integer indicates that the
number of errors detected exceeds the error-correction capability of the
selected BCH coding scheme.

The relationship between the input and output sample times is:
input_sample_time = output_sample_time OK/N

Because decoding cannot begin until the input buffer is full, this block
introduces a time delay. The delay between the arrival of the first codeword
and the output of the first recovered message is:

K Doutput_sample_time
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i Binary sequence BCH decode
Sequence |/0 BCH decode [mazk)]

BCH decode with codeward length M. message length K.
and ermor-correction capability T. [M.K.T] must be & walid
BCH code combination.

Parameters

Codeword length M [N=2"M-1. M iz a >2 integer]:
15

Meszage length K. [check BCHPOLY for walid K]:
5

Error-comection capability T [0 for unknown]:
3

Output zample time T_out [zec]:

Apply | Fewvert | Help |

1/5 —

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

BCH Decode Sequence In/Out

encode

Match the codeword length N and the message
length K to the corresponding entries in the BCH
Encode block.

Error-correction capability. If this parameter is
unknown, entering a 0 forces the block to calcu-
late the error-control capability at initialization.

The time interval for each input bit in the
sequence. The output sample time equals the
input_sample_time[k/N.

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OK



Int RS en

Reed-Solomon Encode Integer Vector In/Out

Catagory
Location

Description

Error-control encoder
Error-Control Coding Sublibrary

The Reed-Solomon Encode Integer Vector In/Out block encodes an integer
vector message into a codeword vector using an integer vector in/out format.
Reed-Solomon (R-S) code is a burst-error correction code. Please refer to
Chapter 3, the Tutorial, or reference [28] for a discussion of R-S coding
techniques.

The elements in R-S coding are in GF(2M), a finite field that contains 2M
elements, where M is an integer greater than or equal to 3. This block supports
integer signals that range in value from 0 to 2M-1. An (N,K) Reed-Solomon code
has codeword length (N) equal to 2M.q, message length (K), and parity-check
length (N-K). For an efficient Reed-Solomon code, N-K should be an even
number.

For example, if M=3, the range of allowed values is 0-7. For a message vector
(K) of length 5, the codeword (N) is of length 7 and the number of parity-check
digits (N-K) is 2:

67401 |::> Eﬁigfiggomon |:> 3267401

Length (K) Length (N) codeword. The
message vector. first (N-K) elements are
parity-check digits

The (N,K) Reed-Solomon coding scheme is an (NOM,KOM) bitwise counting, and
its error correction capability is:

T = Floor((N-K)/2)

The corrections made in the Reed-Solomon code are integer corrections, which
means that every correction is M-bit.

Input port 1 accepts the input message, which must be a length K integer
signal. Input port 2 accepts the computation flag signal, which controls the
decode computation. A nonzero scalar input to this port enables the R-S
encoding and a 0 input disables R-S encoding. This control is necessary because
R-S encoding is computationally intensive.
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function
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i Integer vector BS encode
Integer vector |40 RS encode [mazk]

Fieed-Solomon encode with integer input message vector
length K. and integer output codeword vector length M.

Parameters
Code length N=2"#-1 [M iz a >=3 integer]:

Meszage length K [< M]:
5

Apply | Fewvert | Help |

7 —

Codeword length (N).

Message length (K).

No. of Inputs/Outputs
Vectorized No. 1 Input
No. 1 Input Vector Length
Vectorized No. 2 Input
Vectorized Outputs
Output Vector Length
Time Base

States

Direct Feedthrough

2/1
Yes
N
No
Yes
K
Auto
N/A
Yes

Reed-Solomon Encode Integer Vector In/Out

encode
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Reed-Solomon Decode Integer Vector In/Out

Catagory
Location

Description

Dialog Box

Error-control decoder
Error-Control Coding Sublibrary

The Reed-Solomon Decode Integer Vector In/Out block recovers a message
vector from a codeword using an integer vector in/out format. Please read the
discussion of Reed-Solomon (R-S) code in Chapter 3, the Tutorial, for details on
this coding method. The input parameters for this block must match the
parameters used in the Reed-Solomon Encode block in order to obtain the
correct result.

Reed-Solomon
[3267401J E> Decoding E> [6740ﬂ

Length (N) code- Recovered length
word. (K) message vector.

Input port 1 accepts a length N integer codeword. The second accepts the
computation flag signal, which controls the decode computation. A nonzero
scalar input to this port enables the R-S decoding and a 0 input disables R-S
decoding. This control is necessary because R-S decoding is computationally
intensive.

Output port 1 outputs the recovered length K integer vector message. Output
port 2 outputs the number of errors detected in the decoded message. A
negative integer indicates that the number of errors detected exceeds the
error-correction capability of the R-S coding scheme.

i Integer vector RS decode
Integer vector |40 RS decode [mazk)]

Fieed-Solomon decode with integer output codeword
vector length M and integer input message vector length
K.

Parameters
Code word length N=2"M-1 [M is a =3 integer]:
7

Meszage length K [< M]:
5 —+—— Match the codeword length N and the message
length K to the corresponding entries in the
Reed-Solomon Encode block.

Apply | Fewvert | Help |
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Characteristics  No. of Inputs/Outputs 212
Vectorized No. 1 Input Yes
No. 1 Input Vector Length N
Vectorized No. 2 Input No
Vectorized Outputs Yes
Output Vector Length K
Time Base Auto
States N/A
Direct Feedthrough Yes

Pair Block Reed-Solomon Encode Integer Vector In/Out

Equivalent

M-function decode
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Reed-Solomon Encode Binary Vector In/Out

Catagory
Location

Description

Error-control encoder
Error-Control Coding Sublibrary

The Reed-Solomon Encode Binary Vector In/Out block encodes a length K
binary vector into length N codeword. Unlike any other coding method
introduced in this toolbox, Reed-Solomon code is a burst-error correction code.
Please refer to Chapter 3, the Tutorial, for a discussion of Reed-

Solomon coding techniques. There is also a detailed discussion in reference
[28].

In the binary vector format, all input/output signals are vectors with binary
elements. The elements in Reed-Solomon (R-S) coding are in GF(2M), a finite
field that contains 2M elements, where M is an integer greater than or equal to
3. An (N,K) Reed-Solomon code has codeword length N=2M-1 and message
length K that is less than N. For efficient coding the parity-check length (N-K)
should be an even integer. For example, if M=3, the codeword length (N) is 7,
and to make the parity-check length (N-K) even length (K) can be set to 5:

[10110) |:> Eﬁigfiggomon |::> [1010110]

Length (N) binary
codeword. The first
(N-K) bits are

Length (K) binary
message vector.

The (N,K) Reed-Solomon coding scheme is an (NCM,KOM) code when counted
bitwise. The error correction capability of Reed-Solomon code is:

T = Floor((N-K)/2)

The corrections made in the Reed-Solomon code are integer corrections, which
means that every correction is M-bit.

This block encodes a length MK binary message into a length MON binary
codeword. The R-S encode block is length NCM, the output signal is length
KOM.
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function

Input port 1 accepts the length NCK message signal. Input port 2 accepts the
computation flag signal that controls the encode computation. A nonzero scalar
input to this port enables the R-S encoding and a 0 input disables R-S encoding.
This control is necessary because R-S decoding is computationally intensive.

i Binary vector RS encode
Binary vector 1/0 RS encode [mask]

Fieed-Solomon encode with binary input vector length
K*k and binary output vector length M.

Parameters
Code length N=2"#-1 [M iz a >2 integer):
7

Meszage length K [< M]:
5

Apply | Fewvert | Help |

Codeword length (N).

Message length (K).

No. of Inputs/Outputs 2/1
Vectorized No. 1 Input Yes
No. 1 Input Vector Length KM
Vectorized No. 2 Input No
Vectorized Outputs Yes
Output Vector Length NCM
Time Base Auto
States N/A
Direct Feedthrough Yes

Reed-Solomon Decode Binary Vector In/Out

encode
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Reed-Solomon Decode Binary Vector In/Out

Catagory
Location

Description

Error-control decoder
Error-Control Coding Sublibrary

The Reed-Solomon Decode Binary Vector In/Out block recovers a binary
message vector from a binary codeword vector. Please read the discussion of
Reed-Solomon (R-S) code in Chapter 3, the Tutorial, for details on this coding
method. The input parameters for this block must match the parameters used
in the Reed-Solomon Encode block in order to obtain the correct result.

This block accepts length N binary vector codewords. Length (N) is equal to
2M-1, where M is an integer greater than or equal to 3. The recovered message
length (K) is less than N, typically an odd integer:

Reed-Solomon
[101101@ E> Decoding E> [1101@

Length (N) codeword. Recovered length
The first (N-K) elements (K) message vector.
are parity-check bits.

Input port 1 accepts the length N binary codeword. Input port 2 accepts the
computation flag signal, which controls the decode computation. A nonzero
scalar input to this port enables the R-S decoding and a 0 input disables R-S
decoding. This control is necessary because R-S decoding is computationally
intensive.

Output port 1 outputs the recovered length K binary vector message. Output
port 2 outputs the number of errors detected in the decoded message. A
negative integer indicates that the number of errors detected exceeds the
error-correction capability of the R-S coding scheme.
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Dialog Box
i Binary vector RS decode
Binary vector 1/0 RS decode [mask]
Fieed-Solomon decode with binary input vector length
M* and binary output vector length K.
FParameters
Code length N=2"#-1 [M iz a >2 integer):
7
Meszage length K [< M]:
5 —1 Match the codeword length N and the message
length K to the corresponding entries in the
Epply | Revert | Help | Reed-Solomon Encode block.
Characteristics  No. of Inputs/Outputs 212
Vectorized No. 1 Input Yes
No. 1 Input Vector Length KM
Vectorized No. 2 Input No
Vectorized Outputs Yes
Output Vector Length NCM
Time Base Auto
States N/A
Direct Feedthrough Yes
Pair Block R-S Encode Binary Vector In/Out
Equivalent
M-function decode
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Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Reed-Solomon Encode Integer Sequence In/Out block encodes an integer

message into a codeword using an integer sequential in/out format.
Reed-Solomon (R-S) code is a burst-error correction code. Please refer to
Chapter 3, the Tutorial, or reference [28] for a discussion of Reed-Solomon
coding techniques. In the integer sequential format, the block holds the input
message integers in a length K integer buffer. When the buffer is loaded, the
encoding process begins. The block outputs the integer length N codeword one
integer at a time.

The elements in Reed-Solomon coding are in GF(ZM), a finite field that contains
2M elements. M is an integer greater than or equal to 3. An (N,K)
Reed-Solomon code has codeword length N=2M-1 and message length K. The
elements in the codeword and message are from GF(2M). The (N,K)
Reed-Solomon coding scheme is an (NOM,KOM) bitwise counting. The error-
correction capability of Reed-Solomon code is:

T = Floor((N-K)/2)

For an efficient Reed-Solomon code, N-K should be an even number. The
corrections made in the Reed-Solomon code are integer corrections, which
means that every correction is M-bit.

The codeword output sample time is different from the input sample time. The
relationship between the output and input sample times is:

output_sample_time=input_sample_timelK/N

Output port 1 outputs the codeword in integer sequential form. Output port 2
outputs an impulse, that is, it outputs a “1” at the onset of the encoding process
and a “0” at all other times.

Because the encoding process cannot begin until the input integer buffer is full,
this block introduces a delay between the arrival of the first message signal and
the output of the first codeword. The time delay is:

KOinput_sample_time
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i Integer sequence RS encode
Integer zequence |/0 RS encode [mask)

RS encode with codeword length M, message length K.
Input integers are in range [0, N-1].

Parameters
Code length N=2"#-1 [M iz a >2 integer):

Meszage length K:

Input zample time T_in [zec]:

Apply | Fewvert | Help |

7 —

5 1

1/5 —

Codeword length (N).

Message length (K), where K<N.

The time interval for each input in the sequence.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OK

Reed-Solomon Integer Sequence In/Out

encode
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Reed-Solomon Decode Integer Sequence In/Out
Catagory Error-control decoder
Location Error-Control Coding Sublibrary
Description The Reed-Solomon Decode Integer Sequence In/Out block recovers a message

from a codeword using an integer sequential in/out format. Please read the
discussion of Reed-Solomon (R-S) code in Chapter 3, the Tutorial, for details on
this coding method. The input parameters for this block must match the
parameters used in the Reed-Solomon Encode block in order to obtain the
correct result.

In the sequential format, the block holds the input integer codeword in a length
N integer buffer. When the buffer is loaded, the decoding process begins. The
block outputs the length K recovered message one integer at a time.

Output port 1 outputs the recovered length K integer sequential message.
Output port 2 outputs the number of errors detected in the decoded message.
A negative integer indicates that the number of errors detected exceeds the
error-correction capability of the R-S coding scheme.

This block requires information about the output sample time. The
relationship between the input and output sample times is:

input_sample_time=output_sample_timel[K/N

Because the decoding process cannot begin until the integer input buffer is full,
the block introduces a delay between the arrival of the first codeword and the
output of the first recovered message. This delay is:

Klbutput_sample_time
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Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i Integer sequence RS decode
Integer zequence |/0 RS decode [mask)

RS decode with codeword length M, message length K.
Input integers are in range [0, N-1].

Parameters
Code length N=2"#-1 [M iz a >2 integer):
7

Meszage length K:
5

Output zample time T_out [zec]:
1/8

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Input/Outputs
Time Base

States

Direct Feedthrough
Delay

7 Match the codeword length N and the message

length K to the corresponding entries in the
Reed-Solomon Encode block.

—— The time interval for each input in the sequence.

The output sample time equals the
input_sample_time[k/N.

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OK

Reed-Solomon Integer Sequence In/Out

decode
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Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Reed-Solomon Encode Binary Sequence In/Out block encodes a message

into a codeword using a binary sequential in/out format. Reed-Solomon (R-S)
code is a burst-error correction code. Please refer to the Communications
Fundamentals chapter or reference [28] for a discussion of Reed-Solomon
coding techniques.

The elements in Reed-Solomon coding are in GF(2M), a finite field that contains
2M elements. M is an integer greater than or equal to 3. An (N,K)
Reed-Solomon code has codeword length N=2M-1 and message length K, where
K is an integer less than M. Since the error correction capability of R-S coding
is:

floor ((N-K)/2)
it is more efficient to choose K so that (N-K) is an even number.

An (N,K) R-S code refers to the codeword length (N) and message length (K) in
integer form. This means that each element of the codeword and message is
M-bit, and that the code is actually (NOM,KOM) when counted bitwise.

The corrections made in the Reed-Solomon code are integer corrections, which
means that every correction is M-bit.The codeword output sample time is
different from the input sample time. The relationship between the two is:

output_sample_time=input_sample_timelK/N

Output port 1 outputs the codeword in integer sequential form. Output port 2
outputs an impulse, that is, it outputs a “1” at the onset of the encoding process
and a “0” at all other times.

This block introduces a delay between the arrival of the first message signal
and the output of the first codeword. The time delay is:

MIKOinput_sample_time

The sequential in/out format breaks down into five steps:
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Bits arrive sequentially and

(1) 11001011.. |:'> [TTTTTTTTTTTi[z] are loaded into a length

KOM register. Here, K=5
and M=3.

The block converts the load-

@ ... [2]0]1]1] I:> [111000011001011J ed information into a length

KM vector.

A length NOM codeword
@ Message vector |:> Reed-Solomon vector. Here N=7, making

Encoding E:> the length of the codeword
equal to 21.

The block loads the
length N'M code-
(@) word vector into an [, > [L]o[olxlo[a[1]1]olol[olx] [z o]0l lol1l1]

output register.

The block outputs the bits

@ ...lllololllolllll E:> 1001011.. sequentially, first-in,

first-out.

6-86



Reed-Solomon Encode Binary Sequence In/Out

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i Binary sequence RS encode
Binary sequence |/0 RS encode [mask)
RS encode with codeword length M, message length K.

Parameters
Code length N=2"#-1 [M iz a >2 integer):

Meszage length K:

Input zample time T_in [zec]:

Apply | Fewvert | Help |

7 —

5 _

1/5/3 —

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

+——— Codeword length (N).

sequence.

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OM OK

Reed-Solomon Decode Binary Sequence In/Out

encode

Message length (K), where K<N.

The time interval for each input bit in the
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Catagory
Location

Description

Dialog Box

Error-control decoder
Error-Control Coding Sublibrary

The Reed-Solomon Decode Binary Sequence In/Out block recovers a message
from a codeword using a binary sequential in/out format. Please read the
discussion of Reed-Solomon (R-S) code in Chapter 3, the Tutorial, for details on
this coding method. The input parameters for this block must match the
parameters used in the Reed-Solomon Encode block in order to obtain the
correct result.

Output port 1 outputs the recovered length K binary sequential message.
Output port 2 outputs the number of errors detected in the decoded message.
A negative integer indicates that the number of errors detected exceeds the
error-correction capability of the R-S coding scheme.

This block requires information about the output sample time. The
relationship between the input and output sample times is:

input_sample_time = output_sample_time OK/N

The block introduces a delay between the arrival of the first codeword and the
output of the first recovered message. This delay is:

K OM Ooutput_sample_time

i Binary sequence RS decode
Binary sequence |/0 RS decode [mask)
RS decode with codeword length M, message length K.

Parameters
Code length N=2"#-1 [M iz a >2 integer):

7 /7 Match the codeword length N and the message

Message length K- length K to the corresponding entries in the

5 Reed-Solomon Encode block.

Output zample time T_out [sec]:

14573 ——— The time interval for each input bit in the
sequence.

Apply | Fewvert | Help |




Reed-Solomon Decode Binary Sequence In/Out

Characteristics  No. of Inputs/Outputs 1/2
Vectorized Inputs/Outputs No/No
Time Base Discrete-time, Multi-rate
States N/A
Direct Feedthrough Yes
Delay Input_Sample_Time OM OK
Pair Block Reed-Solomon Encode Binary Sequence In/Out
Equivalent
M-function decode
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Cyclic Encode Vector In/Out

Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Cyclic Encode Vector In/Out block encodes a binary message into a

codeword. Cyclic coding is a generic coding technique that requires the use of a
cyclic generator polynomial. You can create a cyclic generator polynomial with
the cyclpoly function. The Cyclic Encode and Cyclic Decode blocks use
systematic cyclic coding.

The codeword vector length N must be 2M-1, where M is an integer greater
than or equal to 3. The message vector length K must be less than the codeword
length N. The degree of the cyclic polynomial is N-K.

Dialog Box
—Wector [/0 cyclic encode [mask]——————————
Cyclic encode with codeword length M and message Codeword length (N).
length K.
— Paramet Generator polynomial defined in the GF(2) field.
Codeword length N: The degree of the polynomial must be less than
7 the codeword length N. When this entry is a
Message length K. ar generator polynomial Pg: scalar, this blockassumes that the entered value
4 is the message length K. The block then gener-
_ _ ates a default cyclic polynomial using the func-
Aeply | et | Wl | D] tion pr=cyclpoly(N,K, "min®).
Characteristic No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Yes/Yes
Input Vector Width Message Length
Output Vector Width Codeword Length
Time Base Auto
States N/A
Direct Feedthrough Yes
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Cyclic Encode Vector In/Out

Pair Block Cyclic Decode Vector In/Out
Equivalent
M-function encode
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Cyclic Decode Vector In/Out

Catagory Error-control decoder

Location Error-Control Coding Sublibrary

Description The Cyclic Decode Vector In/Out block recovers a binary message vector from
a binary codeword vector using cyclic decoding. The input parameters for this
block must match the parameters used in the Cyclic Encode block to obtain the
correct result.

Dialog Box

Characteristics

Equivalent
M-function

6-92

i Binary vector cyclic decode

Wector 1/0 cyclic decode [mask)

Cyclic decode with codeword length M and meszage
length K.

Parameters

Codeword length M:

7

Message length K. or generator polynomial Pg:
4

Apply | Fewvert | Help |

Match the codeword length N and the message
length K to the corresponding entries in the

Cyclic Encode block.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Input Vector Width

Output Vector Width

Time Base

States

Direct Feedthrough

Cyclic Encode Vector In/Out

decode

1/1

Yes/Yes

Message Length
Codeword Length
Auto

N/A

YesPair Block



o — e |
Cyclic en
Cyclic Encode Sequence In/Out
Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Cyclic Encode Sequence In/Out block encodes a binary message into a

codeword using a sequential infout format. Cyclic coding is a generic coding
method that requires the use of a cyclic generator polynomial. You can use the
function cyclpoly to generate a proper cyclic polynomial. Both the

Cyclic Encode and Cyclic Decode blocks use systematic cyclic coding. In the
sequential format, the block holds the input message bits in a length K buffer.
When the buffer is loaded, the encoding process begins. The block outputs the
length N codeword in a bit stream.

The codeword vector length N must be 2M.1, where M is an integer greater
than or equal to 3. The message vector length K must be less than the codeword
length N. The degree of the cyclic polynomial is N-K.

The relationship between the output and input sample times is:
output_sample_time=input_sample_timelK/N

Output port 1 outputs the codeword in binary sequential form. Output port 2
outputs an impulse, that is, it outputs “1” when the input register is full and
“0” at all other times.

Because encoding cannot begin until the input buffer is full, this encoding
method introduces a delay between the arrival of the first message signal and
the output of the first codeword. The time delay is:

KOnput_sample_time.
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Cyclic Encode Sequence In/Out

6-94

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i Binary sequence cyclic encode E

—Sequence |/0 cyclic encode [mazk)]

Cyclic encode with codeword length M and meszage
length K.

=

Codeword length M:
7

Message length K. or generator polynomial Pg:
4

Input zample time T_in [zec]:
144

Codeword length (N).

Generator polynomial defined in the GF(2) field.
The degree of the polynomial must be less than
the codeword length N. When this entry is a
scalar, cyclic encodeassumes that the entered
value is the message length K. The block then
generates a default cyclic polynomial using the
function pr=cyclpoly(N,K, "min®).

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

Cyclic Decode Sequence In/Out

encode

The time interval for each input bit in the
sequence. The output sample time equals the
input_sample_time[k/N.

1/2

No/No

Discrete-Time, Multi-rate
N/A

Yes

Input_Sample_Time OK



 —— — e |
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Cyclic Decode Sequence In/Out
Catagory Error-control decoder
Location Error-Control Coding Sublibrary
Description The Cyclic Decode Sequence In/Out block recovers a binary message from a
binary codeword using a sequential in/out format. The input parameters for
this block must match the parameters used in the Cyclic Encode block to obtain
the correct result. In the sequential format, the block holds the input codeword
bits in a length N buffer. When the buffer is loaded, the decoding process
begins. The block outputs the length K recovered message in a bit stream.
Dialog Box
i Binary sequence cyclic decode
Sequence |/0 cyclic decode [mask)
Sequence decode with codeword length M and meszage
length K.
Parameters
Codeword length M:
7 A Match the codeword length N and the message
Message length K. or generator polynomial Pg: 7 Iength K to the Corresponding entries in the
4 Cyclic Encode block.
Output zample time T_out [zec]:
144 —— The time interval for each input bit in the
sequence. The output sample time equals the
Apply | Rewvert | Help | input_sample_time[k/N
Characteristics  No. of Inputs/Outputs 1/2
Vectorized Inputs/Outputs No/No
Time Base Discrete-time, Multi-rate
States N/A
Direct Feedthrough Yes
Delay Input_Sample_Time OK
Pair Block Cyclic Encode Sequence In/Out
Equivalent
M-function decode
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6-96

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Error-control encoder

Error-Control Coding Sublibrary

The Linear Block Encode Vector In/Out block uses linear block encoding to
generate a binary codeword vector from a binary message segment. The input
message segment can be either a binary vector or a binary sequence. Its length

is equal to the number of rows
elements in the output codewo

(K) of the generator matrix. The number of
rd equals the number of columns (N) in the

generator matrix. You can produce an appropriate generator matrix using the
hammgen or cyclgen function. The corresponding decode block requires both
this generator matrix and an error correction truth table to decode the output

of this block.

i Binary vector lin-blk encode
Wector /0 linear block encode [mazk)]

Linear block encode with input message vector length K
and output codeword vectaor length M.

Parameters

Generator matrix [binary E-by-M matriz):
[[110:011:1711;101]evel4]]

Help |

Apply | Fewvert |

A K-by-N matrix, where K is the message
length and the input vector length, and N is the
codeword length.

No. of Inputs/Output
Vectorized Inputs/ Outputs
Input Vector Width
Output Vector Width

Time Base

States

Direct Feedthrough

1/1

Yes/Yes

Row Number of Generator Matrix
Column Number of Generator Matrix
Auto

N/A

Yes

Linear Block Decode Vector In/Out
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Linear Block Decode Vector In/Out

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Error-control decoder
Error-Control Coding Sublibrary

The Linear Block Decode Vector In/Out block recovers a binary message vector
from a binary codeword vector by using linear block decoding.

Linear block code is a generic coding method that requires the specification of
a generator matrix. This block uses the same generator matrix specified in the
corresponding encoding block, as well as an error-correction truth table.
Generate the truth table using htruthtb.

i Binary vector lin-blk decode E

—Wector [/0 linear block decode [mask)

Linear block decode with input codeward vectaor length M
and output message vector length K.

=
F

ettt e o) ity Generator matrix specified in Linear Block
[110:0711:1171:1 01] eyeld)] Encode block.

Error-comection truth table [0 for gingle emor-cor):
0 The logic circuit that determines error bit loca-

tion. The table is a 2N"K-by-N matrix. When 0 is

sppy | Rever | Hen | i entered, the error-control code defaults to a

systematic single error-correction code.

No. of Inputs/Output 1/1

Vectorized Inputs/ Outputs Yes/Yes

Input Vector Width Row Number of Generator Matrix

Output Vector Width Column Number of Generator Matrix

Time Base Auto

States N/A

Direct Feedthrough Yes

Linear Block Encode Vector In/Out
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Catagory
Location

Description

Dialog Box

Error-control encoder
Error-Control Coding Sublibrary

The Linear Block Encode Sequence In/Out block performs error-control
encoding using linear block code with a sequential input/sequential output
format. The block encodes a binary message into a binary codeword. In the
sequential format, the block holds the input message bits in a length K buffer.
When the buffer is loaded, the encoding process begins. The block outputs the
length N codeword in a bit stream.

The relationship between the two input and output sample times is:
output_sample_time=input_sample_timeN/K

where N is the codeword length and K is the message length. Because encoding
cannot begin until the input buffer is full, there is a time delay introduced by
the sequential format. The time delay between the arrival of the first message
signal and the output of the first codeword is:

KOInput_Sample_Time

Output port 1 outputs the codeword in sequential binary form. Output port 2
outputs an impulse. The raising edge of the second output indicates the start
of the encode process.

i Binary sequence lin-blk encode E

— Sequence |/0 linear block encode [mask]

Linear block encode with meszage length K. and
codeword length M.

=

A K-by-N matrix that generates the codeword

Generator matrix [binary E-by-M matriz):

[M10:011:111;1071]eye(d)] signal from the message signal.
Input zample time T_in [zec]:
174 The time interval for each input bit in the
sequence. The output sample time equals the
Apply Revert Help i Close ¢ input_sample_time CK/N.




Linear Block Encode Sequence In/Out

Characteristics

Pair Block

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Delay

1/2

No/No

Discrete-time, Multi-rate
N/A

Yes

Input_Sample_Time OK

Linear Block Decode with Sequence In/Out
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Linear Block Decode Sequence In/Out
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Catagory
Location

Description

Dialog Box

6-100

Error-control decoder
Error-Control Coding Sublibrary

The Linear Block Decode Sequence In/Out block recovers a binary message
from a codeword using linear block code in a sequential in/out format. The
generator matrix used in this block must match the one used in the Linear
Block Encode block in order to obtain the correct result. In the sequential
format, the block holds the input codeword bits in a length N buffer. When the
buffer is loaded, the decoding process begins. The block outputs the length K
recovered message in a bit stream.

The relationship between the two sample times is:
input_sample_time=output_sample_time[N/K

where N is the codeword length and K is the message length. Because decoding
cannot begin until the input buffer is full, this block introduces a delay between
the arrival of the first codeword signal and the first output. The time delay
length is:

KOutput_Sample_Time

i Binary sequence lin-blk decode
Sequence /0 linear block decode [mask)

Linear block decode with meszage length K. and

codewerd length N. An K-by-N matrix that generates the codeword

m—— signal from message signal.

Generator matrix [binary E-by-M matriz): N-K ) A 3
A 2™""-by-N matrix that determines error bit

[[110:011:1711;101]evel4]]
Error-comection truth table [0 for gingle emor-cor): location. Set this to 0 for a SyStematiC Single
] error-correction code.
Output zample time T_out [zec]:
144 ———— The time interval for each output bit in the
sequence.
Apply | Fewvert | Help |




Linear Block Decode Sequence In/Out

Characteristics

Pair Block

No. of Inputs/Output 1/1

Vectorized Inputs/ Outputs No/No

Time Base Discrete-time, Multi-rate
States N/A

Direct Feedthrough Yes

Delay Input_Sample_Time OK

Linear Block Decode Sequence In/Out
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Catagory
Location

Description

Dialog Box
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Error-control encoder
Error-Control Coding Sublibrary

The Convolutional Encode Vector In/Out block encodes a message into a
codeword using a vector in/out format. Unlike block codes, convolutional code
requires information not only on the incoming message but also on a fixed
number of previous messages. Accordingly, convolutional codes are called
(N,K,M) codes where N is the codeword length, K the message length, and M
the memory length.

Because of the memory length requirement, convolutional code
implementation in this toolbox requires a transfer function matrix in the
parameter Transfer function. An example of how to build a transfer function
using Simulink block diagrams is presented in the Generating Tran_func block
located in the Convolutional Coding/Decoding Sublibrary. Following the rules
outlined in the Generating Tran_func block, you can build your own Simulink
block diagram of the transfer function and use the string name of the Simulink
model as an input to the dialog box. The block will generate the correct transfer
function. You can also choose to input directly a matrix representation of the
numerator and denominator of a transfer function.

Input port 1 accepts the message signal, and the input port 2 accepts a trigger
signal. The convolutional encoding process begins when the leading edge of the
signal crosses the specified threshold value. You can use the Vector Pulse block
to generate a trigger signal for this input port.

i Binary vector cyclic encode
Wector 10 cyclic encode [mask)

Cyclic encode with codeword length M and meszage
length K.

Parameters ; . . .
Codeword length N: Specify a transfer function matrix or the string

7 name of a Simulink block diagram.

Message length K. or generator polynomial Pg:
4 —

Set the trigger signal threshold.

Apply | Fewvert | Help |




Convolutional Encode Vector In/Out

Characteristics

Pair Block

Equivalent
M-files

See Also

No. of Inputs/Outputs 2/1

Vectorized Input 1/Input 2 Yes/No

Input No. 1 Vector length K

Vectorized Output Yes

Output Vector length N

Time Base Triggered

States 2M, where M is the number of registers in the
convolutional coding structure

Direct Feedthrough Depends on the transfer function

Convolutional Encode Vector In/Out

encode

For more information on how to construct transfer functions, see:
sim2gen, sim2tran, sim2logi
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Catagory
Location

Description

Dialog Box
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Error-control decoder
Error-Control Coding Sublibrary

The Convolutional Decode Vector In/Out block recovers a binary codeword
vector from a binary message vector using the Viterbi decoding algorithm.
Refer to Chapter 3, the Tutorial, for a more detailed discussion of this
technique. This block supports both “hard” and “soft” decision decoding. Using
the soft decision method requires the definition of transfer probabilities.

Input port 1 inputs a length N binary vector codeword. Input port 2 inputs a
scalar computation trigger signal. You can use the Vector Pulse block to
generate a trigger signal for this input port.

Output port 1 outputs the recovered message vector. Output port 2 outputs a
scalar. This output is a metric value in the case of soft decision decoding, and
the accumulative distance in the case of hard decision decoding.

! Binary vector convolution decode Match the transfer function to the one used in the
Wector |/0 convolution decode [mask) Convolutional Encode block.

Convolution decode with codeword length M and

m:ts[is:ge length k.. Transfer function matrix iz a K-by-M The delay Iength. Set this to a number greater

than the memory length M of the decoder.

Parameters

Transfer function [or SIMULINEK, diagram): . .
(1113010200113 01 Inf The transfer probability. Set this to 0 for hard

decision decoding. Otherwise, enter a K-by-N
Fath memory length [delay=path_length*k*T_out]:

10 matrix of probabilities.

Transfer probability (3 raw matrix, 0 for hard decision]: . i i

i Trellis figure plot length. Set this to an integer
e larger than the memory length M for a decision
18 track. Setting this to O suppresses the trellis plot.

Trigger signal threshold:
5 —] Match the trigger signal threshold to that of the
Convolutional Encode block.

Apply | Fewvert |




Convolutional Decode Vector In/Out

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs 2/2
Vectorized No.1/No. 2 Inputs Yes/No
No. 1 Input Vector length N

Vectorized No. 1/No. 2 OutputsYes/No
No. 1 Output Vector length K

Time base Triggered

States Delay_length 02M, where M is the number
of registers in the convolutional coding
structure

Direct Feedthrough Yes

Delay Interval_between_triggerCMemory_length

Convolutional Encode Vector In/Out

encode
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Description

Dialog Box
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Error-control encoder
Error-Control Coding Sublibrary

The Convolutional Encode Vector In/Out block encodes a message into a
codeword using a binary sequential in/fout format. Unlike block codes,
convolutional code requires information not only on the incoming message but
also on a fixed number of previous messages. Accordingly, convolutional codes
are called (N,K,M) codes where N is the codeword length, K the message
length, and M the memory length.

Because of the memory length requirement, convolutional code
implementation in this toolbox requires a transfer function matrix in the
parameter Transfer function. An example of how to build a transfer function
using Simulink block diagrams is presented in the Generating Tran_func block
located in the Convolutional Coding/Decoding Sublibrary. Following the rules
outlined in the Generating Tran_func block, you can build your own block
diagram of the transfer function and use the string name of the Simulink model
as an input to the dialog box. The block will generate the correct transfer
function. You can also choose to directly input a matrix representation of the
numerator and denominator of a transfer function.

Input port 1 accepts the message signal, and the input port 2 accepts a trigger
signal. The convolutional encoding process begins when the leading edge of the
signal crosses the specified threshold value. You can use the Vector Pulse block
to generate a trigger signal for this input port.

i Binary sequence convolution encode
Sequence |/0 convolution encode [mask)

Convolution encode with codeword length M and
message length K. Transfer function matrix iz a K-by-M
matris.

Parameters

Transher function for SIMULINK. diagrarm): Specify a tre_ansfe_r function matrlx or the string
[111301020011:1071 4nf] — name of a Simulink block diagram.

Input zample time T_in [zec]:

1/2 ——— Set the input sample time.

Apply | Fewvert | Help |




Convolutional Encode Sequence In/Out

Characteristics

Pair Block

Equivalent
M-function

See Also

No. of Inputs/Outputs 1/2

Vectorized Inputs/Outputs No/No

Time Base Discrete-time, Multi-rate

States 2M, where M is the number of registers in
the convolutional coding structure

Direct Feedthrough Yes

Delay Input_Sample_Time OK

Convolutional Decode Sequence In/Out

encode

For more information on how to construct transfer functions, see:
sim2gen, sim2tran, sim2logi
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Convolutional Decode Sequence In/Out
Catagory Error-control encoder
Location Error-Control Coding Sublibrary
Description The Convolutional Decode Sequence In/Out block recovers a binary message

from a binary codeword using the sequential in/out format. The technique used
for decoding is the Viterbi algorithm. Refer to Chapter 3, the Tutorial, for a
more detailed discussion of this technique.

This block supports both “hard” and “soft” decision decoding. Soft decision
decoding requires the definition of a transfer probability matrix.

Dialog Box
Match the transfer function to the one used in the
i Binary sequence convolution decode Convolutional Encode block.
Sequence |/0 convolution decode [mask)
Convalution decade with codeword length N and The delay length. Set this to a number greater
m:ts[is:ge length k.. Transfer function matrix iz a K-by-M than the memory Iength M of the decoder.
PeEmEE The transfer probability. Set this to 0 for hard
Trangfer function [or SIMULIME diagram]: ) f P
(1113010200113 01 Inf deC|s!0n decodlng_._cheanse, en_ter a K-by-N
Path R ——— matrix of probabilities, where K is the message
55 e length and N is the codeword length.
Transfer probability (3 raw matrix, 0 for hard decision]: . i i
i Trellis figure plot length. Set this to an integer
Trelis figure plot length (0 for ro plot: larger than the memory length M for a decision
10 track. Setting this to 0 suppresses the trellis plot.
Output zample time T_out [zec]:
142 ——— The time interval for each output bit in the
sequence. The output_sample_time
Apply | Fevert | Help | =input_sample_time[k/N
Characteristics  No. of Inputs/Outputs 1/2

Vectorized Inputs/Outputs No/No

Time Base Discrete-time, Multi-Rate

States N/A

Direct Feedthrough Yes

Delay In_Sample_Time OK O(Memory_length+1)

6-108



Convolutional Decode Sequence In/Out

Pair Block Convolutional Encode Sequence In/Out
Equivalent
M-function decode
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Modulation and Demodulation

In communication systems, information is often transmitted by modulating the
source signal onto a carrier signal to form a modulated signal. A modulated
signal can be transferred a longer distance with considerably less energy
compared to an unmodulated signal. The modulated signal can also share the
same transmitting media and bandwidth with other modulated signals.
Modulation can be achieved by a number of modulation techniques. The
Communications Toolbox supports the most commonly used methods for
modulation and demodulation.

The Communications Toolbox provides both an analog modulation/
demodulation library and a digital modulation/demodulation library. Digital
modulation can be divided into two parts: digital signal mapping and
modulation. A digital demodulation can also be divided into two parts:
demodulation and digital demapping. The division is useful for detailed
research of the mapping/demapping techniques and in its combination with
modulation/demodulation techniques. This toolbox provides a library for the
mapping/demapping sublibraries under the modulation/demodulation
category.

This figure shows the Modulation/Demodulation Sublibrary:
passhand baseband

Analog Mo/Dern:

Analog oo
e crply eny

Digital Mo/Derm:

L Diigital
Digital
rriofdern
mo/dem cmplx eny

separated Wersion for Digital Mo/Derm:

Digital Digital
mofdem mofdem-ce
map/demap map/demap

Figure 6-10: Modulation/Demodulation Sublibrary
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The first column shows the sublibraries of the passband simulation blocks; the
second column shows the sublibraries of the baseband simulation blocks. The
first row shows the sublibraries for analog modulation. The second row shows
the sublibraries for digital modulation. The third row shows the sublibraries
for mapping/demapping in digital modulation/demodulation.

This chapter introduces the blocks by going through each sublibrary. This
section is further divided into these five subsections:

= Analog Modulation/Demodulation Method for Passband Simulation
= Analog Modulation/Demodulation Method for Baseband Simulation
= Mapping/Demapping for Digital Modulation/Demodulation

= Digital Modulation/Demodulation Method for Passband Simulation
< Digital Modulation/Demodulation Method for Baseband Simulation

Analog Modulation/Demodulation Methods for
Passband Simulation

The Communications Toolbox includes these analog modulation methods for
passband simulation.

= Double sideband suppressed-carrier amplitude modulation (DSB-SC AM)
< DSB-SC with carrier amplitude modulation (AM with Carrier)

= Quadrature multiplexing DSB-SC amplitude modulation (QM DSB AM)
= Single sideband amplitude modulation (SSB AM)

= Frequency modulation (FM)

< Phase modulation (PM)

The toolbox also includes demodulation methods for these modulation
implementations.

A lowpass filter plays an important role in the demodulation of a modulated
signal. It is important that the lowpass filter be well designed. In this toolbox,
lowpass filters are not provided as default parameters. You must provide the
numerator and denominator of a filter in ademodulation block. However, if you
do not know which filter to choose, you can use functions in the Signal
Processing Toolbox to find a proper filter for your application. A simple
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example of designing a demodulation lowpass filter is to design a Butterworth
filter using the command:

[num, den] = butter(Ord, Fc * 2 * Sample_time);

where Ord is the order of the filter; Fc is the carrier frequency in the
modulation; Sample_time is the calculation sampling time; and num and den are
the numerator and denominator of the lowpass filter. All of the examples in
this toolbox use this command in computing the lowpass filter.

Demodulation procedures introduce some time delays because of the presence
of lowpass filters in the demodulation process. The time delay varies with the
filter structure, filter parameters, and sampling time. The toolbox does not
provide the estimation of the time delay of the demodulation.



This figure shows the Analog Passband Modulation/Demodulation Sublibrary:

Ahd with carrier
passband

LA TR T fe-ped
DSE AWM ——m DSB ADM
DSB-5C AM DSB-SC-ADM
passband passband
e hipferfe fe-aped
AR e QALK
QA QADKM
passhand passband
Y W
F i - FOM
F i FOm
passhand passband
S T YT LT TN
P L PO
P PO
passband passband
ER TR et T
558 AM e 556 ADM
S5B-AM 55B-ADM
passhand passband
it R
Ablw TC ——m ADM w TC

ADM with carrier

passband

|:|Demunstratiun hlocks

Figure 6-11: Analog Passband Modulation/Demodulation Sublibrary
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Analog Modulation/Demodulation

Passband Reference Table

This table lists the Simulink blocks in the Analog Mo/Dem Passband
sublibrary. (They are listed alphabetically in this table for your convenience.):

Block Name

Description

DSB ADM

DSB-SC AM

FDM
FM
PDM
PM
QADM

QAM
SSB-ADM

SSB-AM

ADM with Carrier

AM with Carrier

Amplitude demodulation with
carrier

Amplitude modulation with carrier

Double sideband amplitude
demodulation

Double sideband amplitude
modulation with suppressed carrier

Frequency demodulation
Frequency modulation
Phase demodulation
Phase modulation

Quadrature amplitude
demodulation

Quadrature amplitude modulation

Single sideband amplitude
demodulation

Single sideband amplitude
modulation
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S YT
DB AM
DSB-SC AM
Catagory Passband modulation
Location Analog Mo/Dem, Passband Sublibrary
Description The DSB-SC AM (double sideband suppressed-carrier amplitude modulation)

block modulates an input signal with a carrier frequency signal. For any input
signal, u(t), and carrier frequency, f., the resulting modulated signal, y(t) is
y(t) = A u(t)sin(2mf t+¢) where A; is an amplitude scale factor and ¢ is the
initial phase of the modulation.

Dialog Box

i DSB-5C AM passband

Passband DSB-5C Al [mask]

Modulate the input signal uzing

D5EB-5C AM method.

Paramet : :

Ea'e'_mefe's " The carrier frequency (Hz). Set this to a number
arner rrequency Rz -

100/2/i — greater than the message signal frequency.

Initial Phase [rad): o

pif2 —! The initial phase (rad).

Sample time [zec):

i —+——— The sample time (sec).
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block Costas PLL DSB ADM
Equivalent
M-function commod
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T

D=E ADM
DSB ADM
Catagory Passband demodulation
Location Analog Mo/Dem, Passband Sublibrary
Description The DSB ADM (phase-locked loop double sideband suppressed-carrier

6-116

amplitude demodulation) block recovers a message signal from its modulated
form. The DSB ADM method is shown below:

Output
Input signal signal

lowpass
> @2’ filter >

_p| lOWpass VCO
filter

90°
shift

Figure 6-12: DSB Amplitude Demodulation
(VCO -- voltage controlled oscillator).
Lowpass filters play an important role in the demodulation. Refer to chapter 3,

the Tutorial, for information on how to select the numerator and denominator
of the lowpass filter transfer function.



DSB ADM

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

— Pazzband DSB-5C ADM [mask)
Demodulate a DSE-5C AM modulated zignal.

i DSB-S5C-ADM passband E

=

Carrier frequency [Hz):
100/2/pi

Lowpazs filker numeratar:
[4.57 9.14 457101

Lowpassz filker denominator:
[1-1.3108 .4936]

Initial phaze [rad]:

pif2

Sample time [zec):

i

Match the carrier frequency (Hz) to the one used
in the corresponding DSB-SC AM block.

The numerator of the lowpass filter transfer func-
tion used in the demodulation.

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

The initial phase (rad) of the carrier signal.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

DSB-SC AM

comdemod

Match the sample time to the one used in the
corresponding DSB-SC AM block.

1/1

No/No

Discrete time

2 * order_of_the_lowpass_filter
Yes
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AM
QAM
Catagory Passband quadrature modulation
Location Analog Mo/Dem, Passband Sublibrary
Description The QAM (quadrature amplitude modulation) block combines two independent
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message signals into a single modulated signal. The two independent message
signals are combined with two carrier frequencies that are 90° out of phase
with each other. The resulting signal components are orthogonal, which
simplifies message signal recovery on the receiving side. Quadrature
modulation used in QAM is shown below:

In-phase signal
O

carrier

source Quadrature-modulated

signal

Quadrature signal

5

Figure 6-13: Quadrature Amplitude Demodulation

Input port 1 accepts the in-phase signal, and input port 2 accepts the
quadrature signal.



QAM

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i QAM passband
Paszsband DSB-5C Qak [mask]

Modulate the in-phase signal from first input port and
quadrature signal from the second port uzing DAk,

Parameters

Carrier frequency [Hz):
100/2/pi

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

QADM

commod

Set the carrier frequency to a number greater
than either of the frequencies of the two input
message signals.

I The initial phase of the carrier signal.

—— By the Nyquist sampling theorem,

1/sample_time > Zﬂ:arrier_frequency.

2/1

No/No
Discrete time
N/A

Yes
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CADM
QADM
Catagory Passband quadrature demodulation
Location Analog Mo/Dem, Passband Sublibrary
Description The QMADM (quadrature amplitude demodulation) block recovers a message
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signal from a quadrature modulated carrier signal. This block recovers both
the in-phase and quadrature message signals. The figure below shows the

demodulation process:

Modulated signal

In-phase signal

lowpass
. —
>@ filter
carrier
— | recovery
90°
shift
Quadrature signal
lowpass
S filter

Figure 6-14: Quadrature Amplitude Demodulation

Output port 1 outputs the recovered in-phase signal. O
recovered quadrature signal.

utput port 2 outputs the

Lowpass filters play an important role in the demodulation. Refer to chapter 3,
the Tutorial, for information on how to select the numerator and denominator

of the lowpass filter transfer function.



QADM

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

— Passband DSB-5C QADM [mask)

Demodulate a D5B-5C GAM modulated signal into
in-phase and quadrature components.

i QADM passband E

=

Carrier frequency [Hz):
100/2/pi

Lowpazs filker numeratar:

[457 914 4571

Lowpassz filker denominator:
[1-1.3108 .4936]

Initial phaze [rad]:

Sample time [zec):
i

Match the carrier frequency (Hz) to that of the
corresponding QAM block.

The numerator of the lowpass filter transfer
function used in the demodulation.

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

The initial phase (rad) of the carrier signal.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

QAM

comdemod

Match the sample time to the one used in the
corresponding QAM block.

1/2

No/No

Discrete time

2 * Order_of _the_lowpass_filter
Yes
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Frd
FM

Catagory Passband modulation

Location Analog Mo/Dem, Passband Sublibrary

Description The FM (frequency modulation) block modulates a message signal using
frequency modulation. In this technique, the signal frequency varies with the
amplitude of the input message signal. Let u(t) be the input message signal, A,
the amplitude scale factor; K. the modulation sensitivity constant, and ¢be the
initial phase. The the output of this block is:

y(t) = A cos(2mbt) +¢)
where
t
B(t) =f (1) +K, J‘ u(t)dt
0

and f. is the carrier frequency.
It is possible to model FSK (frequency shift keying) in this block by setting the
symbol interval parameter. This parameter, when set to a value other than Inf,
resets the integrator in the above equation. To model FSK, set the value to the
length required to transmit an information bit. This forces an integrator reset
at the onset of each bit transmission.

Dialog Box
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i FM passband E

— Pazsband FM [mask)
Modulate the input signal uzging FM method.

Set the carrier frequency to a number greater
than either of the frequencies of the two input

Faramet message signals.
Carrier frequency [Hz):

100/2/pi

Intial phase (rad] The initial phase of the carrier signal.
Sample time (sec] By the Nyquist sampling theorem, 1/
.0 sample_time > ZEbarrier_frequency.
Sumbal interval [sec; Use Inf for analog maod);
Inf For analog modulation, set this parameter to Inf.
For FSK modeling, set it to the length of time
required to transmit a single information bit.

Apply Fewvert Help i Cloze




FM

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

FDM

commod

1/1

No/No
Discrete time
1

No
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FDOM
FDM

Catagory Passband demodulation

Location Analog Mo/Dem, Passband Sublibrary

Description The FDM (frequency demodulation) block recovers a message signal from a
frequency modulated carrier signal.
Lowpass filters play an important role in the demodulation. Refer to chapter 3,
the Tutorial, for information on how to select the numerator and denominator
of the lowpass filter transfer function.

Dialog Box

Characteristics

Pair Block

Equivalent
M-function
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i FDM passband E

— Pazzabnd FDIM [maszk)]

Demodulate an Fi4 modulated signal
uzing phaze-locked loop.

=

WCO frequency [Hz]:
100/2/pi

WCO initial phaze [rad]:
a

Lowpazs filker numeratar:
[4.57 9.14 457101

Lowpassz filker denominator:
[1-1.3108 .4936]

Sample time [zec):
i

Match the carrier frequency to that of the corre-
sponding FM block.

VCO initial phase (rad).

The numerator of the lowpass filter transfer
function used in the demodulation.

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

FM

comdemod

Match the sample time to that of the
corresponding FM block.

1/1

No/No

Discrete time

Order_of _the_lowpass_filter + 1
Yes



S T T
i
PM
Catagory Passband modulation
Location Analog Mo/Dem, Passband Sublibrary
Description The PM (phase modulation) block converts an input message signal into a
modulated signal using phase modulation. In this technique, the phase of the
carrier frequency is varied in proportion to the amplitude of the incoming
message signal. Let u(t) be the input message signal, A, be the amplitude scale
factor, and @ be the initial phase. The output of this block is:
y(t) = ACcos(Zne(t)+¢)
where
(1) = f (1) +u(t)
and f. is the carrier frequency. If the input signal is not continuous, the
modulated output signal may be discontinuous.
Dialog Box

i PM passband E

— Pazzhand PM [mask]
Modulate the input zsignal ugsing Pk method.

The carrier frequency must be greater than the
et (e () frequency _bandW|dth of either of the input
100/2/pi message signals.

=
F

Initial phaze [rad]:
a

The initial phase of the carrier signal.

Svmbal interval [sec, Use inf for analog case]:
Inf For analog modulation, set this parameter to Inf.

Apply Fewvert Help
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PM

Characteristics

Pair Block

Equivalent
M-function
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No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

PLL PDM

commod

1/1
No/No
Auto
N/A
Yes



WA
PO
PDM

Catagory Passband demodulation

Location Analog Mo/Dem, Passband Sublibrary

Description The PDM (phase demodulation) block recovers a message signal from a
phase-modulated carrier signal.
Lowpass filters play an important role in the demodulation. Refer to chapter 3,
the Tutorial, for information on how to select the numerator and denominator
of the lowpass filter transfer function.

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i PDM passband E

— Pazsband PDM [mask]

Demodulate a Pk modulated signal
uzing phaze locked loop.

=

WCO frequency [Hz]:
100/2/pi

WO Phaze [rad):
a

Lowpazs filker numeratar:
[4.57 9.14 457101

Lowpassz filker denominator:
[1-1.3108 .4936]

Sample time [zec):
i

Match the carrier frequency to that of the corre-
sponding PM block.

The initial phase of the carrier frequency.

The numerator of the lowpass filter transfer
function used in the demodulation.

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

PM

comdemod

By the Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

1/1

No/No

Discrete time

Order_of _the_lowpass_filter + 2
Yes
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SSB-AM

Sab Al

Catagory
Location

Description

Dialog Box
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Passband modulation
Analog Mo/Dem, Passband Sublibrary

The SSB-AM (single sideband amplitude modulation) block modulates an
input signal with a given carrier frequency using SSB-AM with a Hilbert filter.
For details on Hilbert transforms, refer to Chapter 3, the Tutorial.

SSB-AM transmits either the lower or upper sideband signal, but not both as
is the case is DSB-AM.

Set the bandwidth of the input signal parameter to the estimated highest
frequency component in the input message signal. This is used to design a
compensator with the Hilbert filter. This forces the message signal amplitude
to remain within the assigned range. If assigned to O or a value larger than 1/
(2*sample_time), the block does not generate a compensator.

This block requires a time delay for the Hilbert filter. Set this parameter to
(N+0.5)sample_time

where N is a positive integer. This block uses the function hilbiir to design
the Hilbert filter.

i 55B-AM passband

Passband 55B-4M [mask] ) i

Modulate the input zsignal uging single-sideband amplitude The carrier Slgnal (HZ) must be greater than the
modulation method with Hilbert transform filker. frequency bandwidth of the input signal,
Parameters The initial phase (rad) of the carrier frequency.

Carrier frequency [Hz):
100/2/pi

Initial Phaze [rad):
a

Set the bandwidth of the input signal to 0 for no
compensation. Otherwise, set it to the highest

frequency component of the message signal.
Bandwidth of the input signal [Hz]:

1.01410
. +0.5) * )
Time delay for Hilbert transform filker [sec): Set the tl_me delay to (.N 0 5) Sample_tlme'
01410 — where N is a positive integer.
Sample time [zec): 3 )
o —4—  Specify the sample time.
"upper' sideband or “lower" sideband:
‘upper’ —1— Specify whether to use the upper or lower
sideband.

Apply | Fewvert |




SSB-AM

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

SSB ADM

commod

1/1

No/No

Discrete time
ceil(Time_delay/Sample_time) +5
Yes
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T

oobB ADM
SSB ADM

Catagory Passband demodulation

Location Analog Mo/Dem, Passband Sublibrary

Description The SSB ADM (single sideband amplitude demodulation) recovers a message
signal from a signal modulated using the SSB AM technique.
Lowpass filters play an important role in the demodulation. Refer to chapter 3,
the Tutorial, for information on how to select the numerator and denominator
of the lowpass filter transfer function.

Dialog Box

Characteristics

Pair Block

Equivalent
M-function
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i 55B-ADM passband E

Passband S5B ADM [mask]
(Demodulate a 55B-AM modulated signal.

=

Carrier frequency [Hz):
100/2/pi

Lowpazs filker numeratar:
[4.57 9.14 457101

Lowpassz filker denominator:
[1-1.3108 .4936]

Initial phaze [rad]:
a

Sample time [zec):
i

Match the carrier frequency to that of the
corresponding SSB AM block.

The numerator of the lowpass filter transfer
function used in the demodulation.

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

The initial phase of the carrier frequency.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

SSB AM

comdemod

Match the sample time to that of the
corresponding SSB AM block.

11

No/No

Discrete time
Order_of_the_lowpass_filter
Yes



Al w TC

AM With Carrier

Catagory
Location

Description

Dialog Box

Passband modulation

Analog Mo/Dem, Passband Sublibrary

The AM With Carrier block modulates the input signal with a given carrier
frequency using the amplitude modulation with carrier technique. In this
method, the modulated output signal is given by

y(t) = (u(t) +k)sin(2mf t)

where y(t) is the output signal, u(t) the input signal to be modulated, f; is the
carrier frequency, and k an offset value that is added to the signal in this
modulation technique. It is common to set the value of k to the maximum
absolute value of the negative part of the input signal u(t). The output signal is
sinusoidal with its envelope having the shape of the input signal.

i AM with carmrier passband
Pazsband Ak with carier [mask)

Modulate the input zsignal uging amplitude modulation with
trahsmission carrier method.

Parameters

Input signal offset:
1

Carrier frequency [Hz):
100/2/pi

Initial phaze [rad]:
a

Sample time [zec)

.m —i

Apply | Fewvert |

The offset factor in the above AM equation. This
value should be larger than or equal to the abso-
lute value of the minimum value of the message
signal u(t).

The carrier frequency must be greater than the
frequency bandwidth of either of the input
message signals.

The initial phase of the carrier signal.

By the Nyquist sampling theorem,
1/sample_time > ZEbarrier_frequency.
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AM With Carrier

Characteristics

Pair Block

Equivalent
M-function
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No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

ADM with Carrier

commod

1/1

No/No
Discrete time
N/A

Yes



T
ADM w TC . .
ADM with Carrier

Catagory Passband demodulation

Location Analog Mo/Dem, Passband Sublibrary

Description The ADM with Carrier block recovers a message signal from an AM with
carrier modulated signal using the envelope detection method. The parameters
set in this block must match those used in the AM With Carrier block.
Lowpass filters play an important role in the demodulation. Refer to chapter 3,
the Tutorial, for information on how to select the numerator and denominator
of the lowpass filter transfer function.

Dialog Block

Characteristics

Pair Block

Equivalent
M-function

i ADM with carrier passband
Pazsband ADM with carrier [mask]

Demodulate an A with carrier modulated signal Match the offset factor and the carrier frequency

to those in the corresponding AM with Carrier
Parameters block.
Offzet factor:

! The initial phase of the carrier frequency.

Carrier frequency [Hz):
100/2/pi

Initial Phaze [rad):
a

The numerator of the lowpass filter transfer
function used in the demodulation.

Lowpazs filker numeratar:

[4.57 314 457F.01

Lowpassz filker denominator:
[1-1.3108 .4936]

Sample time [zec):
i

Apply | Fewvert |

Help |

No. of Inputs/Outputs

Vectorized Inputs/Outputs

Time Base
States

Direct Feedthrough

AM with Carrier

comdemod

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

By the Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

1/1

No/No

Discrete time

2 * Order_of_the_lowpass_filter
Yes
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Analog Modulation/Demodulation
Methods for Baseband Simulation

Prior to using the blocks in this section, you should read through the “Baseband
Simulation” section in chapter 3, the Tutorial.

A modulation block in baseband simulation takes a real signal and outputs a
complex signal. A demodulation block in baseband simulation takes a complex
sighal and outputs a real signal. In the Simulink block library of this toolbox,
a complex number is represented by a length two vector with the first element
being the real part and the second element being the image part of a complex
number.

The baseband block library is analogous to the passband simulation. For every
modulation/demodulation block in baseband, you can find a passband
counterpart in the passband and vice versa. The simulation results of these two
techniques should be very close to each other. The advantage of using the
baseband simulation is that the speed for baseband simulation can be much
faster than the passband simulation since the sample frequency for passband
simulation must be at least twice as the carrier frequency. There is no such
limit for the baseband simulation.

To match the result between the baseband and passband simulation, this
toolbox uses lowpass filters in the baseband simulation. Note that the sampling
frequency for the passband simulation may be different from the sampling
frequency for the baseband simulation. To obtain a similar feature of a filter
under a different sampling time, use the functions c2dm and d2cmin the Control
System Toolbox to convert the filters from one sample frequency to another, for
example, if your filter has the numerator, numl, and denominator, denl, at the
sampling time ts1. To get a filter with the same frequency response at
sampling time ts2, you can use the following commands to do the conversion.

[num, den] = d2cm(numl, denl, tsl);
[num2, den2] = c2dm(num, den, ts2);

The resulting new filter has numerator num2, denominator den2, and sampling
time ts2. The numerator num2 and denominator den2 with sampling time ts2
have the similar frequency response as the pair num1 and denl1 with sampling
time ts1.



The carrier frequency is no longer needed as a parameter in the baseband
modulation/demodulation simulation. If you don't care about the delay factors,
you can directly assign both numerator and denominator of the filter to be 1.

This figure shows the Analog Modulation/Demodulation, Baseband Sublibrary:

Ab with carrier

baseband

ADM weith carrier

baseband

I:IDemnnstratinn blocks

Figure 6-15: Analog Modulation/Demodulation, Baseband Sublibrary
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Analog Modulation/Demodulation

Baseband Reference Table

This table lists the Simulink blocks in the Analog Modulation/Demodulation
Baseband Sublibrary. (This table lists the blocks in alphabetical order for your

convenience.):

Block Name

Description

ADM with Carrier CE

AM with Carrier CC
DSB ADM CE

DSB-SC AM CE

FDM CE
FM CE
PDM CE
PM CE
QADM CE

QAM CE
SSB-ADM CE

SSB-AM CE

Amplitude demodulation
with carrier

Amplitude modulation with carrier

Double sideband amplitude
demodulation

Double sideband amplitude
modulation with suppressed carrier

Frequency demodulation
Frequency modulation
Phase demodulation
Phase modulation

Quadrature amplitude
demodulation

Quadrature amplitude modulation

Single sideband amplitude
demodulation

Single sideband amplitude
modulation
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R T
D=EE AM=k
DSB-SC AM CE
Catagory Baseband modulation
Location Analog Mo/Dem, Baseband Sublibrary
Description The DSB-SC AM CE (double sideband-suppressed carrier amplitude
modulation complex envelope) block modulates an input signal with a carrier
frequency. The input signal, u(t), is a real signal. The output signal, y(t), is a
complex signal represented by a length 2 vector. The first index is the real part
of the modulated signal, the second index is the complex part. The output of
this block is:
jo
y(©) = u(t)e
where 0 is the phase shift of the signal.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i DSB AM baszeband
DSE-5C &M CE [mask)

Output the complex envelope of a DSB-5C Ak
modulated zignal.

Parameters
Initial Phaze [rad):

pif2 — 11— The initial phase of the carrier frequency.

Apply | Fewvert | Help |

No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/Yes
Time Base Auto
States N/A
Direct Feedthrough Yes
DSB ADM CE

amodce
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i e

=B ADM
DSB ADM CE

Catagory Baseband demodulation

Location Analog Mo/Dem, Baseband Sublibrary

Description The DSB ADM CE (amplitude demodulation complex envelope) block recovers
a message signal from the input modulated signal. The input to this block is a
complex signal, represented in Simulink as a length 2 vector. The first element
is the real part of the signal, and the second is the imaginary part. The output
of this block is the recovered signal, which is a real scalar.
Lowpass filters play an important role in demodulation. Refer to chapter 3, the
Tutorial, for information on how to select the numerator and denominator of
the lowpass filter transfer function.

Dialog Box

Characteristics

Pair Block

Equivalent
M-function
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i DSB-ADM baseband E

~DSB-5C ADM CE [mask)

Demodulate the complex envelope of a DSB-5C Ak
modulated zignal.

The numerator of the lowpass filter transfer
function used in the demodulation.

=
F

Lowpazs filker numeratar:

[4.57 914 45701 The denominator of the lowpass filter transfer

) o function. For an FIR filter, set this parameter
Lowpassz filker denominator:
[1-1.3102 .4936] to 1.

Initial phaze [rad]:
pif2 The initial phase of the carrier frequency.

Sample time [zec):
a1 Match the sample time to that of the
corresponding DSB-SC AM block.

Apply | Fevert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Yes/No
Time Base Discrete time
States 2 * order_of_the_lowpass_filter
Direct Feedthrough Yes
DSB-SC AM
ademodce



R T
CIAM =k
QAM CE
Catagory Baseband modulation
Location Analog Mo/Dem, Baseband Sublibrary
Description The QAM CE (quadrature amplitude modulation complex envelope) block
modulates two independent input signals with a single carrier frequency
signal. The two input signals are real, and the output modulated signal is
complex. Simulink represents complex numbers as length 2 vectors. The first
element is the real part of the signal, and the second element is the imaginary
part. The mathematical operation in this block is:
- ie
y(t)=(ug(t) +uy(t))e
where y(t) is the complex output signal, u,(t) and u,(t) are the real input
signals, and 6 is the phase shift of the carrier frequency.
Input port 1 accepts an in-phase signal u,(t) and input port 2 accepts a
quadrature signal u,(t). The output port outputs y(t), the complex envelope of
the modulated signal.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i QAM baseband E

— Ot DSB-5C AM CE [mask)

Modulate the in-phase and quadrature component signal
from the 1st and 2nd input ports, baseband simulation.

=

Initial phaze [rad]:

The initial phase in the carrier signal.

Apply | Fevert | Help |
No. of Inputs/Outputs 2/1
Vectorized Inputs/Outputs No/Yes
Time Base Auto
States N/A
Direct Feedthrough Yes
QADM CE
amodce
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QADM CE

# LDADM

Catagory
Location

Description

Dialog Box
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Baseband demodulation
Analog Mo/Dem, Baseband Sublibrary

The QADM CE (quadrature amplitude demodulation complex envelope) block
recovers a message signal from a modulated input signal. This block accepts a
complex signal and outputs a two-part recovered message signal. The first
signal is in-phase part of the message signal, and the second is the quadrature
part.

The input port accepts the complex modulated signal. Output 1 outputs the
in-phase part of the message signal, and output port 2 outputs the quadrature
part.

Lowpass filters play an important role in demodulation. Refer to chapter 3, the
Tutorial, for information on how to select the numerator and denominator of
the lowpass filter transfer function.

i QADM baseband
OM DSB-5C ADM CE [mask)

Demodulate the complex envelope of a DAM modulated
zighal inta in-phase and quadrature components into 13t
and 2nd out ports. )
The numerator of the lowpass filter transfer func-

tion used in the demodulation.
FParameters

Lowpazs filker numeratar:

[457 3,14 45701 The denominator of the lowpass filter transfer

; ; function. For an FIR filter, set this parameter
Lowpassz filker denominator:
[1-1.3108 .4336] to 1.

Initial phase [rad): o )
0 4l Theinitial phase of the carrier frequency.
Sample time [zec):
iyl —+——— By the Nyquist sampling theorem,

1/sample_time > 2 * carrier_frequency.

Apply | Fewvert | Help |




QADM CE

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

QM DSB AM CE

ademodce

1/2

Yes/No

Discrete time

2 * order_of_the_lowpass_filter
Yes
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Fil =
FM CE
Catagory Baseband modulation
Location Analog Mo/Dem, Baseband Sublibrary
Description The FM CE (frequency modulation complex envelope) block modulates a

6-142

message signal using the frequency modulation technique. In FM, the
amplitude of the input signal directly affects the frequency of the modulated
signal.

The input to this block is a real signal. The output signal is a complex number,
which is the complex envelope of the frequency modulation of the input signal.
The mathematical relationship between the input and output signals is:

o/ g

j@+J' u(t)dtg

a < O
y(t) =e

where u(t) is the input signal, y(t) the output signal, and 6 the phase-shift in
the modulation.

The complex output is represented by a length 2 vector. The first element is the
real part of the signal, and the second element is the imaginary part.

It is possible to model FSK (frequency shift keying) in this block by setting the
symbol interval parameter. This parameter, when set to a value other than Inf,
resets the integrator in the above equation. To model FSK, set the value to the
length required to transmit an information bit. This forces an integrator reset
at the onset of each bit transmission.



FM CE

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i FM baszeband E
—FM CE [maszk]

Output the complex envelope of the FM signal

=
F

Initial phaze [rad]:
a
Sample time [second]:

.m

Sumbal interval [for digital mod, use Inf for analog mod):
Inf

The initial phase of the carrier signal.

By the Nyquist sampling theorem, 1/
sample_time > ZD:arrier_frequency.

Apply | Fewvert | Help | i Cloze

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

FDM CE

amodce

For analog modulation, set this parameter
to Inf. For FSK modeling, set it to the
length of time required to transmit a single
information bit.

1/1

Yes/No
Discrete time
1

No
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Characteristics

Pair Block

Equivalent
M-function
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#=  FDOM
FDM CE

Catagory Baseband demodulation

Location Analog Mo/Dem, Baseband Sublibrary

Description The PLL FDM CE (phase-locked loop frequency demodulation complex
envelope) block recovers a message signal from a modulated input signal. The
input signal to this block is complex, and this block represents complex signals
as length 2 vectors. The first element is the real part of the signal, and the
second is the imaginary part.
Lowpass filters play an important role in demodulation. Refer to chapter 3, the
Tutorial, for information on how to select the numerator and denominator of
the lowpass filter transfer function.

Dialog Box

i FDM baseband
FDM CE using PLL [mask)

Demodulate the complex envelope of a Fi zignal. The initial phase of the carrier signal

Parameters The numerator of the lowpass filter transfer
WCO initial phase [rad): . . .

0 function used in the demodulation.

Lowpass filter numerator: ) )
[4.57 9.14 4 57]-.01 The denominator of the lowpass filter transfer
T function. For an FIR filter, set this parameter
[1-1.3108 .4336] to 1.

Sample time [zec):
a1 —1—— By the Nyquist sampling theorem, 1/
sample_time > 2[tarrier_frequency.

Apply | Fewvert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States Order_of_the_lowpass_filter + 1
Direct Feedthrough No
FM CE
ademodce
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Ph =
PM CE
Catagory Baseband modulation
Location Analog Mo/Dem, Baseband Sublibrary
Description The PM CE (phase modulation complex envelope) block modulates an input
message signal using phase modulation technique. The input to this block is a
real signal. The output is a complex number represented by a length 2 vector.
The first element is the real part of the signal, and the second is the imaginary
part. This complex number is the complex envelope of the phase modulation.
The mathematical relationship between the input, u(t), and the output, y(t), is:
j(0+u(t
y(t) = @+ u(®)
where 0 is the phase shift in the modulation.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i PM baseband E

— P CE [mazk]
Output the complex envelope of a P modulated signal

=

Initial phaze [rad]:

The initial phase of the carrier frequency.

Apply | Fewvert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/Yes
Time Base Auto
States N/A
Direct Feedthrough Yes
PDM CE
amodce
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PDM CE -
Catagory Baseband demodulation
Location Analog Mo/Dem, Baseband Sublibrary
Description The PM CE (phase modulation complex envelope) block recovers a message
signal from a modulated input signal. The input to this block is a complex
signal. The output is the recovered real signal.
Lowpass filters play an important role in demodulation. Refer to chapter 3, the
Tutorial, for information on how to select the numerator and denominator of
the lowpass filter transfer function.
Dialog Box
—PLL PDM CE [mask]
gge:aol.dulate the complex envelope of a P modulated The initial phase of the carrier signal.
B L The numerator of the lowpass filter transfer
WCO initial phase [rad): . . .
0 function used in the demodulation.
Lowpazs filker numeratar:
[4.57 9,14 45701 The denominator of the lowpass filter transfer
L il deramiiielan function. For an FIR filter, set this parameter
[1-1.3108 .4536] to 1.
Sample time [zec):
a1 By the Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Yes/No
Time Base Discrete time
States Order_of _the_lowpass_filter + 2
Direct Feedthrough No
Pair Block PM CE
Equivalent
M-function ademodce
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SSB-AM CE

Catagory
Location

Description

Dialog Box

Baseband modulation
Analog Mo/Dem, Baseband Sublibrary

The SSB-AM CE (single sideband-amplitude modulation complex envelope)
block modulates an input message signal using amplitude modulation with a
Hilbert filter. The single sideband method requires the transmission of either
the lower or upper sideband signal, but not both. This limitation means that it
is not possible to transmit a DC component of the signal. For details on this
method, and on Hilbert transforms, refer to chapter 3, the Tutorial.

The input to this block is a real signal. The output is a complex signal. Simulink
represents a complex number by a length 2 vector. The first element is the real
part of the signal, and the second element is the imaginary part. The
mathematical relationship between the input, u(t), and the output, y(t), is:

y(t) = (u() +ja()e'’®

where 0 is the phase shift of the signal and @(t) is the Hilbert transform of the
input u(t).

i 55B-AM baseband E

—S55B-AM CE uzsing Hilbert transform filter. [mask]
Output complex envelope of a S5B AM modulated signal The initial phase (rad) of the carrier frequency.

=

[ Faramet Set the bandwidth of the input signal to 0 for no
'D”'“a' s (el compensation. Otherwise, set it to the highest
frequency component of the message signal.

Bandwidth of the input signal [Hz]:
10

Set the time delay to (N + 0. ime,
Time delay for Hilbert transform filker [sec): Yy (N 0.5)(5ample_time

1 where N is a positive integer.

Sample time [zec):

al The sample time of the calculation.
"upper' sideband or “lower" sideband:
‘upper’ Specify whether to use the upper or lower

sideband.

Apply Fewvert Help
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SSB-AM CE

Characteristics

Pair Block

Equivalent
M-function

6-148

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

SSB ADM

amodce

1/1

No/Yes

Discrete time
ceil(time_delay/sample_time) +5
Yes
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#53E ADM

SSB ADM

CE

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

Baseband demodulation

Analog Mo/Dem, Baseband Sublibrary

The SSB ADM (single sideband amplitude demodulation) block recovers a
message signal from a modulated input signal. The input to this block is a
complex signal represented by a length 2 vector. The first element is the real
part of the signal, and the second is the imaginary part. The output of this block

is a real signal.

Lowpass filters play an important role in demodulation. Refer to chapter 3, the
Tutorial, for information on how to select the numerator and denominator of
the lowpass filter transfer function.

+ SSB-ADM baseband

SSB-5C ADM CE [mask)

Demodulate the complex envelope of a S5B Akd
modulated zignal.

Parameters

Lowpazs filker numeratar:

[4.57 9.14 457101

Lowpassz filker denominator:
[1-1.3108 .4936]

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

SSB AM CE

ademodce

The numerator of the lowpass filter transfer
function used in the demodulation.

The denominator of the lowpass filter transfer
function. For an FIR filter, set this parameter
to 1.

The initial phase of the carrier signal.

By the Nyquist sampling theorem,
1/sample_time > 2 * carrier_frequency.

1/1

Yes/No

Discrete time
Order_of_the_lowpass_filter
Yes
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AM With Carrier CE

Al TR

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-150

Baseband modulation
Analog Mo/Dem, Baseband Sublibrary

The AM with Carrier CE (amplitude modulation with carrier complex
envelope) block modulates an input message signal using amplitude
modulation. The input to this block is a real signal, and the output is a complex
signal. Simulink represents a complex number by a length 2 vector. The first
element is the real part, and the second is the imaginary part. The
mathematical relationship between the input, u(t), and the output, y(t,) is:

y(t) = (u()+k)e!®

where ¢ is the phase shift of the signal and Kk is the initial signal offset.

i AM with carrier baseband
A CE with TC [mask]

Output complex envelope of an AM with transport carier B B
modulated signal The offset factor in the above AM equation.

This value should be larger than or equal to the
Input signal affset absolute v_alue of the minimum value of the

1 message signal u(t).

Initial phaze [rad]:
]

Parameters

—+—— The initial phase of the carrier signal.

Epply | Revert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Yes/No
Time Base Auto
States N/A
Direct Feedthrough Yes

ADM CE with Carrier

amodce
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A0 w TC . .
ADM with Carrier CE
Catagory Baseband demodulation
Location Analog Mo/Dem, Baseband Sublibrary
Description The ADM CE with Carrier (amplitude demodulation complex envelope with
carrier) block recovers a message signal from a modulated input signal. The
input to this block is a complex signal. Simulink represents complex numbers
by length 2 vectors. The first element of the vector is the real part of the
complex signal, and the second element is the imaginary part. The output is a
real signal.
Lowpass filters play an important role in demodulation. Refer to chapter 3, the
Tutorial, for information on how to select the numerator and denominator of
the lowpass filter transfer function.
Dialog Box

1 ADM with carrier baseband E
~ADM with TC CE [mask) Match the offset fact to the value used in the
Demodulate the complex envelope of an Akd with TC corresponding AM with Carrier CE block.

modulated zignal.

=

! B The numerator of the lowpass filter transfer

10“"’“‘ siopallcitsey function used in the demodulation.

Lowpass filker numeratar: . "
[4.57 9,14 4 5701 The denominator of the lowpass filter transfer

: : function. For an FIR filter, set this parameter
Lowpassz filker denominator:

[1-1.3105 .4936] to 1.
Initial Phaze [rad): o i )
0 The initial phase of the carrier signal.
Sample time [tz):
a1 By the Nyquist sampling theorem,
1/sample_time > 2[tarrier_frequency.
Apply Fewvert Help
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ADM with Carrier CE

Characteristics

Pair Block

Equivalent
M-Function

6-152

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

AM With Carrier CE

ademodce

11

Yes/No

Discrete time

2 * order_of_the_lowpass_filter
Yes



Digital Modulation/Demodulation
Methods for Passband Simulation

Adigital modulation block is the combination of a mapping block and an analog
modulation block. A digital demodulation block is the combination of an analog
demodulation block and a demapping block. The digital mapping/demapping
and modulation/demodulation blocks are discussed separately in the
“Passband Digital Modulation/Demodulation” sublibrary section. The blocks in
this “Digital Modulation/Demodulation” sublibrary combine the mapping and
modulation functions to make ready-to-use digital modulation and
demodulation blocks.

This sublibrary uses a default Butterworth lowpass filter in MASK and QASK
demodulation blocks. The default filter is designed by using the MATLAB
command:

[num,den] = butter(Ord,Fc[R2[Bample_time)

where Ord is the order of the filter, Fc is the carrier frequency in the
modulation, Sample_time is the calculation sampling time, and num and den are
the numerator and denominator of the lowpass filter. In this sublibrary, the
default lowpass filter has order 5. If you prefer to use your own filter, use
separate demapping and demodulation blocks from the “Passband Digital
Modulation/Demodulation” sublibrary, where you can customize your own
lowpass filters.
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The figure below shows the Digital Mod/Demod Mapping/Demapping
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dermoz?

Passband Sublibrary:
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Figure 6-16: Digital Modulation/Demodulation Passband Sublibrary
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Digital Modulation/Demodulation
Passband Reference Table
This table lists the Simulink blocks in the Digital Modulation/Demodulation

Passband Sublibrary. (This table lists the blocks in alphabetical order for your

convenience.):

Block Name

Description

Coherent MFSK Demod

MASK Demod

MASK Mod

MFSK Mod

MPSK Mod

MPSK Demod

Noncoherent MFSK Demod

Coherent multiple frequency shift-keying
(MFSK) demodulation followed by min/max
demapping

Double sideband suppressed carrier
amplitude demodulation (DSB-SC ADM)
followed by multiple amplitude shift-keying
(MASK) demapping

M-ary amplitude shift-keying (MFSK)
mapping followed by double sideband
suppressed carrier amplitude (DSB-SC AM)
modulation

Multiple frequency shift-keying (MFSK)
mapping followed by frequency modulation
(FM)

Multiple phase shift-keying (MPSK)
mapping followed by phase modulation

Coherent multiple phase shift-keying
(MPSK) correlation demodulation followed
by min/max demapping

Noncoherent multiple frequency
shift-keying (MFSK) demodulation followed
by min/max demapping
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Block Name Description

QASK Demod Arbitrary Quadrature amplitude demodulation

Constellation (QADM) followed by quadrature amplitude
shift-keying (QASK) demapping using an
arbitrary constellation

QASK Demod Circle Quadrature amplitude demodulation

Constellation (QADM) followed by quadrature amplitude
shift-keying (QASK) demapping using a
circle constellation

QASK Demod Square Quadrature amplitude demodulation

Constellation (QADM) with quadrature shift-keying
(QASK) demapping using a square
constellation

QASK Mod Arbitrary Quadrature amplitude shift-keying

Constellation mapping using an arbitrary constellation
followed by quadrature amplitude
modulation (QAM)

QASK Mod Circle Quadrature amplitude shift-keying

Constellation mapping using a circle constellation
followed by quadrature amplitude
modulation (QAM)

QASK Mod Square Quadrature amplitude shift-keying

Constellation mapping using a square constellation
followed by quadrature amplitude
modulation (QAM)
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MASK Mod

Catagory
Location

Description

Dialog Box

Passband Mapping/Modulation
Digital Mo/Dem, Passband Sublibrary

The MASK (multiple amplitude shift-keying) Mod block maps an input signal
and then modulates the mapped signal. This block is a combination of the
MASK Map and DSB-SC AM blocks. Refer to the individual reference pages for
these blocks for discussions of the techniques involved.

MASK Mod is a passband simulation block. There are three timing variables
in this block: duration of digit (T), carrier frequency (f;), and sample time (Ty).
You must select values for these variables so that they satisfy the
mathematical relations below:

Td > 1/fc > 200s

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. Typically, M equals 2, where K is a positive integer. The output of
this block is a modulated analog signal with a maximum amplitude equal to
one.

' MASK mod E
— Pazzband MASEK modulation [mask]

Modulate the input digital zsignal using k-ary amplitude
zhift keying method.

Specify the input digit range, [0, M-1].

td-ary number [input integer in range [0, M-1]):

3 The sample time of the input digit. When this

: parameter is a two-element vector, the second
Input gymbal interval [zec): .
1 element is the offset value.

Carrier frequency [Hz):

100/2/pi The frequency of the carrier signal.
Carrier initial phaze [rad):

0 The initial phase of the carrier signal.
Sample time [zec):

ol The calculation sample time. By the

Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

Apply Fewvert Help
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MASK Mod

Characteristics

Pair Block

Equivalent
M-function
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No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MASK Demod

dmod

1/1

No/No
Discrete time
N/A

Yes



AL
MASK
MASK Demod

Catagory Passband Demodulation/Demapping

Location Digital Mo/Dem, Passband Sublibrary

Description The MASK Demod block recovers a message signal from a modulated and
mapped input signal. This block is a combination of the Costas PLL DSB ADM
and the MASK Demap blocks. Refer to the reference pages for these blocks for
discussions of the techniques involved.
This block uses a default 5th order Butterworth filter, which it generates by
using the command:

[num,den] = butter(5,Fc*2*Ts);

The input to this block is an analog modulated signal with a maximum
amplitude equal to one. It outputs integers in the range [0, M-1], where M is
the multiple number.

Dialog Box

i MASK demod
Pazsband MASE. demodulation [mazk]

Demodulate a bMASE modulated signal

Parameters

t4-ary number [output integer in range [0, M-1]]:
3

Symbol interval [zec]:
Al — B

: Match these parameters to the ones used in the
Carrier Frequency [Hz]:

100/2/pi — corresponding MASK Mod block.
Initial phaze [rad]: o i 3
The initial phase of the carrier signal.

Sample time [zec):
a1 —7 The calculation sample time. By the
Nyquist sampling theorem,

1/sample_time > Zﬂ:arrier_frequency.

Apply | Fewvert | Help |
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MASK Demod

Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/Yes
Time Base Discrete time
States N/A
Direct Feedthrough Yes

Pair Block MASK Mod

Equivalent

M-function ddemod
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S-LIASK

QASK Mod Square Constellation

Catagory
Location

Description

Dialog Box

Passband Mapping/Modulation

Digital Mo/Dem, Passband Sublibrary

The QASK (quadrature amplitude shift-keying) Mod Square Constellation
block maps an input signal into a square constellation signal space and then
modulates the mapped signal. This block is a combination of the QASK Map
Square Constellation and QM DSB AM blocks. Refer to their individual
reference pages for descriptions of the techniques involved.

QASK Mod Square Constellation block is a passband simulation block. There
are three timing variables in this block: duration of digit (T ), carrier frequency
(fo), and sample time (T). You must select values for these variables so that
they satisfy the mathematical relations below:

Td > 1/fc > 200s

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The multiple number equals the total number of points in the square
constellation and typically is equal to 2X, where K is a positive integer. The

output of this block is a modulated analog signal with a maximum amplitude

equal to one.

i Square-map QASK mod
Paszzband 5-045K modulation [mask]

Modulate the input zsignal ugsing quadrature amplitude shift
keying modulation method with square constellation.

Parameters
td-ary number [input digits in range [0, M-1]]:
g

Symbol interval [zec]:
Al

Carrier frequency [Hz):

100/2/pi I

Initial phaze [rad]:

] —

Sample time [zec):

.m —i

Apply | Fewvert | Help |

Specify the input range. The input digit is in the
integer range [0,M-1]. Generally M=2K, where K
is a positive integer.

The sample time of the input digit. When this
parameter is a length 2 vector, the second
element is the offset value.

The carrier frequency.

The initial phase of the carrier frequency.
The calculation sample time. By the

Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.
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QASK Mod Square Constellation

Characteristics

Pair Block

Equivalent
M-function

6-162

No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/No

Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Demod Square Constellation

dmod for modulation



S-LASK

QASK Demod Square Constellation

Catagory
Location

Description

Dialog Box

Passband Demodulation/Demapping

Digital Mo/Dem, Passband Sublibrary

The QASK (quadrature amplitude shift-keying) Demod Square Constellation
block demodulates an input signal and then demaps the demodulated signal.
This block is a combination of the QM DSB-SC ADM and QASK Demap Square
Constellation blocks. Refer to their individual reference pages for descriptions

of the techniques involved.

The QASK Demod Square Constellation is a passband simulation block. There
are three timing variables in this block: duration of digit (T ), carrier frequency
(fo), and sample time (T). You must select values for these variables so that

they satisfy the mathematical relations below:

Td > 1/fc > 200s

This block uses a default 5th order Butterworth lowpass filter, which it

generates using the command:

[num,den] = butter(5,Fcl2s);

This block accepts a modulated analog signal with a maximum amplitude
equal to one. The output of this block is an integer in the range [0, M-1], where

M is the multiple number.

i Square-map QASK demod
Paszzband 5-045K demodulation [mask)

Demodulate a Q45K modulated signal using square
constellation.

Parameters

-ary number [output integer in range [0 k-1]]:

g

Symbol interval [zec]:

Al —

Carrier Frequency [Hz]:

100/2/pi —

Initial phaze [rad]:

Sample time [zec):
i —

Apply | Fewvert | Help |

Match these parameters to the ones used in the
corresponding QASK Mod Square Constellation
block. The offset value in Symbol interval can

be different.

The calculation sample time. By the
Nyquist sampling theorem,

1/sample_time > Zﬂ:arrier_frequency.
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QASK Demod Square Constellation

Characteristics

Pair Block

Equivalent
M-function
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No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/No

Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Mod Square Constellation

ddemod for demodulation



L TA—n,
C-GASK . .
QASK Mod Circle Constellation
Catagory Passband Mapping/Modulation
Location Digital Mo/Dem, Passband Sublibrary
Description The QASK (quadrature amplitude shift-keying) Mod Circle Constellation block

maps an input signal into a circle constellation signal space and then
modulates the mapped signal. This block is a combination of the QASK Map
Circle Constellation and QM DSB AM blocks. Refer to their reference pages for
descriptions of the techniques involved.

QASK Mod Circle Constellation is a passband simulation block. There are
three timing variables in this block: duration of digit (Ty), carrier frequency
(fo), and sample time (T). You must select values for these variables so that
they satisfy the mathematical relations below:

Td > 1/fc > 2[0s

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The multiple number equals the total number of points in the circle
constellation. The output of this block is a modulated analog signal with a
maximum amplitude equal to one.

The modulation initial phase defaults to zero in this block. If you want to use a
different value, use the QASK Map Circle Constellation and QM DSB AM
blocks separately.
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QASK Mod Circle Constellation

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-166

i Circle-map QASK mod
Paszzband C-045K modulation [mask]

Modulate the input digital signal using quadrature
amplitude shift keying method with circle constellation.

Parameters
Mumber of symbols on each circle MIC:
[61218 24 30 38]

R adii for each circle RIC:
[11.932.883.83 4.78 6.08]

Fhase shift on each circle PIC [rad):
[oooooa

Symbol interval [zec]:
Al

Carrier Frequency [Hz]:
100/2/pi

Sample time [zec):
i

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

The number of symbols on each circle. The
elements of this vector must be positive integers.

The radius and phase shift for each circle. The
length of each of these vectors must equal the
length of the Number of symbols on each
circle vector.

The sample time of the input digit. When this
parameter is a two-element vector, the second
element is the offset value.

The signal’s carrier frequency.

The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

1/1

No/No
Discrete time
N/A

Yes

QASK Demod Circle Constellation

dmod for modulation
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C-QASK
QASK Demod Circle Constellation

Catagory Passband Demodulation/Demapping

Location Digital Mo/Dem, Passband Sublibrary

Description The QASK (quadrature amplitude shift-keying) Demod Circle Constellation
block demodulates an input signal and then demaps the demodulated signal.
This block is a combination of the QM DSB-SC ADM and QASK Demap Circle
Constellation blocks. Refer to their reference pages for descriptions of the
techniques involved.
This block uses a default 5th order Butterworth filter, which it generates by
using the command:

[num,den] = butter(5,Fc*2*Ts);

The input to this block is an analog modulated signal with a maximum
amplitude equal to one. It outputs integers in the range [0, M-1], where M is
the multiple number.

Dialog Box

+ Circle-map QASK demod
Paszzband QASK demodulation [maszk]
Demodulate a Q45K modulated signal with circle
constellation.

Parameters

Mumber of symbols on each circle MIC:

[61218 24 30 38]

R adii for each circle RIC:

[11.932.883.83 4.78 6.08]

Fhase shift on each circle PIC [rad):
[oooooa

Symbol interval [sec) )
C— =] | Match these parameters to the ones used in the

: ; corresponding MASK Mod block.The offset in
Carrier frequency [Hz): . 3
100/2/pi Symbol interval may be different.
Sampling time [zec): i i
iyl —+——— The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

Apply | Fewvert | Help |
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QASK Demod Circle Constellation

Characteristics

Pair Block

Equivalent
M-function
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No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/Yes

Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Mod Circle Constellation

ddemod for demodulation computation
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QASK Mod Arbitrary Constellation

Catagory Passband Mapping/Modulation
Location Digital Mo/Dem, Passband Sublibrary

Description The QASK (quadrature amplitude shift-keying) Mod Arbitrary Constellation
block maps an input signal into a user-defined constellation signal space and
then modulates the mapped signal. This block is a combination of the QASK
Map Arbitrary Constellation and QM DSB AM blocks. Refer to their reference
pages for descriptions of the techniques involved.

QASK Mod Arbitrary Constellation is a passband simulation block. There are
three timing variables in this block: duration of digit (Ty), carrier frequency
(fo), and sample time (T). You must select values for these variables so that
they satisfy the mathematical relations below:

Td > 1/fc > 2*Ts

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The multiple number equals the total number of points in the
user-defined arbitrary constellation. The output of this block is a modulated
analog signal with a maximum amplitude equal to one.

Dialog Box

3 Arbitrary-map QASK mod
Paszzband A-map Q45K modulation [maszk]

Modulate the input digital signal using quadrature
amplitude shift keying method with arbitrary constellation.

Parameters Define the in-phase and quadrature components

sl eleomponegy of each point in the constellation.

reallexplj[0:8-1]/8*pi*2]]

Wector of quadrature component: . . .. .
imaniespli 081 V3 pr2] The sample time of the input digit. When this

: parameter is a two-element vector, the second
Symbol interval [zec]: .
1 element is the offset value
Carrier frequency [Hz): i
100/2/pi —t  Thecarrier frequency.
Initial phaze [rad]:
0 —+——— The initial phase of the carrier frequency.
Sample time [zec):
ol ——— The calculation sample time. By the
Nyquist sampling theorem,

1/sample_time > Zﬂ:arrier_frequency.

Apply | Fewvert | Help |
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QASK Mod Arbitrary Constellation

Characteristics

Pair Block

Equivalent
M-function

6-170

No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/No

Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Demod Arbitrary Constellation

dmod for modulation



A CATR

QASK Demod Arbitrary Constellation

Catagory
Location

Description

Dialog Box

Passband Demodulation/Demapping
Digital Mo/Dem, Passband Sublibrary

The QASK (quadrature amplitude shift-keying) Demod Arbitrary
Constellation block demodulates an input signal and then demaps the
demodulated signal. This block is a combination of the QM DSB-SC ADM and
QASK Demap Arbitrary Constellation blocks. Refer to their reference pages for
descriptions of the techniques involved.

This block uses a default 5th order Butterworth filter, which it generates by
using the command:

[num,den] = butter(5,Fc*2*Ts);

The input to this block is an analog modulated signal with a maximum
amplitude equal to one. It outputs integers in the range [0, M-1], where M is
the multiple number. The multiple number equals the total number of points
in the constellation; it is also equal to the length of the evocator of in-phase
components.

3 Arbitrary-map QASK demod
Paszzband A-map QaSK demodulation [mask]
Demodulate a Q45K modulated signal with user-defined
arbitrary constellation.

Parameters

Wector of in-phaze component:
reallexplj[0:8-1]/8*pi*2]]

Wector of quadrature component:
imaglexp(j[0:8-1]/8*pi*2]]

Symbol interval [zec]:

Al

Carrier frequency [Hz): i
100/2/pi 4 Match these parameters to the ones used in the
el s el corresponding QASK Mod block. The offset value
0 in Symbol interval can be different.

Sample time [zec):
a1 —+—— The calculation sample time. By the

Nyquist sampling theorem,

Apply | Fewvert |

1/sample_time > Zﬂ:arrier_frequency.
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QASK Demod Arbitrary Constellation

Characteristics

Pair Block

Equivalent
M-function

6-172

No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/Yes

Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Mod Arbitrary Constellation

ddemod for demodulation computation



MW Sl

MFSK Mod

Catagory
Location

Description

Dialog Box

Passband Mapping/Modulation
Digital Mo/Dem, Passband Sublibrary

The MFSK (multiple frequency shift-keying) Mod block maps an input signal
and then modulates the mapped signal. This block is a combination of the
MFSK Map and FM blocks. Refer to the individual reference pages for these
blocks for descriptions of the techniques involved.

MFSK Mod is a passband simulation block. There are three timing variables in
this block: duration of digit (T), carrier frequency (f.), and sample time (T,).
You must select values for these variables so that they satisfy the
mathematical relations below:

Td > 1/fc > 200s

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The output of this block is a modulated analog signal with a maximum
amplitude equal to one.

{ MFSK mod <]
- Passband F3K madulation [mask) ——————— The frequency separation between two

Modulate the input digital signal ugsing b-ary frequency

A ) neighboring input integers. The tone space

is also known as the frequency separation.

=
F

Tone space[Hz):

/15 The sample time of the input digit. When this

) ) parameter is a two-element vector, the second
Symbol interval [zec]: N
q element is the offset value

Carrier frequency [Hz): i
100 The carrier frequency.

Initial phaze [rad]:

The initial phase of the carrier frequency.
Sample time [zec):
01 The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

Apply Fewvert Help
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MFSK Mod

Characteristics

Pair Block

Equivalent
M-function

6-174

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MFSK Demodulation

dmod

1/1

No/No
Discrete time
N/A

Yes



A AN
Cohe MFSK
Coherent MFSK Demod
Catagory Passband Demodulation/Demapping
Location Digital Mo/Dem, Passband Sublibrary
Description The Coherent MFSK (multiple frequency shift-keying) Demod block
demodulates an input signal and then demaps the demodulated signal. This
block is a combination of the Coherent MFSK Corr Demap and Min/Max
Demap blocks. Refer to their individual reference pages for descriptions of the
techniques involved.
Coherent MFSK Demod is a passband simulation block. There are three timing
variables in this block: duration of digit (T), carrier frequency (f;), and sample
time (T;). You must select values for these variables so that they satisfy the
mathematical relations below:
Td > 1/fc > 2[0s
Dialog Box

i Coherent MFS5K demod
Passband MFSK demodulation [mask)

Demodulate a MFSK modulated signal using coherent
demodulation method.

Parameters

td-ary number [output digits in range [0, M-1]):

g

Tone space [Hz):
8.1/

Symbol interval [zec]:
Al

Carrier frequency [Hz):

100 — Match these parameters to the ones used in the
I —— corresponding MFSK Mod block. The offset value
0 in Symbol interval can be different.

Sample time [zec):
i —

The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

Apply | Fewvert | Help |
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Coherent MFSK Demod

Characteristics

Pair Block

Equivalent
M-function
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No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MFSK Mod

demod

1/1

No/Yes
Discrete time
N/A

Yes



N
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Noncoherent MFSK Demod

Catagory
Location

Description

Dialog Box

Passband Demodulation/Demapping
Digital Mo/Dem, Passband Sublibrary

The Noncoherent MFSK (multiple frequency shift-keying) Demod block
demodulates an input signal and then demaps the demodulated signal. This
block is a combination of the Noncoherent MFSK Corr Demap and Min/Max
Demap Arbitrary Constellation blocks. Refer to their individual reference
pages for descriptions of the techniques involved.

Noncoherent MFSK Demod is a passband simulation block. There are three
timing variables in this block: duration of digit (T), carrier frequency (f,), and
sample time (T). You must select values for these variables so that they satisfy
the mathematical relations below:

Td > 1/fc > 200s

i Honcoherent MFSK demod
Pazsband MPSE demodulation [mazk]

Demodulate a MFSK modulated signal using noncoherent
method.

Parameters

td-ary number [output digits in range [0, M-1]):

g

Tone space [Hz):
8.1/

Symbol interval [zec]:
Al

Carrier frequency [Hz):

100 4 Match these parameters to the ones used in the
b ; corresponding MFSK Mod block. The offset value
ritial phase [rad): N N N

pif6 in Symbol interval can be different.

Sample time [zec):

i —+——— The calculation sample time. By the

Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

Apply | Fewvert | Help |
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Noncoherent MFSK Demod

Characteristics

Pair Block

Equivalent
M-function

6-178

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MFSK Mod

ddemod

1/1

No/Yes
Discrete time
N/A

Yes



L TR,
MPSk
MPSK Mod

Catagory Passband Mapping/Modulation

Location Digital Mo/Dem, Passband Sublibrary

Description The MPSK (multiple phase shift-keying) Mod block maps an input signal and
then modulates the mapped signal. This block is a combination of the MPSK
Map and PM blocks. Refer to their individual reference pages for descriptions
of the techniques involved.
MPSK Mod is a passband simulation block. There are three timing variables in
this block: duration of digit (Ty), carrier frequency (f.), and sample time (Ty).
You must select values for these variables so that they satisfy the
mathematical relations below:

Td > 1/fc > 2[0s

The input signal to this block is an integer in the range [0, M-1], where M is the
multiple number. The output is a modulated analog signal with a maximum
amplitude equal to one.

Dialog Box

' MPSK mod
Passband MPSE modulation [mask]

Modulate the input zsignal ugsing k-ary phaze shift keying
method.

Parameters

td-ary number [input integer in range [0, M-1]):

g

Symbol interval [zec]:
Al

Carrier frequency [Hz):
100/2/pi

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help |

Specify the range of the input digits. The range is
[0, M-1].

The sample time of the transmitted digit symbol.
When this parameter is a two-element vector, the
second element is the offset value.

The frequency of the carrier signal.

The initial phase of the carrier frequency.

The calculation sample time. By the

Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.
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MPSK Mod

Characteristics

Pair Block

Equivalent
M-function

6-180

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MPSK Demod

dmod

1/1

No/No
Discrete time
N/A

Yes



A AT
MPSk
MPSK Demod

Catagory Passband Demodulation/Demapping

Location Digital Mo/Dem, Passband Sublibrary

Description The MPSK (multiple phase shift-keying) Demod block demodulates an input
signal and then demaps the demodulated signal. This block is a combination of
the MPSK Corr Demap and Min/Max Demap blocks. Refer to their individual
reference pages for descriptions of the techniques involved.
MPSK Demod is a passband simulation block. There are three timing variables
in this block: duration of digit (T), carrier frequency (f;), and sample time (Ty).
You must select values for these variables so that they satisfy the
mathematical relations below:

Td > 1/fc > 2[0s

The input signal to this block is a modulated analog signal with a maximum
amplitude equal to one. The output is an integer in the range
[0, M-1], where M is the multiple number.

Dialog Box

i MPSK demod
Pazsband MPSE demodulation [mazk]

Demodulate a MPSK modulated signal using corelation
method.

Parameters

t4-ary number [output integer in range [0, M-1]]:

g

Symbol interval [zec]:
Al

Carrier frequency [Hz): i
100/2/pi 4 Match these parameters to the ones used in the
el s el corresponding MPSK Mod block. The offset value
0 in Symbol interval may be different.

Sample time [zec):
i —

The calculation sample time. By the
Nyquist sampling theorem,

Apply | Rewvert | Help | 1/sample_time > Z[larrier_frequency.
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MPSK Demod

Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes

Pair Block MPSK Mod

Equivalent

M-function ddemod
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Digital Modulation/Demodulation

Methods for Baseband Simulation

The blocks included in the Digital Modulation/Demodulation, Baseband
Sublibrary are the baseband counterparts of the blocks introduced in the
Digital Modulation/Demodulation, Passband Simulation Sublibrary.

You must specify the numerators and denominators of the lowpass filter’s
transfer function when using the MASK and QASK demodulation blocks. Read
the introduction of the last section for possible choices. You can simply set both
the numerator and denominator to 1 for your simulation if you choose not to
use a filter.
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The figure below shows the Digital Modulation/Demodulation Baseband
Sublibrary:

L Ti—n A MASK
MASK =k |——{4 MASK =
MASK mod MASEK demod
baseband baseband
LI Ti—n Af— S QASK
S-CAS R e e 5-0ASK ;jEFI"IEI
S-map QASK S-map QASK
mod baseband dernod baseband
L a—n Af—p C.OASK
C-CAS e —— 4 C-0ASK ;:ieml:u
C-map QASK C-map QASK
tnod haseband dernod baseband
L a—n, Af—p A QASK
A A e e B (A S ;:iemn
A-map DASK A-map QASK
mod baseband dernod baseband
Sl TYOWTY LT LW —
MFSK =k i -l F Sk S C-MF S demo
MF Sk mod Coh MFSK Moncoh MFSk
baseband dernod baseband demod baseband
Wl (TR AN MPSIK
MPSK =e—{3 MPSI derno
P SK mod MP S demod
baseband baseband
I:IDemDnstratinn blocks o

Functional blocks

Figure 6-1: The Digital Modulation/Demodulation Baseband Sublibrary
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Digital Modulation/Demodulation
Baseband Reference Table
This table lists the blocks in the Digital Mod/Demod Mapping/Demapping

Baseband sublibrary. (This table lists the blocks in alphabetical order for your

convenience.):

Block Name

Description

Coherent MFSK Demod CE

MASK Demod CE

MASK Mod CE

MFSK Mod CE

MPSK Demod CE

MPSK Mod CE

Noncoherent MFSK Demod
CE

Multiple frequency shift-keying (MFSK)
baseband coherent demodulation followed
by min/max demapping

Double sideband amplitude demodulation
(DSB ADM) followed by multiple amplitude
shift-keying (MASK) baseband
demodulation

Multiple amplitude shift-keying (MASK)
baseband mapping followed by double
sideband amplitude modulation (DSB AM)

Multiple frequency shift-keying (MFSK)
baseband mapping followed by frequency
modulation (FM)

Multiple phase shift-keying (MPSK)
baseband demodulation followed by min/
max demapping

Multiple phase shift-keying baseband
mapping followed by phase modulation
(PM)

Multiple frequency shift-keying baseband
noncoherent demodulation followed by min/
max demapping
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6-186

Block Name

Description

QASK CE Demod Arbitrary
Constellation

Double sideband suppressed carrier
amplitude demodulation (DSB-SC ADM)
followed by quadrature amplitude
shift-keying (QASK) demodulation using an
arbitrary constellation

QASK Demod CE Circle
Constellation

QASK Demod CE Square
Constellation

QASK Mod CE Arbitrary
Constellation

QASK Mod CE Circle
Constellation

QASK Mod Square
Constellation

Double sideband suppressed carrier
amplitude demodulation (DSB-SC ADM)
followed by quadrature amplitude
shift-keying (QASK) demodulation using a
circle constellation

Double sideband suppressed carrier
amplitude demodulation (DSB-SC ADM)
followed by quadrature amplitude
shift-keying (QASK) demodulation using a
square constellation

Quadrature amplitude shift-keying (QASK)
modulation using an arbitrary constellation
followed by double sideband suppressed
carrier amplitude modulation (DSB AM)

Quadrature amplitude shift-keying (QASK)
modulation using a circle constellation
followed by double sideband suppressed
carrier amplitude modulation (DSB AM)

Quadrature amplitude shift-keying (QASK)
modulation using a square constellation
followed by double sideband suppressed
carrier amplitude modulation (DSB AM)




L hA—
MASK =
MASK Mod CE
Catagory Baseband Mapping/Modulation
Location Digital Mo/Dem, Baseband Sublibrary
Description The MASK (multiple amplitude shift-keying) Mod CE block maps an input
signal and then modulates the mapped signal with a complex envelope. This
block is a combination of the MASK Map and DSB-SC AM CE blocks. Refer to
the reference pages for these blocks for a discussion of the techniques involved.
This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. Typically, M equals 2X, where K is a positive integer. The output of
this block is a modulated analog signal with a maximum amplitude equal to
one.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

— Bazeband MASE modulation [mask)

Output the complex envelope of the amplitude shift
keying modulated zignal.

td-ary number [input integers in the range [0, M-1]):
18

Input symbal interval and offzet [zec):

.2

Initial phaze [rad]:

a

Specify the input digit range, [0, M-1].

The sample time of the input symbol. When this
parameter is a two-element vector, the second
element is the offset value.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MASK Demod CE

dmodce

1/1
No/Complex
Discrete time
N/A

Yes

The initial phase of the carrier signal.
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MASK Demod CE

Catagory Baseband Demodulation/Demapping
Location Digital Mo/Dem, Baseband Sublibrary
Description The MASK (multiple amplitude shift-keying) Demod CE block demodulates

with complex envelope an input signal and then the demaps the demodulated
signal. This block is a combination of the Costas PLL DSB ADM CE and the
MASK Demap blocks. Refer to the individual reference pages for these blocks
for discussions of the techniques involved.

This block accepts a modulated complex signal with its maximum amplitude
equal to one. It outputs integers in the range [0, M-1], where M is the multiple

number.
Dialog Box

— Bagzeband MASE. demodulation [mazk]

Demodulate the complex envelope of a MASK modulated
zignal.

=

t4-ary number [output integer in range [0, M-1]]:
16

Output symbol interval and offset [zec]:
[.2..2-01]

Initial phaze [rad]:
a

Lowpazs filker numeratar:
1

Lowpassz filker denominator:
1

Filter zample time [zec]:
i

Apply Fewvert Help

6-188

Match these parameters to the ones used in the
corresponding MASK Mod Ce block. The offset
value in Symbol interval can be different.

The initial phase of the carrier signal.

Specify the numerator of the lowpass filter used
in the demodulation. Set this parameter to 1 if
you do not need a lowpass filter.

The denominator of the lowpass filter. If the
filter is FIR or if you do not need a lowpass filter,
set this parameter to 1.

The filter sample time. The sample time of the
filter is also the block calculation sample time.



MASK Demod CE

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MASK Mod CE

ddemodce

1/1
Complex/No
Discrete time
N/A

Yes

6-189



QASK Mod CE Square Constellation

S-LIASKE

Catagory
Location

Description

Dialog Box

6-190

Baseband Mapping/Modulation
Digital Mo/Dem, Baseband Sublibrary

The QASK (quadrature amplitude shift-keying) Mod Square CE Constellation
block maps an input signal into a square constellation signal space and then
modulates the mapped signal with complex envelope. This block is a
combination of the QASK Map Square Constellation and QM DSB AM CE
blocks. Refer to their individual reference pages for descriptions of the
techniques involved.

QASK Mod CE Square Constellation is a passband simulation block. There are
three timing variables in this block: duration of digit (T), carrier frequency
(f.), and sample time (T). You must select values for these variables so that
they satisfy the mathematical relations below:

Td > 1/fc > 2[0s

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The multiple number equals the total number of points in the square
constellation and typically is equal to 2X, where K is a positive integer. The
output of this block is a modulated analog complex signal with a maximum
amplitude of both the in-phase and quadrature components equal to one.

i 5-map QASK mod baseband
Baseband 5-045K modulation [maszk]

Output the complex envelope of the DASK modulated
zignal. Thiz block uzes a square constellation with M-ary
number M=2"K. K. is an integer.

Specify the input range. The input digit is in the
integer range [0,M-1].

FParameters

td-ary number [input digits in range [0, M-1]]: B . .

16 The sample time of the input symbol. When this
: ; parameter is a two-element vector, the second

Symbol interval and offzet [zec): N

2 element is the offset value.

Initial phaze [rad]:
The initial phase of the carrier frequency.
Sample time [zec):

o — The calculation sample time. By the

Nyquist sampling theorem,

Apply | Revert | Help | 1/sample_time > 2*carrier_frequency.




QASK Mod CE Square Constellation

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/Complex
Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Demod CE Square Constellation

dmodce

6-191



QASK Demod CE Square Constellation

S-LIASK

Catagory
Location

Description

Dialog Box

6-192

Baseband Mapping/Modulation
Digital Mo/Dem, Baseband Sublibrary

The QASK (quadrature amplitude shift-keying) Demod CE Square
Constellation block demodulates a complex input signal and then demaps the
demodulated signal using QASK. This block is a combination of the QM
DSB-SC ADM CE and QASK Demap Square Constellation blocks. Refer to
their individual reference pages for descriptions of the techniques involved.

QASK Demod Square Constellation is a passband simulation block. There are
three timing variables in this block: duration of digit (T), carrier frequency
(f), and sample time (T,). You must select values for these variables so that
they satisfy the mathematical relations below:

Td > 1/fc > 2[0s

This block accepts a modulated complex analog signal with a maximum
amplitude equal to one in both the in-phase and quadrature components. The
output of this block is an integer in the range [0, M-1], where M is the multiple
number.

i 5-map QASK demod baseband

Baseband 5-045K demodulation [mask] M h th h di h
Demodulate the complex envelope of a DASK modulated atch these parameters to the ones used in the

signal. This block uses a fixed square constellation with corresponding QASK Mod CE Square Constella-

M-ary number M=2"K.. where K is an integer. tion block. The offset value in Symbol interval

can be different.

FParameters

'1*"8'5'9 rumber [integer in range [0 M-1]: Specify the numerator of the lowpass filter used
in the demodulation. Set this parameter to 1 if

Symbol interval and offzet [zec): you do not need a Iowpass filter

2

L il tor: . - -
1owpass RermEEes The denominator of the lowpass filter. If the filter

L : o is FIR or if you do not need a lowpass filter, set

owpass filker denaminatar: N

1 this parameter to 1.

Initial phaze [rad]:
—1—— The initial phase of the carrier signal.

Sample time [zec):

a1 ——— The filter sample time, which also specifies the

calculation sample time.

Apply | Fewvert |




QASK Demod CE Square Constellation

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Complex/No
Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Mod CE Square Constellation

ddemodce
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QASK Mod CE Circle Constellation

C-LASKx

Catagory
Location

Description

6-194

Baseband Mapping/Modulation
Digital Mo/Dem, Baseband Sublibrary

The QASK (quadrature amplitude shift-keying) Mod CE Circle
Constellation block maps a complex input signal into a circle constellation
signal space and then modulates the mapped signal. This block is a
combination of the QASK Map Circle Constellation and QM DSB AM CE
blocks. Refer to their reference pages for descriptions of the techniques
involved.

QASK Mod CE Circle Constellation is a passband simulation block. There are
three timing variables in this block: duration of digit (T), carrier frequency
(f.), and sample time (T). You must select values for these variables so that
they satisfy the mathematical relations below:

Td > 1/fc > 2[0s

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The multiple number equals the total number of points in the circle
constellation. The output of this block is a modulated analog signal with a
maximum amplitude equal to one.



QASK Mod CE Circle Constellation

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i+ C-map QASK mod baseband
Baseband C-Q45K modulation [maszk]

Output the complex envelope of a DASK modulated
sighal. The BASK circle constellation is defined by the
NIC, RIC. and PIC.

Parameters

Mumber of symbaols in each circle [MIC]:
[61218 24 30 38]

Fiadii in each circle [RIC]:
[11.932.883.83 4.78 6.08]

Phaze shift in each circle [PIC, rad):
[oooon

Initial phaze [rad]:
a

Symbol interval [zec]:
.2

Sampling time [zec):
i

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

The number of symbols on each circle. The

elements of this vector must be positive integers.

The radius and phase shift for each circle. The
length of this vector must equal the length of the
Number of symbols in each circlevector.

The initial phase of the carrier signal.

The sample time of the input digit. When this
parameter is a two-element vector, the second
element is the offset value.

The calculation sampling time. By the
Nyquist sampling theorem,
1/sample_time > 2*carrier_frequency.

1/1
No/Complex
Discrete time
N/A

Yes

QASK Demod CE Circle Constellation

dmodce
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QASK Demod CE Circle Constellation

An—n—
= C-OASK

Catagory
Location

Description

Dialog Box

6-196

Baseband Demodulation/Demapping

Digital Mo/Dem, Baseband Sublibrary

The QASK (quadrature amplitude shift-keying) Demod CE Circle
Constellation block demodulates a complex input signal and then demaps the
demodulated signal. This block is a combination of the QM DSB-SC ADM CE
and QASK Demap Circle Constellation blocks. Refer to their individual
reference pages for descriptions of the techniques involved.

The input to this block is an analog modulated signal with a maximum
amplitude equal to one. It outputs integers in the range [0, M-1], where M is

the multiple number.

i C-map QASK demod baseband
Baseband C-Q4SK demodulation [mask]

RIC, and PIC.

Parameters
Mumber of symbaols in each circle [MIC]:
[61218 24 30 38]

Fiadii in each circle [RIC]:
[11.932.883.83 4.786.08]

Phaze shift in each circle [PIC, rad):
[oooon

Symbol interval [zec]:
.2

Lowpass filter [hum; den] [a 2 % n matris):
[1:]

Sampling time [zec):
i

Apply | Fewvert | Help |

Demodulate the complex envelope of a DASK modulated
sighal. The DASK circle constellation iz defined by NIC,

Match these parameters to the ones used in the
corresponding MASK Mod CE Circle Constella-
tion block. The offset value in Symbol interval
can be different.

Specify the numerator of the lowpass filter used
in the demodulation. Set this parameter to 1 if
you do not need a lowpass filter.

The denominator of the lowpass filter. If the filter
is FIR or if you do not need a lowpass filter, set
this parameter to 1.

The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > 2*carrier_frequency.



QASK Demod CE Circle Constellation

Characteristics

Pair Block

Equivalent
M-function

No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Complex/No
Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Mod CE Circle Constellation

ddemodce
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QASK Mod CE Arbitrary Constellation

A LAS KR

Catagory
Location

Description

Dialog Box

6-198

Baseband Mapping/Modulation

Digital Mo/Dem, Baseband Sublibrary

The QASK (quadrature amplitude shift-keying) Mod CE Arbitrary
Constellation block maps a complex input signal into a user-defined
constellation signal space and then modulates the mapped signal. This block is
a combination of the QASK Map Arbitrary Constellation and QM DSB AM CE
blocks. Refer to their individual reference pages for descriptions of the

techniques involved.

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The multiple number equals the total number of points in the
user-defined arbitrary constellation. The output of this block is a modulated
analog signal with a maximum amplitude equal to one.

i A-map QASK mod baseband
Baseband &-Q45K modulation [mask]

Output the complex envelope of BASK modulation. The
arbitrary constellation is defined by in-phase and
quadrature vectors.

Parameters

Constellation in-phaze component:
reallexpli[0:16-11416%pi*2])

Constellation quadrature component:
imaglexp(i[0:16-11416%pi*2])

Input symbal interval and offzet [zec):
.2

Initial phaze [rad]:

Sample time [zec):

Apply | Fewvert |

il —

.m 1

Define the in-phase and quadrature components
of each point in the constellation.

The sample time of the input symbol. When this
parameter is a two-element vector, the second
element is the offset value.

The initial phase of the carrier frequency.
The calculation sample time. By the

Nyquist sampling theorem,
1/sample_time > 2*carrier_frequency.



QASK Mod CE Arbitrary Constellation

Characteristics  No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/Complex
Time Base Discrete time
States N/A
Direct Feedthrough Yes

Pair Block QASK Demod CE Arbitrary Constellation

Equivalent

M-function dmodce
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QASK Demod CE Arbitrary Constellation

An—n—
A CASK

Catagory
Location

Description

Dialog Box

6-200

Baseband Demodulation/Demapping
Digital Mo/Dem, Baseband Sublibrary

The QASK (quadrature amplitude shift-keying) Demod CE Arbitrary
Constellation block demodulates a complex input signal and then demaps the
demodulated signal. This block is a combination of the QM DSB-SC ADM CE
and QASK Demap Arbitrary Constellation blocks. Refer to their reference
pages for descriptions of the techniques involved.

The input to this block is an analog modulated signal with a maximum
amplitude equal to the element of maximum absolute value in the vector of
in-phase component. It outputs integers in the range [0, M-1], where M is the
multiple number. The multiple number equals the total number of points in the
constellation; it is also equal to the length of the vector of in-phase components.

i+ A-map QASK demod baseband
Baseband &-045K demodulation [mask]

Demodulate the complex envelope of a DASK modulated
zignal. The arbitrary constellation is defined by in-phase
and quadrature vectors,

Match these parameters to the ones used in the
Parameters corresponding QASK Mod CE Arbitrary Constel-
Corstellation in-phase component: lation block. The offset value in Symbol

llexp(i{0:16-1]416pi2 - .
reallexpl 061116 2) interval can be different.
Constellation quadrature component:
imaglexp(i[0:16-11416%pi*2]) ) i
! Specify the numerator and denominator of the
Symbol interval and offzet [zec):

5 lowpass filter used in the demodulation. Set this
: ; » parameter to 1 if you do not need a lowpass
Lowpass filker [num; den], a 2 row matris: ) N : A
1] filter.If the filter is FIR set the denominator to 1.
Initial phaze [rad]: o i }
——— The initial phase of the carrier signal.
Sample time [zec):
a1 —1—— The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > 2*carrier_frequency.

Apply | Fewvert |




QASK Demod CE Arbitrary Constellation

Characteristics  No. of Inputs/Outputs 11
Vectorized Inputs/Outputs Yes/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block QASK Mod CE Arbitrary Constellation
Equivalent
M-function ddemodce
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iy YTV
MFSk =%
MFSK Mod CE
Catagory Baseband Mapping/Modulation
Location Digital Mo/Dem, Baseband Sublibrary
Description The MESK (multiple frequency shift-keying) Mod CE block maps a complex

input signal and then modulates the mapped signal. This block is a
combination of the MFSK Map and FM CE blocks. Refer to the individual
reference pages for these blocks for descriptions of the techniques involved.

This block accepts a scalar input in the range [0, M-1], where M is the multiple
number. The output of this block is a modulated complex analog signal with a
maximum amplitude equal to one.

Dialog Box
i MF5K mod baseband
Baseband MFSE modulation [mask)
Output the complex errvelape of the multiple-frequency The frequency separation between two neigh-
zhift keying modulation. B . : .
boring input integers. The tone space is also
known as the frequency separation.
Parameters
Ig,?_;js"‘"“[“zk The sample time of the input digit. When this
5 ) ) parameter is a two-element vector, the second
ymbal interval [zec): N
P element is the offset value
Initial phaze [rad]:
0 —+——— The initial phase of the carrier signal.
Sample time [zec):
a1 —1—— The calculation sample time.
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/Complex
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block Coherent MFSK Demod CE
Noncoherent MFSK Demod CE
Equivalent
M-function dmodce
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A AN
#=Co-MF Sk
Coherent MFSK Demod CE
Catagory Baseband Demodulation/Demapping
Location Digital Mo/Dem, Baseband Sublibrary
Description The Coherent MFSK (multiple frequency shift-keying) Demod CE block
demodulates a complex input signal and then demaps the demodulated signal.
This block is a combination of the Coherent MFSK Corr Demap CE and Min/
Max Demap blocks. Refer to their individual reference pages for descriptions of
the techniques involved.
The input to this block is a modulated complex analog signal. The output is an
integer in the range [0, M-1], where M is the multiple number.
Dialog Box
i Coh MF5K demod baseband
Baseband coherent MFSE. demodulation [mazk]
Demodulate the complex envelope of a MFSK modulated
zighal uzing coherent corelation method.
FParameters
td-ary number [output digits in range [0, M-1]):
16
Ig:;fgace il ] Match these parameters to the ones used in the
Symbol interval [secl corresponding MFSK Mod CE block. The offset
2 ' value in Symbol interval may be different.
Initial phaze [rad]:
0 i —+——— The initial phase of the carrier signal.
Sample time [zec):
a1 ——— The calculation sample time.
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Complex/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block MFSK Mod CE
Equivalent
M-function ddemodce
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Noncoherent MFSK Demod CE

AN AN
#HC-MF Sk

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-204

Baseband Demodulation/Demapping

Digital Mo/Dem, Baseband Sublibrary

The Noncoherent MFSK (multiple frequency shift-keying) Demod CE block
demodulates a complex input signal and then demaps the demodulated signal.
This block is a combination of the Noncoherent MFSK Corr Demap CE and
Min/Max Demap Arbitrary Constellation blocks. Refer to their individual
reference pages for descriptions of the techniques involved.

i Honcoh MFSK demod baseband
Baseband noncoherent MFSK demodulation [mask)

Demodulate the complex envelope of a MFSK modulated
zignal uzing noncoherent cormelation method.

Parameters
td-ary number [output digits in range [0, M-1]):
18

Tone space [Hz):
18/.2/8

Symbol interval [zec]:
.2

Initial phaze [rad]:
a

Sample time [zec):

Apply | Fewvert | Help |

.m _

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MFSK Mod CE

ddemodce

Match these parameters to the ones used in the
corresponding MFSK Mod CE block. In Symbol
interval, the offset value may be different.

The initial phase of the carrier signal.

The calculation sample time.

1/1
Complex/No
Discrete time
N/A

Yes



L TR,
MPSk =%
MPSK Mod CE
Catagory Baseband Mapping/Modulation
Location Digital Mo/Dem, Baseband Sublibrary
Description The MPSK (multiple phase shift-keying) Mod CE block maps an input signal
and then modulates the mapped signal with a complex envelope. This block is
a combination of the MPSK Map and PM CE blocks. Refer to their individual
reference pages for descriptions of the techniques involved.
The input signal to this block is an integer in the range [0, M-1], where M is
the multiple number. The output is a modulated complex analog signal with a
maximum amplitude equal to one.
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

— Bazeband MPSE modulation [mask]—————
Output th ! lope of the M-ary phase shif . . - -
k:jﬂg :n:diloanﬂsr?“ nvelope ofthe M-aty phase s Specify the range of the input digits. The range is
s [0, M-1].
td-ary number [input integers in the range [0, M-1]): : 3
16 The sample time of the transmitted symbol.
St o) e et el When this parameter is a two-element vector, the
2 second element is the offset value.
Initial phaze [rad]:
a The initial phase of the carrier frequency.
Apply | Fewvert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes

MPSK Demod CE

dmodce
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MPSK Demod CE

# MPSK

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-206

Baseband Demodulation/Demapping

Digital Mo/Dem, Baseband Sublibrary

The MPSK (multiple phase shift-keying) Demod CE block demodulates a

complex input signal and then demaps the demodulated signal. This block is a
combination of the MPSK Corr Demod CE and Min/Max Demap blocks. Refer
to their individual reference pages for descriptions of the techniques involved.

The input signal to this block is a modulated complex analog signal with a
maximum amplitude equal to one. The output is an integer in the range
[0, M-1], where M is the multiple number.

i MPSK demod baseband
Baseband MPSE. demodulation [mazk]

Demodulate the complex envelope of a MPSK modulated
zignal.

Parameters

t-ary number [integer in range [0, M-1]):

Symbol interval and offzet [zec):
.2

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help |

16 —

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MPSK Mod CE

ddemodce

Match these parameters to the ones used in the
corresponding MPSK Mod CE block. The offset
value in Symbol interval can be different.

The initial phase of the carrier signal.

The calculation sample time.

1/1

No/No
Discrete time
N/A

Yes



Mapping/Demapping for Digital Modulation/
Demodulation

Digital signal mapping codes an input digital signal into a signal ready for
modulation. Digital signal demapping decodes a demodulated signal back into
adigital signal. A digital modulation block can be divided into two major parts:
digital-to-analog mapping and analog modulation. A digital demodulation
block can also be divided into two major parts: analog demodulation and
analog-to-digital demapping.

The mapping and demapping blocks are in two sublibraries: the

Digital Mo/Dem Map/Demap Sublibrary and Digital Mo/Dem-CE Map/Demap
Sublibrary. This section discusses both baseband and passband simulation
sublibraries because these two sublibraries share quite a few blocks.

Note: The mapping blocks used in both baseband and passband have no
functionality differences, so each of these mapping blocks is documented only
for passband simulation. There are no differences in how you use these blocks
in baseband.

The figure below shows the Passband Digital Mod/Dem Map/Demap
Sublibrary:
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MASK R T A MASK hASK
i —m DSBAM —————— DSBADM —m map
p Brmap dema
MASK map DSB-5C AM DSB-5C-ADM MASK demap
passhand passhand
it RIS S CASK
— —»
gk OAM  ———m{  QADM sk S-map
P 1 emap dema
CQASK CIAN CADM LASK
square-map passhand passband square-demap
e T HASK
—» —
gask OAM  ————m{  QADM sk C-map
p _.' _.' emap demn
QASK CIANM ADM LASK
circle-map passband2 passband? circle-demap
e T HASK
—» —»
Qashe QAM  —— ] QADM - Acrmap
P ™ Emap demi
QASK CIAM CADM QASK
arbitrary-map passband3 passhand3 arbitrary-demap
A . MFSK
MF Sk > Coh carr g MinMdax
map Fi MF 3K dm demap drgr?npn
MF Sk map Fha Coh corr MFSK Minfmaz index
passband dernod passband
Moncah carr > MindMlax
MFSK drm dernap
Moncoh corr MFSK. Min/max indexZ
dernod passband
e IR .
MPSK, » p| Corr MPSK p| Mintax MESK
map alll demod demap |jrnap
EMmo
MP Sk map P Corr MPSIK Min/max index3
passhand demod passhand

I:IDemnnstratiun blocks
I:Ihdappingfdemapping blocks

Figure 6-17: The Passband Digital Modulation/Demodulation

Mapping/Demapping Sublibrary




The figure below shows the Baseband Digital Mod/Demod Mapping/
Demapping Sublibrary:

Baseband Digital ModulztioniDemodulation Librany

{map+modu === demod+demap)

R T T el FASHK
MASk | DSE Al »+DSE ADM w  MASK map
P Emap dermo
MWASK map D56 A DSBE-ADM MASK dermap
baseband baseband
P g FET IR T ifi-eaped > CIASK
DASK » . ™ _QASK
S—map > QA =& 4 CADR > S—demap Sd-erpnaup
CASK AN CADN CASK
sguare-map baseband baseband square-demap
(e FET IR il > QDASkK
LASK » . ™ QASK
Criap . QAM =k e CADM w| C-demap %—Erpnaup
CLAZK AN CADN CLASK
circle-map basebandl baseband? circle-dernap
N FYT TN T it - QASK
LASK » - ™ QASK
Aermiap . QAN =k 4 CADM w| Acdemap ﬁdx-errrwnaup
CASK AN 1AM CASkK
arbitrary-map baseband2 baseband2 arbitrary-demsa
R T . MFSK
s »OFM = % Co MFSK [——wf MM map
=Lils]
MFSK map F I Coh MFSK demod Minfmax index
bazeband carr baseband
5| Mindtdax
#=NC MFSK * dermap
Mon-coh MF Sk dm Minfmax index
carr baseband
e TN . MP S
Mrﬁ;;SpK - Pl = B PSR caorr - hfélg.-’mhl?jx |:lmap
EImio
MPSK map P MPSK demod Minfmax indesx?
baseband corr baseband

Demonstration blocks

[ ]
I:lhdappingfdemapping blocks
[ ]

Blocks that can be found in some other sublibraries in this toolbox

Figure 6-18: The Baseband Digital Modulation/Demodulation
Mapping/Demapping Sublibrary
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This toolbox uses the term symbol interval in digital mapping/demapping as
well as digital modulation/demodulation. This term refers to the digital
sampling time. Please note that the symbol interval for the transmitting side
and the receiving side should be exactly the same to obtain the correct results.
The parameter Symbol interval can be a two-element vector, in which case the
second element is either:

= the transmitting offset time for a mapping block
= the decision offset time for a demapping block

Usually, the transmitting offset is different from the decision offset. The
difference may be caused by distortion, interference, filtering and other
reasons in the transmitting and receiving process. In the figure below, the
upper graph is the transmitted signal; the lower graph is the received signal.
Note that the decision offset is determined based on the characteristics of the
transmitting system. The eye-pattern plot is useful in determining the decision
offset. The unit for both symbol interval and offset is in seconds.

+ Transmitting

Transmitting offset

P
Symbol interval

LRSI

Decision offset

Receiving

Symbol interval

Figure 6-19: The Symbol Interval and Its Offset in Transmission and Reception
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This toolbox assumes the digits in the transmitting are non-negative integers.

The integers in the transmitting can be 0, 1, 2,..., M-1. Under these
assumptions, M is called the M-ary number.

Passband and Baseband Digital
Mapping/Demapping Reference Table

This table lists the Simulink mapping and demapping blocks used in both the

passband and baseband versions of the “Digital Mod/Demod Mapping/

Demapping” sublibraries. (This table lists the blocks in alphabetical order for

your convenience.):

Block Name

Description

MASK Demap

MASK Map

MFSK Map

Min/Max Demap

QASK Demap Arbitrary

Constellation

QASK Demap Circle Constellation

QASK Demap Square Constellation

QASK Map Arbitrary Constellation

Multiple amplitude shift-keying
(MASK) demapping

Multiple amplitude shift-keying
(MASK) mapping

Multiple frequency shift-keying
(MFSK) mapping

Minimum/maximum demapping

Quadrature amplitude shift-keying
(QASK) demapping using an
arbitrary constellation

Quadrature amplitude shift-keying
(QASK) demapping using a circle
constellation

Quadrature amplitude shift-keying
(QASK) demapping using a square
constellation

Quadrature amplitude shift-keying
(QASK) mapping using an
arbitrary constellation
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Block Name

Description

QASK Map Circle Constellation

QASK Map Square Constellation

Quadrature amplitude shift-keying
(QASK) mapping using a circle
constellation

Quadrature amplitude shift-keying
(QASK) mapping using a square
constellation




PAS K
T

MASK Map

Catagory Modulation Map
Location Digital Mo/Dem Map/Demap Sublibrary
Description The MASK (multiple amplitude shift-keying) Map block modulates an input

message signal. MASK is a one-dimensional coding scheme that codes integers
as amplitude shifts. A signal set for M-ary numbers 2, 4, 8, and 16 is:

M=2
M=4
M=8
M=16

-1 0 1
Amplitude

This block assumes a maximum amplitude normalized to one; if you require a
different maximum value, place a gain block after this block.

This block is a discrete-time block; it codes the input signal only at the
sampling time point. There is, however, a mechanism provided to convert
digital signals to analog signals. On account of this, the output signal of this
block is ready to use with analog modulation blocks.

Dialog Box

i MASK map
MASE. map [mask]

Map a digital spmbol onto an analog signal in the range
[-1. 1] uzing k-ary amplitude shift keying modulation
mapping.

e—— Specify the number of input symbols. The

" — : ; input symbols are in the integer range [0,M-1].
-ary number [input integers in range [0, M-1]): K . . .

4 Generally M=2", where K is a positive integer.

Input symbal interval and offzet [zec):
1 The sample time each input symbol. When this
parameter is a two-element vector, the second

element is the offset value.

Apply | Fewvert | Help |
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MASK Map

Characteristics

Pair Block

Equivalent
M-function

6-214

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

MASK Demap

modmap

1/1

No/No
Discrete time
N/A

Yes



Ml ATk
dernap

MASK Demap

Catagory
Location

Description

Dialog Block

Characteristics

Pair Block

Equivalent
M-function

Modulation Demap
Digital Mo/Dem Map/Demap Sublibrary

The MASK (multiple amplitude shift-keying) Demap block recovers a message
signal from a modulated input signal. The parameters set in the dialog box of
this block must match those used in the corresponding MASK Map block to
obtain the correct result.

This block is the inverse of the MASK Map block. It accepts a signal in the [-1,
1] range and outputs a number in the [0, M-1] range, where M is the M-ary
number that was used in the MASK Map block.

The MASK Demap block is a discrete-time block and decodes the input signal
only at the sampling time points, but it has a mechanism to convert analog
signals to digital signals. On account of this, it is possible to connect this digital
block to analog blocks.

i MASK demap
MASE. demap [mask)

Feverse the MASK mapping process. Convert [-1 1]
analog signal to [0, b-1] symbals.

Parameters

td-ary number [digit integers in ranger [0, M-1]):
4

Output symbol interval and offset [zec]:

1 —+—— Match these parameters to the ones in the
corresponding MASK Map block.

Apply | Fewvert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
MASK Map
demodmap
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QASK Map Square Constellation

LASK
S-tap

Catagory
Location

Description

6-216

Modulation Map

Digital Mo/Dem Map/Demap Sublibrary

The QASK (quadrature amplitude shift-keying) Map Square Constellation
block converts an input message signal into a two dimensional coding signal.
For M-ary number M equal to 4, 16, and 32, the square QASK constellation is:

A Quadrature Amplitude

e o e o o
e o o |6 o o
e o -+ ® | L
‘ T ™ In-phase Amplitude
PY r —+ @ ) )
M=4

e ¢ ¢ | o o o

M=16
Y Y [ J [ J ‘M:32

The two axes are the in-phase and quadrature components of the mapped
signal. The mapping from the input integer to the components of the two axes
is a one-to-one mapping. The maximum amplitude for both components is 1;
use a gain block after this block if you require a different maximum amplitude.
You can use the function gaskenco to plot square constellations.



QASK Map Square Constellation

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

iy QASK square-map
QASK S-map [mask]

Usze square constellation to map the input digital signal
inta in-phase and quadrature components. b must be
M=2"K with integer K.

Parameters
td-ary number [input integers in range [0, M-1]]:
B4

Input symbal interval and offzet [zec):
Al

Apply | Fewvert | Help | i Cloze

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Specify the input range. The input symbols are in
the integer range [0,M-1]. Generally M=2K,
where K is a positive integer.

——— The sample time of the input symbol. When this

parameter is a two-element vector, the second
element is the offset value.

1/2

No/No
Discrete time
N/A

Yes

QASK Demap Square Constellation

gaskenco for QASK square constellation plot
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EASK

. =-d
QASK Demap Square Constellation Emap
Catagory Demodulation Demap
Location Digital Mo/Dem Map/Demap Sublibrary
Description The QASK (quadrature amplitude shift-keying) Demap Square Constellation

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-218

block recovers a message signal from two input signals received from the
corresponding QASK Map Square Constellation block.

iy QASK square-demap
QASK. S-demap [mask]

Feverse the QASK map. Input in-phase and quadrature
components from the bwo inputs. Output demapped

zignal.

Parameters

BASK M-ary number [outputs are in range [0, M-1]):

B4

Output symbol interval and offset [zec]:

1 —+—— Match these parameters to the ones in the
corresponding QASK Map block.

Apply | Fewvert | Help |
No. of Inputs/Outputs 2/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A

MASK Map Square Constellation

demodmap



LIASK

C-rmap . .
QASK Map Circle Constellation
Catagory Modulation Map
Location Digital Mo/Dem Map/Demap Sublibrary
Description The QASK (quadrature amplitude shift-keying) Map Circle Constellation block
converts an integer message signal into a two dimensional coding signal. The
constellation of the signal set is a sequence of one or more concentric circles.
Define the signal set by specifying the Number of symbols on each circle, the
Radii for each circle, and the Phase shift for each circle in a set of three
equal-length vectors.
You can generate a plot of the circle constellation using the function
modmap. For example, define the three vectors:
Number_of_symbol = [4 12];
Radii= [1 2];
Phase_shift = [pi/4,0];
Using modmap, generate the plot of the constellation:
modmap( "qask/circle” ,Number_of_symbols, .. _Radii,Phase_shift);
Dialog Box

i QASK circle-map
QASK C-map [mask]

Q45K mapping with circle constellation. The constellation
is defined in NIC, RIC and PIC.

The number of symbols on each circle. The

PGS elements of this vector must be positive integers.

Mumber of symbols in each circle MIC:

[612 18 24 30 38] . . .

_ The radius and phase shift for each circle. The
Fiadii in each circle RIC: I th of h of th t t I th
[11.93 2,66 3,83 4,78 6.05] A ength of each of these vectors must equal the
Phase st . _ length of the Number of symbols in each

aze shift in each circle PIC [rad):

[oo0ooo] circle vector.
Symbol interval and offzet [zec): i i i
1 ——— The sample time of the input symbol. When this
parameter is a two-element vector, the second
Apply | E—— | Help | T e element is the offset value.
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QASK Map Circle Constellation

Characteristics

Pair Block

Equivalent
M-function

6-220

No. of Inputs/Outputs 1/2
Vectorized Inputs/Outputs No/No

Time Base Discrete time
States N/A

Direct Feedthrough Yes

QASK Demap Circle Constellation

modmap for mapping computation and constellation plots



LASK

C-demap . .
QASK Demap Circle Constellation

Catagory Demodulation Demap

Location Digital Mo/Dem Map/Demap Sublibrary

Description The QASK (quadrature amplitude shift-keying) Demap Circle Constellation
block recovers a message signal from two input signals received from the
corresponding QASK Map Circle Constellation block.

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

1 QASK circle-demap
QASK C-demap [mask]

components from the bwo inputs. Output demapped
zignal.

Parameters

Mumber of symbols on each circle MIC::
[61218 24 30 38]

R adii for each circle RIC:
[11.932.883.83 4.78 6.08]

Fhase shift on each circle PIC [rad):
[oooooa

Symbol interval and offzet [zec):
Al

Apply | Fewvert | Help |

Feverse the QASK map. Input in-phase and quadrature

—+— Match these parameters to the ones in the

corresponding QASK Map block. The offset for
the Symbol interval may differ

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

2/1

No/No
Discrete time
N/A

Yes

MASK Map Circle Constellation

demodmap
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. - A-rna
QASK Map Arbitrary Constellation i

Catagory Modulation Map

Location Digital Mo/Dem Map/Demap Sublibrary

Description The QASK (quadrature amplitude shift-keying) Arbitrary Constellation block
converts an input message into a two dimensional coding signal. The structure
of the constellation is user-defined.
Define the points of the constellation by using two equal length vectors; the
first vector defines the in-phase component of each constellation point, and the
second defines the quadrature component. The M-ary number M is the total
number of points defined in the constellation. M is equal to the length of either
of the two vectors.
You can generate a plot of the arbitrary constellation by using the function
modmap:

modmap("qask/arb®,x,y);
Dialog Box

6-222

i QASK arbitrary-map
QASK A-map [mask]

Q45K mapping for arbitrary defined map. Assume input
digit is K. 1zt outport outputs in-phase(k+1]. 2nd outport
outputs quadrature(k+1].

Parameters

Constellation for in-phaze component:

reallexpli[0:16-11416%pi*2]) i i
. ) Define the in-phase and quadrature components

Constellation for quadrature companent: ) A N

imaglexpli{0:16-1 162 of each point in the constellation.

Svmbal interval and offzet [sec): i i i

1 - The sample time of each input symbol. When this

parameter is a two-element vector, the second

Aply | Rz | Help | element is the offset value.




QASK Map Arbitrary Constellation

Characteristics  No. of Inputs/Outputs 1/2
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block QASK Demap Arbitrary Constellation
Equivalent
M-function modmap
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. . A-dema
QASK Demap Arbitrary Constellation i
Catagory Demodulation Demap
Location Digital Mo/Dem Map/Demap Sublibrary
Description The QASK (quadrature amplitude shift-keying) Demap Arbitrary
Constellation block recovers a message signal from two input signals received
from the corresponding QASK Map Arbitrary Constellation block.
Dialog Box
i+ QASK arbitrary-demap
QASK A-demap [mask]
Feverse the QASK map. Input in-phase and quadrature
components from the bwo inputs. Output demapped
zignal.
Parameters
Constellation for in-phaze component:
reallexpli[0:16-11416%pi*2])
Constellation for quadrature component:
imaglexp(i[0:16-11416%pi*2])
Symbol interval and offzet [zec):
1 Match these parameters to the ones in the
corresponding QASK Map block. The offset value
tooy | Revet | Hep | in Symbol interval may differ.
Characteristics  No. of Inputs/Outputs 2/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block QASK Map Arbitrary Constellation
Equivalent
M-function demodmap

6-224



MF Sl

map MFSK Map

Catagory Modulation Map

Location Digital Mo/Dem Map/Demap Sublibrary

Description The MFSK (multiple frequency shift-keying) Map block codes an input signal
using frequency shift-keying.
The discrete input signal is an integer in the range [0, M-1], where M is the
M-ary number. This block requires the definition of a Tone space, which is a
scalar that specifies the frequency separation between two neighboring input
integers. The modulated signal has a frequency in the range
[Fc, Fc+B], where Fc is the carrier frequency and B it the bandwidth of MFSK.
Note that

B=(M-1)[tone_space
Dialog Box

Characteristics

Pair Block

Equivalent
M-function

i MFSK map E

— MFSK map [mazk]

Map input digital signal to analog tone space for Fid
modulation. The tone space iz the frequency distance
between two congective digit numbers.

=

Tone space [Hz):
16/541

Input symbal interval and offzet [zec):
Al

The frequency separation between two
neighboring input integers. The Tone space
is also known as the frequency separation.

Apply | Fewvert | Help |

No. of Inputs/Outputs

Vectorized Inputs/Outputs

Time Base
States
Direct Feedthrough

The sample time of the input symbol. When this
parameter is a two-element vector, the second
element is the offset value.

1/1

No/No
Discrete time
N/A

Yes

MFSK Correlation Demod and Min/Max Demap

modmap
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Min/Max Demap

MMl ax
demap

Catagory
Location

Description

Dialog Box

Characteristics
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Demodulation Demap

Digital Mo/Dem Map/Demap Sublibrary

The Min/Max Demap block finds the minimum or maximum element of an
input vector and outputs (index-1), where index is the index of the element.
You can use this block for both MFSK and MPSK mapping.

i Min/max index
b airum /minimum index. [mask]

Chooze the index of the input vector with max/min value
at zampling point. Hold the value for the rest of the period.

Parameters

Symbol interval [zec]:
Al

‘max’ o 'min';

Apply | Fewvert | Help |

‘max’ —

The sample time for the output digit. When this
parameter is a two-element vector, the second
element is the offset value.

—— A string entry. Choose whether to evaluate for
the maximum or minimum element.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

1/1

Yes/No
Discrete time
N/A

Yes



Coherence

WMF Sk drn
Coherent MFSK Corr Demod
Catagory Correlation Calculation
Location Digital Mo/Dem Map/Demap Sublibrary
Description The Coherent MFSK (multiple frequency shift-keying) Corr Demod block

calculates the correlation between the input signal and a vector of sinusoidal
signals using the coherent recovery method.

This block calculates the correlation between the input signal and a vector of
sinusoidal signals of various frequencies. Each sinusoidal in the vector
corresponds to a possible demapping value. The figure below show the coherent
correlation MFSK demodulation method:

r-—— - - - - - - - - - - - — — ml
'Received Signal (k+1)T |
| X > [ (dt
: o |
cos(af t+g)
: (k+1)T :
\ X > I (...)dt | Decision
\ KT | Digit
| cos(2uf+af)t+¢) . | Max | o
| | Demap
| ¢ |
| i |
| |
| (k+1)T |
: X > [ (.)dt —>:
| kT |
| cos(2uf.+(M-1)af)t+g) |

Figure 6-20: Block Diagram of Coherent MFSK Correlation Demodulation
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Coherent MFSK Corr Demod

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-228

The functionality of this block is inside the dashed box. Parameter f; is the
carrier frequency, Af is the tone space, and @ is the initial phase of the
demodulation. M is the M-ary number, and T is the integration time interval.

i Coh corr MFSK demod passband
Passband coherent MFSE. corelation [mazk]

Compute MFSEK corelation. Take MFSK modulated
zignal. Dutput a vector of corelation result.

Parameters
td-ary number [input in range [0, M-1]]:
18

Tone space [Hz):
16/.1/8

Symbol interval and offzet [zec):
Al

Carrier frequency [Hz):
100/2/pi

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help |

Cloze

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Specify the possible range of the input symbols.
The range is [0, M-1].

The frequency separation between neighboring
input symbols.

The sample time of the transmitted symbol.
When this parameter is a two-element vector, the
second element is the offset value. This param-
eter determines the integration time interval T of
the correlation function.

The frequency of the carrier signal.
The initial phase of the carrier signal.

The calculation sample time. By the
Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

1/1

No/Yes
Discrete time
N/A

Yes

FM with its signal input from MFSK Map

comdemod



Moncohe

WMF Sk drn
Noncoherent MFSK Corr Demod
Catagory Correlation Calculation
Location Digital Mo/Dem Map/Demap Sublibrary
Description The Noncoherent MFSK Corr Demod (multiple frequency shift-keying

correlation demodulation) block calculates the correlation between the input
signal and a vector of sinusoidal signals using the noncoherent method.

This block calculates the correlation between the input signal and a vector of
sinusoidal signals of various frequencies. Unlike the Coherent MFSK
Correlation method, this method is insensitive to initial phase variations. The
trade-off is that the calculation of the noncoherent correlation takes about
twice as much time as that in the coherent demodulation block.
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Noncoherent MFSK Corr Demod
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The diagram below shows the noncoherent correlation MFSK demodulation

method:
| Received Signal (k+1)T 2| 1
| —| [ odt |
| |
| cos(2f t+q) - KT = \@*
| sin@d t+o) DT 2 /
| —
| >® | [ (dt |
| - KT =l
| |
: (k+1)T 2 :
| — J‘ (...)dt \\
| cos(2uf +af)t+g) - kT Sl
: sin(2n(f +aft+g) K+ )T > /ﬁ»
| \q@ > [ (.t
| L kT ] |
| |
| . |
| o |
: (k+1)T -2 :
—>®—> ..)dt
: > J \N
cos(2(f +(M-1)af)t+g) KT ol
: sin@nfc+(M-1afte) oo 2‘ : B
| T
— J‘ (...)dt
S T

Max
Demap

Decision
Digit

P

Figure 6-21: Block Diagram of Noncoherent MFSK Correlation Demodulation



Noncoherent MFSK Corr Demod

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

The functionality of the block is inside the dashed box. Parameter f. is the
carrier frequency, Af is the tone space, and @ the initial phase in the

demodulation. M is the M-ary number, and T is the integration time interval.

This block accepts a scalar input and outputs a vector of correlation values.

i Honcoh corr MFSK demod passband E

— Pazzband non-coherent MFSE correlation [mazk]

Compute MFSEK corelation. Take MFSK modulated
zignal. Dutput a vector of corelation result.

=

td-ary number [input in range [0, M-1]]:
16

Tone space [Hz):
16/.1/8

Symbol interval and offzet [zec):
Al

Carrier frequency [Hz):
100/2/pi

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help | i Cloze

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Specify the possible range of the input symbols.

The range is [0, M-1].

The frequency separation between neighboring
input symbols.

The sample time of the transmitted symbol.
When this parameter is a two-element vector,
the second element is the offset value. This
parameter determines the integration time
interval T of the correlation function.

The frequency of the carrier signal.
The initial phase of the carrier signal.
The calculation sample time. By the

Nyquist sampling theorem,
1/sample_time > Zﬂ:arrier_frequency.

1/1

No/Yes
Discrete time
N/A

Yes

FM block and MFSK Map block

comdemod
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ma
MPSK Map P
Catagory Modulation Map
Location Digital Mo/Dem Map/Demap Sublibrary
Description The MPSK (multiple phase shift-keying) Map block converts an integer signal

into a coded signal using the MPSK method. The discrete input signal must be
in the range [0, M-1], where M is the M-ary number. The phase shift for input
symbol i is 2mi/M

Dialog Box
i MPSK map
MPSE. map [mask]
Map input digital zignal to analog phaze shift.
Parameters ) )
ot s . Specify the range of the input symbols. The range
15 — is [0, M-1].
Input symbal interval and offzet [zec):
1 —+——— The sample time of the transmitted digit symbol.
When this parameter is a two-element vector, the
tooy | Revet | Hep | second element is the offset value.
Characteristics  No. of Inputs/Outputs 11
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States N/A
Direct Feedthrough Yes
Pair Block MPSK Correlation Demod block and Min/Max Demap block
Equivalent
M-function modmap
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dm corr . .
MPSK Correlation Demodulation
Catagory Correlation Calculation
Location Digital Mo/Dem Map/Demap Sublibrary
Description The MPSK (multiple phase shift-keying) Correlation Demodulation block

calculates the correlation between an input signal and a vector of carrier
frequency sinusoidal signals, all of which have the same frequency but vary in
phase. The figure below shows the MPSK correlation demodulation method:

| Received Signal (k+1)T |
: — — [ (.)dt |
| KT |
| cos( 2t t+qp) |
| (k+1)T |
0 [ (et |
| kT |
|| cos(@dctten) . |
| . |
| |
| ¢ |
| |
| (k+1)T |
: — J‘ (...)dt |
| KT

|

cos(af t+oy-1)

Max
Demap

Figure 6-22: Block Diagram of MPSK Correlation Demodulation

Decision
Digit
4>

The functionality of the block is inside the dashed box. Parameter f; is the

carrier frequency, and @ is the initial phase for digit i.

This block accepts a scalar input and outputs a vector of correlation values.
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MPSK Correlation Demodulation

Dialog Box

Characteristics

Pair Block

Equivalent
M-function

6-234

i Corr MPSK demod passband
Pazsband MPSE. coherent MPSEK comelation [mask)

Compute MPSE correlation. Take MPSE modulated
zignal. Dutput a vector of corelation result.

Parameters
t-ary number [integer in range [0, M-1]):
18

Symbol interval and offzet [zec):
Al

Carrier frequency [Hz):
100/2/pi

Initial phaze [rad]:
a

Sample time [zec):
i

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

Specify the possible range of the input symbols.

The range is [0, M-1].

The sample time of the transmitted digit symbol.
When this parameter is a two-element vector, the
second element is the offset value.

Nyquist sampling theorem,

1/sample_time > Zﬂ:arrier_frequency.

1/1

No/Yes
Discrete time
N/A

Yes

MFSK Correlation Demod block and Min/Max Demap block

modmap

The frequency of the carrier signal.
The initial phase of the carrier frequency.

The calculation sample time. By the



Signal Multiple Access

Most modern communication transmitting resources are shared by multiple
users. Signal multiple access is a technique to share fixed communication
resources by multiple users. A typical multiple access communication system
is shown in the figure below. The multiple access block on the transmitting side
collects all information to be transferred and sends the information through
the transmitting channel. The multiple access block on the receiving side
recovers the individual signals and divides the signals into the individual

receivers.
Transmitter 1 || —p Receiver 1
Transmitter 2 g Receiver 2

) Multiple Multiple .
Transmitter 3 9 Access p-| Channel | Access | Receiver3

Transmitter N 1 g — | Receiver M

Figure 6-23: A Typical Multiple Access Communication System
The toolbox includes four different multi-access techniques:

= Time-share multiplex

TDMA (time division multiple access)

FDMA (frequency division multiple access)

CDMA (code division multiple access)

The Time-sharing multiplex technique is used for analog signals. TDMA is
used with discrete information sequences. The Vector Distributor block is
provided as a basic utility for constructing TDMA blocks.

FDMA uses modulation techniques. As discussed in the “Modulation and
Demodulation” section of this chapter, there is more than one way to modulate
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a signal. The multiple access sublibrary gives an example for the FDMA
technique. You can use the example to implement your own FDMA systems.
The same is true for the CDMA. A frequency hopping CDMA example is
provided in the multiple access sublibrary to illustrate how to use the available
blocks to build a transmitting system with CDMA.

This figure shows the Multiple Access Sublibrary:
|

O-TO kAL, » O-TOkAL, O-TOkAL,
Fri dermux dermn
Digital-TORA, Digital-TOMA, Digital-TOMA,
Friu dermux dermn
Tirme-share > Time-share Time-share
I demux dermn
Time-sharing Time-sharing Tirme-sharing
Friu dermux detnn
et re-arr FORAA

- demo
Triggered
signal switch FOMA demo
SOk,
detmo
COMA dermo

Figure 6-24: Multiple Access Sublibrary




Multiple Access Reference Table

This table lists the Simulink blocks in the Multiple Access Sublibrary.
(This table lists the blocks in alphabetical order for your convenience.):

Block Name

Description

Time-Share Demux

Time-Share Mux

D-TDMA Demux

D-TDMA Mux

Vector Redistributor

Time-Sharing demultiplexing
recovers N analog signals (N=1)
from one analog input signal

Time-Sharing multiplexing routes a
single analog input to N (N=>1)
analog output signals

Digital time division multiple access
demultiplexing recovers N digital
signals (N=1) from one digital input
signal

Digital time division multiple access
multiplexing routes a single digital
input to N (N=1) digital output
signals

Redistributes elements from input
vectors to output vectors in a
specified rearrangement scheme
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D-TDMA,

L
D-TDMA Mux
Catagory Time Division Multiple Access
Location Multiple Access Sublibrary
Description The D-TDMA (digital time division multiple access) Mux block takes N (N>1)

6-238

signals and generates a signal output signal using multiplexing. It divides a
single transmission time period into time-sharing sections. Each transmitted
signal takes one of the time-sharing sections in the transmission. During the
time in which one signal has access to the multiplexer, the other signals are
denied access.

This block accepts a length N vector input (N>1) and outputs a scalar signal.

Each input signal shares a sample time tg. The D-TDMA Mux block samples

each input signal in turn during the tg time interval. The output has sampling
time ty/N.

The figure below depicts the D-TDMA Multiplex process:

Asignall

| I

] | ] |L> .
t0 t1 t2 t3 t4
Asignalz
quiput —

e L e T [
to+d1l  tl+dl t2+d1 t3+dl | -
A5|gnal 3 t0 t1 2 t3 t4

e N

t0+d2 t1+d2 t2+d2 t3+d2

Figure 6-25: Digital TDMA Multiplexing

In this example, the D-TDMA multiplexer samples signals 1, 2, and 3 in turn
and outputs one composite signal. The block samples the first element of the
input vector at time t,, the second element at time (t; + ts/3), and the third
element at time (tg + 2[1/3).



D-TDMA Mux

Dialog Box

Characteristics

Pair Block

i Digital-TDMA mux E

— Digital TD A [mazk)]

Input & vector digital signal. Dutput & scalar up-zampled
digital signal.

=
F

Input gymbol sample time [sec):

1 The sample time tg of the input signals.
Input vector length:
3 Specify the length of the input vector.
Apply | Fewvert | Help |

No. of Inputs/Outputs 1/1

Vectorized Inputs/Outputs Yes/No

Time Base Discrete time

States N/A

Direct Feedthrough Yes

D-TDMA Demux
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D-TDMA Demux

D-TDMA,
(1S

Catagory
Location

Description

6-240

Time Division Multiple Access
Multiple Access Sublibrary
The D-TDMA (digital time division multiple access) Demux block recovers N

(N>1) digital signals from one input digital signal using demultiplexing. This
block assumes that the input signal is the output of the D-TDMA Mux block.

This blocks accepts a scalar input and outputs N digital signals. Each input
signal shares a sample time t,/N. The D-TDMA Demux block samples each
input signal in turn during the tg time interval. The output has sampling

time ts.

The figure below depicts the D-TDMA Demultiplex process:

fmut

D-TDMA
Demux

—>

—>

Figure 6-26: Digital TDMA Demultiplexing

Each recovered signal is a sampled output from the input signal. d1 and d2 are

— | I I

Asignal 1
— i

t0 tl ©2 t3 t4
Asignal 2
|

—
L | —

t0+dl tl+dl  t2+d1l t3+dl
A5|gnal3

- T
| | |
t0+d2 t1+d2 t2+d2 t3+d2

offset values; here d1 = ty/3 and d2 = 2[1¢/3. In general, di = i[X/N, where i
ranges from 1 to N-1.



D-TDMA Demux

Dialog Box

Characteristics

Pair Block

i Digital-TDMA demux

Feverse digital TDMA [mask)

Input & scalar digital signal. Output a vectaor of a
down-sampled digital zsignal.

Parameters

Output symbol zample time [zec):

Al

Output vector length:
3

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

D-TDMA Mux

1/1

No/Yes
Discrete time
N/A

Yes

Match these parameters to the ones used in the
corresponding D-TDMA Mux block.
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Tirne-share

- MU
Time-Share Mux
Catagory Time Division Multiple Access
Location Multiple Access Sublibrary
Description The A-TDMA (analog time division multiple access) Mux block takes N (N>1)

analog signals and generates a single output analog signal using multiplexing.
It divides a single transmission time period into time-sharing section; each
transmitted signal takes one of the time-sharing sections in the transmission
in turn.

This blocks accepts a length N vector input (N>1) and outputs a scalar signal.
Each input signal shares a sample time tg. The D-TDMA Mux block samples
each input signal in turn during the tg time interval. The output has sampling
time t/N.

The figure below depicts the A-TDMA Multiplex process:

signal 1

NANAAA
AN

§|gna| 2 output
?\ \ \ A-TDMA V\ /\
th+d 1+ L B VTT " tr f Tl
,signal 3 I
K1 nri1rnri

>

tp+d2 th+d2

Figure 6-27: Analog TDMA Multiplexing
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Time-Share Mux

Dialog Box

Characteristics

Pair Block

In this example, the A-TDMA multiplexer samples signals 1, 2, and 3 in turn
and outputs one composite signal. The block samples the first element of the
input vector at time t, the second element at time (tg + t5/3), and the third

element at time (ty + 2[1¢/3).

i Time-sharing mux
Analog time division multi-access [mask)

Thiz block partitions each transfer period into even length
time glots. Each element of the input vector takes one slot
i turm,

Parameters

Transfer period [zec]:

Input vector length:

Apply | Fewvert | Help |

1 - The sample time tg of the input signals.

3 ] Specify the length of the input vector.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

A-TDMA Demux
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Tirne-share

. dernux
Time-Share Demux
Catagory Time Division Multiple Access
Location Multiple Access Sublibrary
Description The Time-Share Demux block recovers N (N>1) digital signals from one input

digital signal using demultiplexing. This block assumes that the input signal
is the output of the D-TDMA Mux block.

This blocks accepts a scalar input and outputs N digital signals. Each input
signal shares a sample time t;. The D-TDMA Mux block samples each input

signal in turn during the tg time interval. The output has sampling time
ts/N.

The figure below depicts the D-TDMA Mux process:

AS|gnaI 1

By |
oty

output signal 2
7\ | /\ | 1 \
A-TDMA
t’) t ;> — P Demux P 10+d 1+ _
- - ,signal 3
A — —
- w0+d2 R ™

Figure 6-28: Analog TDMA Demultiplexing

Each recovered signal is a sampled output from the input signal. d1 and d2 are
offset values; here d1 = t,/3 and d2 = 2[1,/3. In general, di = i[X/N, where i
ranges from 1 to N-1.
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Time-Share Demux

Dialog Box

Characteristics

Pair Block

i Time-sharing demux
Feverse analog TDMA [mask]

Thiz block partitions each transfer period into even lengt
time glots. Each element of the output vector takes one
time glot to output the input in turn,

Parameters
Transfer period [zec]:
1

Input vector length:
3

Apply | Fewvert | Help |

h

Match these parameters to those used in the
corresponding Time-Share Mux block.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct Feedthrough

A-TDMA Mux

1/1
No/Yes
Mixed
N/A
Yes
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Yt re-arr

Vector Redistributor il
Catagory Utility
Location Multiple Access Sublibrary

Description The Vector Redistibutor block rearranges N input signals into M output

signals. Both N and M are positive integers. This block is a generalization of
the Time-Share Mux and Time-Share Demux blocks. The input and output
signals can be any combination of analog and digital signals.

The figure below is an example of a vector redistribution of three input signals
to two output signals:

‘Input 1

MM L

AR KT
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Input 2 > \/
?\ \ [\ > — \IéleeCch[(i)sr- t0 PR 6 u
tribution Output 2
‘Input_3 {\
EERERER > >
- — ||
t0 -~ _11 t2 3 4
t0 1 2 3 4 T
Trigger signal

A~ _

Threshold \ /: \J: ] (:/\\

t0 t1 t2 UtS t4

Figure 6-29: Vector Redistribution of Three Input Signals to Two Output
signals



Vector Redistributor

Input port 1 accepts a length N vector, where N is the number of input signals
that the block redistributes. Input port 2 accepts a scalar trigger signal; the
raising edge of the trigger signals triggers the block to rearrange the order of
the input signal. In the example above, the triggers occur at t1, t2, and t3. The
output of this block is a length M signal, where M>1. N and M do not have to
be equal.

The rearrangement pattern is defined in the Switch box parameter, which is
a matrix with M columns. The number of rows is arbitrary. When the first
trigger occurs, the Vector Redistributor block uses the first column of the
Switch box to rearrange the input vector signal. When the second trigger
occurs, the block uses the second row of the Switch box to rearrange the input
vector. This process continues until the block exhausts all the rows available.
At that point the process starts again with the first row.

For the example above, the switch box matrix is:
switch_box = [1 3; 3 1; 2 2; 3 3];

Assume that the first trigger has occurred. Then the values in the first row
define the rearrangement. The rule is that the ith column input value goes to
the output specified in the ith column of the first row. In this case, it means
the input vector element 1 goes to output 1, and input vector element 3 goes to
output 2. In the second row, the rearrangement rule specifies that input vector
element 3 goes to output 1, and input vector element 1 goes to output 2.

If a0 is entered in the ith element of the rearrangement row, the block inspects
the Keeping value parameter at that index to determine whether the ith
output is held at its last value or reset to its initial value. For example, if
instead of [1 3] in the first row we had placed [0 3], the Vector Redistributor
block would check the first element of the Keeping value vector. If that
element is greater than or equal to 0, output 1 is held at the last value it had
during the previous trigger. If that element is a negative number, the Vector
Redistributor block sets output 1 to the initial value as specified in the Initial
Value vector.
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Vector Redistributor

Dialog Box

Characteristics

6-248

i Triggered signal switch
Wector signal re-distribution [mazk)]

The riging edge from the 2nd inport tiggers the block to
output the input element with the index given in the next
raw of the switch box.

Parameters

Switch box [column number equals block output length];
123231312

Keeping value [flag 0 element in switch box]:
[1-1-1]

Initial value [before the 1st tigger iz detected]:
[ooa

Trigger threshold:

Help |

Apply | Fewvert |

A —

No. of Inputs/Outputs
Vectorized Input
Vectorized Input 2
Vectorized Output
Time Base

States

Direct Feedthrough

2/1
Yes
No
Yes
Auto
N/A
Yes

Specify the rearrangement pattern. All elements
of the Switch box matrix must be in the range
[0, N-1].

A length N vector that specifies whether the
output defaults to the last held value or resets to
its initial value. The test only occurs if the
Switch box has a 0 entry in the rearrange-
ment pattern.

A length N vector that specifies the output value
prior to the first trigger occurence.

Specify the value that, once crossed from below,
forces a trigger.



Transmitting and Receiving Filters

Before a signal is sent out to a transmission channel, or after a signal is
received from a transmission channel, filters are usually involved. For
example, bandpass filters may be needed for a frequency sharing channel;
lowpass filters may be needed for a white noise channel; a matched filter may
be needed for a fading channel.

The Transmitting/Receiving Filter Sublibrary provides lowpass filters,
highpass filters, bandpass filters and bandstop filters. Both analog and digital
filters are included. The filter types can be Butterworth filters, Chebychev type
I or type Il filters, or elliptic filters. More filters can be found in the Filters
sublibrary in the DSP Blockset. The DSP Blockset is recommended but not
required to use this toolbox.

This figure shows the Transmitting/Receiving Filter Sublibrary:

RS RS fitter RC fitter
fither derno dermo 2
Raiked cosine
fithar
Sine Sinz fiter
derng
Fa
Mermony impulse
Hibert Hik=rt fiter
fither derno
Hiber trarsfomn fiter
4 Fiter 3k Sormplex fitker
derng
Comple fiter
[
Cre=ign
b s,

Figure 6-30: Transmitting/Receiving Filter Sublibrary
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Transmitting/Receiving Filters Reference Table

This table lists the Simulink blocks in the Transmitting/Receiving Filters
Sublibrary. (This table lists the blocks in alphabetical order for your

convenience.):

Block Name

Description

Complex Filter

Hilbert Filter
Raised Cosine Filter

Sinc

Implements IIR and FIR filter with
complex parameters

Implements a Hilbert filter
Implements a raised cosine filter

Outputs the zero-crossing value of
an input signal when triggered




F-C

filter . . .
Raised Cosine Filter
Catagory Filtering
Location Transmitting and Receiving Filters Sublibrary
Description The Raised Cosine Filter block implements a raised cosine filter. In digital

transmission, digital signals are represented by step waves. A step wave has
infinite bandwidth. In narrow band transmission, the bandwidth is a critical
issue. The spectrum of a step wave spreads over a wide range of frequency
domains. To restrict the spectrum of the source signal, an R-C (raised cosine)
filter is commonly used. The transfer function H(f) of an R-C filter is

0 . 1-
O T |f0S|f|S2—Tr
[l
ar Tr, 1-r .. 1-r 1+r
H(f) = 0= ELLAN L PP
() 52[1+cosIjr %ﬂ > i <<%
0
1+r
[l if —
0 0 if 5T <If

where r is the rolloff factor and T is the time interval of the digital message.
After a digital signal passes an R:C filter, the frequency of the signal is limited

in the band [-W, W], where W>2—_|_ . The time response h(t) of the filter equals:

O OO
SInC[TDCOSDT 0
242
-

h(t) =
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Raised Cosine Filter

6-252

The time impulse response and the frequency response of the R-C filter for r=0,
0.5, 1 are shown in the figure below. Note that the time domain impulse

response of the filter shown in the upper plot of the figure displays only three
taps. In theory, the taps extends to +/- infinity.

r=15

—— r=0Q.

| | r= 8 | |

-2 -1 0 2

Time Response

r=
r=
r=

N

7

-0.8 -06 -04

-0.2 0 0.2
Frequency Response

0.4

Figure 6-31: Time and Frequency Responses of the R-C Filter

0.6



Raised Cosine Filter

In some applications, the R-C filter is divided into two parts, one for the
transmitting side and one for the receiving side. In this case, each side is the
square root of the R-C filter.The impulse response of a square-root R-C filter is:

sin %1—r)n.£|_%

cos%lﬂ)n%% T
ht) = 4r arg
VT et

A Raised Cosine filter is a noncausal filter. In practical design, the
implementation of a noncausal filter is impossible because a noncausal filter
depends on future information. To solve this problem, this toolbox has
artificially added a time delay to the filter in the implementation. The time
delay is usually T multiplied by a positive integer.

By default, an R-C filter takes a digital pulse signal with the nonzero pulse
with its one sample step pulse width. When the input signal has its nonzero
pulse longer than one R-C filter sample step, a 1/sinc filter should be added to
truncate the pulse width. In this block, the parameter With or without sinc
filter specifies whether a 1/sinc filter should be applied to the input signal. In
general, the application of a 1/sinc filter is suggested.

There is one case, however, when 1/sinc should not be used. When the R-C filter
is broken into two square-root R-C filters, do not apply a 1/sinc filter to the
second R-C.
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Raised Cosine Filter

Example

6-254

The figure below is a example of using the R-C filters to process an input signal.
The three signals outputted to the scope are the original digital signal, one R-C
filter filtered signal, and two cascaded square-root R-C filters filtered signal.

Sampled _
read > Eiltgr Mux —» @
variable
Sampled read R-C filter Mux Scope
R-C R-C
P Filter > Fiter [

Sqgrt R-C filter ~ Sqrt R—C filter
w/o 1/sinc flt

Figure 6-32: Time Response and Frequency Response of the R-C Filter

The digital signal source repeatedly outputs the sequence [-10 1 2 3 1] at
digital duration time 0.1 second. All R-C filters use computation sample time
0.01, rolloff factor 0.5, and an FIR filter. The R-C filter in the middle uses
normal R-C filter with delay step as 6. The two bottom R-C filters use
square-root R-C filter with delay step as 3. The left side square-root R-C filter
uses 1/sinc filter; the right side R-C filter does not. Because the two square-root
R-C filters are cascaded, the delay for the two filters together is six delay steps.

The figure below is a snapshot of the scope. The dashed line shows the digital
input signal, which is the stair step curve. The dotted line is the output of a
single normal R-C filter. The solid curve is the output of the two square-root
R-C filters. Because the two filtered signals are very close in value, the dotted
and dashed lines overlay each other and can barely be distinguished. Both
signals have six steps of delay from the original signal.



Raised Cosine Filter

Dialog Box

3.5

15
Time (second)

Figure 6-33: Original vs. RC-Filtered Signals

i Raised cosine filter E

— R-C filter [mask)

Design a raized cosine filker and use it to filker the input
zignal.

=
F

Symbol interval [zec]:
Al

Computation sampling time [zec):
i

Filter rollaff factar:
A

Drelay step (integer to multiply symbol interval]:

Filter type (FIF or [IR] # [Mormal or Sart]:
FIR —

‘with or without sin filter [1 or 0, suggest 17
1

Apply Fewvert Help

The duration period for each transferred digit.

The calculation sampling time. This value must
be less that the duration of digit. Typically, the
ratio of these two parameters is an integer.

The rolloff factor r. Set this parameter to a value
between 0 and 1 inclusive.

Set this to a positive integer. The actual delay
time is delay_step[bymbol_interval.

A string variable input. Specify either "FIR" or
"1IR" and "Normal " or "Sqrt".

Set to 1 if you require a 1/sinc filter and 0 other-
wise.
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Raised Cosine Filter

Characteristics

6-256

No. of Inputs

No. of Output
Vectorized Input
Vectorized Outputs
Time Base

States

Direct feedthrough

1

1

No

No

Discrete time
N/A

Yes



Sinc

& Sinc
Catagory Filter
Location Transmitting and Receiving Filters Sublibrary
Description The Sinc block outputs the zero-crossing value during one sample interval

Threshold

when triggered by the raising edge of the trigger signal. The transfer function
of this block is a sinc function

sin(rf)
if
1

sinc(f) = =0

I o o o

t=0

The time domain impulse response of this block is an unit width square pulse.
The pulse width unit is specified in the Holding time (tg) parameter.

This block has two input ports and one input port. Input port 1 accepts the
signal. Input port 2 takes the trigger signal. The figure below shows an
example of this block:

Input signal
|

fo t1 t2

> Output signal

1
ATrigger signal sinc [P ” n
10 t 2 -
’ t
S

10 t1 t2 >

Figure 6-34: The Functionality of the Sinc Block
This block is used in constructing the Raised Cosine Filter block.
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Sinc

Dialog Box
— Sinc filker [mazk)]
The riging edge of the zecond input signal locks the
zignal walue at the first inport for the period of haolding
time.
Holding time [sec]:
iyl The amount of time for the output pulse period.
Threshold for trigger pulze:
2 The threshold for detecting the raising edge of the
trigger signal. When this entry is zero, the block
Apply | Revert | Help outputs the input signal of the first input signal
and the trigger signal is ignored.
Characteristics  No. of Inputs 1
No. of Output 1
Vectorized Input No
Vectorized Outputs No
Time Base Auto
States N/A
Direct feedthrough Yes
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Hilbert
filter

Hilbert Filter

Category
Location

Description

Dialog Box

Equivalent
M-function

Filter

Transmitting and Receiving Filters Sublibrary

The Hilbert Filter block implements a Hilbert transfer filter. The Hilbert
transform filter has the transfer function

H(f) = —gsgn(f)

which has the impulse response

hm:%

As discussed in the Tutorial Chapter, a Hilbert transfer filter is a noncausal
filter. To implement a noncausal filter, a time delay is added artificially. To use
this block, you must specify the bandwidth of the input signal, the time delay
(DLY), and computation sample time (TS). We encourage you to use the
MATLAB function hilbiir to test the parameters to be used in the block. For an
accurate calculation, the parameters should be chosen such that DLY is at

least a few times larger than ST, and rem(DLY, ST) = ST/2.

Please be aware that when you input a signal bandwidth exceeded the
bandwidth parameter, this block may output unexpected result.

i Hilbert transform Filter
Hilbert tranzform filker [mask]

Dresign a Hilbert tranzform filker and wse it to filker the input
zignal.

Parameters

Bandwidth of the input signal [Hz]:

1.01410

Time delay for Hilbert transform filker [sec):

Sample time [zec):

Apply | Fewvert | Help |

0110 —]

.m —i

hilbert in Signal Processing Toolbox

The upper limit of the bandwidth of the input

signal.

The time delay of the Hilbert transform filter (in

second).

The sample time of the Hilbert filter.
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Complex Filter

Catagory Filter
Location Utility Sublibrary
Description The Complex Filter block implements both infinite impulse response (11R) and

finite impulse response (FIR) filters. This block accepts a real or a complex
input signal and outputs a complex signal. The numerator and denominator
are complex vectors that represent the coefficients of the filter’s transfer
function. The coefficients are in ascending power of 1/z.

Dialog Box
i Complex Filter
Complex filker [mazk)]
ector expression for numerator and denominator,
Complex coefficients are in ascending power of 14z,
Ej;::zf Specify the numerator and denominator
32 1];3+S'q,t[_1 T4 21)4 — coefficients of the complex filter. The coefficients
Denaminatar must be in ascending powers of 1/z. When the
1 denominator is set to 1, the filter is an FIR filter.
Sample time:
1 ] Specify the calculation sample time in seconds
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Output 1/1
Vectorized Inputs Real/Complex
Vectorized Outputs Complex
Time Base Discrete
States 2*(length(numerator)+
length(denominator)-2)
Direct feedthrough Yes, if the 1st element in numerator is

non-zero.
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Channels

A channel is a communication media that transfers a signal from the
transmitting side to the receiving side. A channel may reduce the signal quality
in the receiving side because of transmitting noise, transmitting interference,
and transmitting loss. There are a large number of different transmitting
channels in industrial applications. This sublibrary provides models for both
passband channels and baseband channels. The figure below shows the

Channel Sublibrary:

Pazshand Channel

™ - AW
AW b nioise
derno
AW
channel
™ I AW
AW rioise
dermol
AW R
W WEny pErE
T Birary
E-2rmor =1y
demo
Birany emor
channel
= T A Lirnited
Lriitd b birany emor
derno
Mzcc-ar Irmtd
b-emr channel

Baszeband Channel

= - F=ykeigh
* RaylF =k f=ding
dermno
Fi=iylzigh fading
channel GE
HE - Faykeigh
Ral F f=ding
dernok
Ranyk=igh fading channel
wvany pam SE
= T A Fi=nlzigh
* RaylM = notss
dermo
F=ivleigh noise
channel GE
Fi=nlzigh
Ranrl b noise
dernok
F=ykeigh noise channel
W wEny var G E
= T A Ri:imn
= RicEn M =k rotss
darno
Riz=n nos=
channel
Hep—— Fi:imn
Fizimn b = noiss
derno

Riz@n noiss channel
wwany parm SE

Figure 6-35: Passband Channel Sublibrary
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The passband channel provides four blocks:

AWGN Channel
Varying AWGN Channel
Binary-error channel

Limited binary-error channel

Channel Reference Table

This table lists the Simulink blocks in the Channel Sublibrary.
(This table lists the blocks in alphabetical order for your convenience.):l

Block Name

Description

AWGN Channel

Binary Error Channel

Limited Binary Error
Channel

Rayleigh Fading CE
Channel

Rayleigh Noise CE Channel
Rician Noise CE Channel

Varying AWGN Channel

Varying Rayleigh Fading CE
Channel

Varying Rayleigh Noise CE
Channel

Varying Rician Noise CE
Channel

Additive White Gaussian noise, the most
common passband channel model

Binary noise with binary signal input and
binary signal outputs

Binary noise with limited error occurance
probability

Rayleigh noise, modeled in baseband, with
signal attenuation

Rayleigh noise modeled in baseband
Rician noise modeled in baseband

Additive White Gaussian noise, modeled in
passband, with varying statistical parameters

Rayleigh noise, modeled in baseband, with
varying statistical parameters and signal
attenuation

Rayleigh noise, modeled in baseband, with
varying statistical parameters

Rician noise, modeled in baseband, with
varying statistical parameters




AWYEN

AWGN Channel

Catagory
Location

Description

Passband Channel
Channel Sublibrary

The AWGN (additive white Gaussian noise) Channel block adds white
Gaussian noise to the signal transmitting through this channel. The AWGN
channel model is commonly used in communications. The model for an AWGN
channel is:

s(t)
> s(t) + n(t) -

n(t)

Noise
source

AWGN Channel

This block uses the Gaussian White Noise Generator block as the noise source.
The vector length for the entry in the Initial Seed parameter must match the
input vector size of this block. The output vector size equals the input vector
size.

You must specify the mean(s) and covariances of the of the noise. The mean can
be either a vector of length equal to the seed or a scalar, in which case all the
elements of the noise vector share the same mean value. The covariance matrix
can be one of three things:

= An N-by-N positive semi-definite matrix, where N is the length of the seed.
The off-diagonal elements of the matrix are the correlations.

= Alength N vector, in which case the individual elements of the noise vector
are uncorrelated but have unequal variances.

« A scalar, in which case all the elements of the noise vector are uncorrelated
but share the same variance.
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AWGN Channel

Dialog Box
i AWGH channel
AW iGN channel, fised parameter [mask]
Additive white Gaussian noize channel with fixed mean
and variance.
FParameters
Mean value:
0 —
Variancs (std"2} Specify the mean and variance of the noise
.0 —] output.
Initial Seed:
12345 1 Initialize the seed. The length of the seed sets the
length of the random output vector.
Apply | Fewvert | Help |
Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Yes/Yes
Time Base Auto
States N/A
Direct feedthrough Yes
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AW

Varying AWGN Channel

Catagory
Location

Description

Dialog Box

Characteristics

Passband Channel
Channel Sublibrary

The AWGN (additive white Gaussian noise) Channel block adds white
Gaussian noise to the signal transmitting through this channel. The AWGN
channel model is commonly used in communication.

This block has three input ports and one output port. The first input port
inputs the transmitting signal. The second input port inputs the mean value of
the Gaussian noise. The third input port inputs the variance. The second and
the third input port can accept a scalar or a vector signal. In the vector case,
the vector length must equal the length of the first input port signal. The vector
length for the entry in the Initial Seed parameter must match the input vector
size of this block. The output vector size equals the input vector size.

i AWGH w vary para
AWGEN channel, vary parameter [mask]

AWGH channel with varying mean [2nd port] and
standard deviation [3rd port] az input. Seed vector size iz
the block output size.

Parameters
Initial seed:

123456 —+——— Initialize the seed.

Epply | Revert | Help |
No. of Inputs 3/1
Vectorized Inputs/Outputs Yes/Yes
Time Base Auto
States N/A
Direct feedthrough Yes
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Binary Error Channel

B-error

Category
Location

Description

Dialog Box

Characteristics

6-266

Passband Channel

Channel Sublibrary

The Binary Error Channel block generates adds binary errors to the signal
transmitted through this channel. This block is useful for the binary signal

transmission.

This block has one input port and two output ports. The input port takes the
transmitting binary signal. The first output port outputs the binary signal
passed the channel. The second output port outputs the number of errors added

to the transmitting signal.

To use this block, you must specify the error occurring probability and the

input signal vector size.

The parameter specified in the first parameter entree is the binary error
occurring probability. If you need to specify the error pattern, you should use
the Limited Binary Error Channel.

i Binary error channel
Add binary erors [mask)

The ermor probability can be a scalar or a vectar with the
zame length az the input vector length.

Parameters

Error probability:
0.05

Input vector length:

Apply | Fewvert | Help |

15 —

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

The binary error occurring probability. The value
of this parameter must be no smaller than zero
and no larger than one.

Input signal vector length, which is the same
vector length of the signal to the first output port.

1/2
Yes/Yes
Auto
N/A
Yes



R
Lirtd b-gerr

Limited Binary Error Channel

Category
Location

Description

Dialog Box

Passband Channel
Channel Sublibrary

The Limited Binary Error Channel block generates adds binary errors to the
vector signal transmitted through this channel. This block is useful for binary
signal transmission.

This block has one input port and two output ports. The input port takes the
transmitting binary signal. The first output port outputs the binary signal
passed the channel. The second output port outputs the number of errors added
to the transmitting signal at the current computation.

To use this block, you must specify the input signal vector length, the error
occurring pattern, and the random number generator seed.

You can specify the error occuring pattern for this block as a vector, [pl, p2,
p3....pM], where p1 is the probability of a single error in the channel for the
current computing output vector, p2 is the probability of two errors, p3 is the

probability of three errors, and so on. The vector size M must be less than or
m

equal to the block output length. Please note that Z p;< 1. The probability
m i=1

of all zero vectors is 1—2 p; - The minimum vector size for this probability
i=1

vector is 1 and the maximum vector size for this vector is the input signal
vector length.

i Max-emnr Imtd b-err channel E
I e ) Input signal vector length, which is also the

Add binary errors with specified error number probability.

vector length of the first output port.

Wector length{can't be changed during simulation]: SpeCIfy the error occur pattern' The sum of this
7 vector must be no larger than 1. The vector

length of this entry should be no larger than the

Probability of one e, two ens, three ens...;

172 input vector length.

Seed:

12345 Initialize the seed.
Apply Fewvert Help
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Limited Binary Error Channel

Characteristics

6-268

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/2
Yes/Yes
Auto
N/A
Yes



# Hayl F =%
Rayleigh Fading CE Channel

Catagory Baseband Channel

Location Channel Sublibrary

Description The Rayleigh Fading CE Channel block alters the amplitude and phase of the
baseband signal transmitting through this channel. The input and the output
of the block are scalar complex signals. The Rayleigh fading channel assumes
all frequency components of the transmitted signal undergo the same
attenuation and phase shift. The relation between the input signal u(t) and the
output signal y(t) of this block has the relationship

y(t) = O(ej(pu(t)

where a is the fading envelope and ¢ is the phase shift of the channel. This
block requires you to assign both fading envelope and phase shift in the
parameters entries.

Dialog Box

Characteristics

i Rayleigh fading channel CE E

— Rayleigh fading channel, fixed parameter [mask]

Fiayleigh fading channel with fized fading envelope and
phase shift.

=

Fiayleigh fading envelope:
1

Fhase shift of the channel [rad):
a

Specify the fading envelope, a scalar. This
parameter is O in the Rayleigh fading channel
equation.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Specify the phase shift, a scalar. This parameter
is (0 in the Rayleigh fading channel equation.

1/1
Complex/Complex
Auto

N/A
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Varying Rayleigh Fading CE Channel

FETT A
Rayl F =

Catagory
Location

Description

Dialog Box

Characteristics

6-270

Baseband Channel
Channel Sublibrary

The Rayleigh Fading CE Channel block changes the amplitude and phase of
the baseband signal transmitting through this channel. The Rayleigh fading
channel assumes all frequency components of the transmitted signal undergo
the same attenuation and phase shift. The relation between the input signal
u(t) and the output signal y(t) of this block has the relationship

y(® = ae*u()
where a(t) is the fading envelope and g(t) is the channel phase shift. These two
parameters are scalar factors inputted from second and third input ports
respectively.

The first port’s input and the output are scalar complex signals. The second and
third inputs are real numbers. There are no parameters to set in this block.

i Rayleigh fading channel w vary para CE

Fiayleigh fading channel, vary parameter [mask)

The fading envelope and the phase shift of the channel
changes with the 2nd and 3rd input port values.

Cloze |

No. of Inputs/Outputs 31
Vectorized Input 1 Complex
Vectorized Inputs 2 and 3 No, No
Vectorized Outputs Complex
Time Base Auto
States N/A
Direct feedthrough Yes



# Hayl M =
Rayleigh Noise CE Channel
Catagory Baseband Channel
Location Channel Sublibrary
Description The Rayleigh Noise CE Channel block adds two uncorrelated Gaussian noises

to the real and imaginary parts of the baseband signal transmitting through
this channel. The input and output are scalar complex signals. The Rayleigh
noise channel is widely used in baseband channel simulations.

This block uses the Gaussian Random Noise Generator block. The mean value
is zero. The covariance matrix is diag(c?, %), where ¢ is the entry to the
parameter sigma.

Dialog Box

i Rayleigh noize channel CE
Fayleigh noize channel, fized parameter [mask]

Additive Rayleigh noize channel for bazgeband signal
zimulation. Input and output signals are comples.

Parameters i i 2 i
@i Specify the variance g* for the noise.
a1 — This parameter is a scalar.

Seeds [1x2 vector]:
[12345 54321] pll

Initialize the seed, a length two vector.

Apply | Fewvert | Help |

Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Complex/Complex
Time Base Auto
States N/A
Direct feedthrough Yes
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Varying Rayleigh Noise CE Channel

Rayl M =

Catagory
Location

Description

Dialog Box

Characteristics

6-272

Baseband Channel

Channel Sublibrary

The Varying Rayleigh Noise CE Channel block adds two uncorrelated
Gaussian noises to the real and imaginary parts of the baseband signal
transmitting through this channel. The Rayleigh noise channel is a widely used
additive noise in baseband channel simulations.

This block uses the Gaussian Random Noise Generator block as the noise
source. The mean value is zero. The covariance matrix is diag(c?(t), 62(t)),
where cz(t) is the value inputted to the second input port of this block.

The first input port inputs the
port inputs the variance of the
non-negative scalar value.

i Rayleigh noize channel w vary var CE
Flayleigh noize channel, vary parameter [mask)

Add Rayleigh noize to the transmitting gsignal with noize
wariant [2nd port] as input. Seed should be a 1x2 vector.

Parameters

Initial Seeds [142 vector]:
[12345, 54321]

Apply | Fewvert | Help |

complex transmitting signal. The second input
Gaussian noise. The input value must be a

Initialize the seed, a length two vector.

No. of Inputs/Outputs
Vectorized Input 1
Vectorized Input 2
Time Base

States

Direct feedthrough

2/1
Complex
No

Auto
N/A

Yes
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# Rician M=

Rician Noise CE Channel

Catagory Baseband Channel
Location Channel Sublibrary

Description The Rician Noise CE Channel block adds two uncorrelated nonzero mean
Gaussian noises to the real and imaginary parts of the baseband signal
transmitting through this channel. The input and the output are scalar
complex signals. The Rician noise channel model is a generalized additive noise
in baseband channel simulations.

This block uses the Gaussian Random Noise Generator block as the noise
source. The mean values of the Gaussians used to generate the Rician noise are
[inphase_m, quadrature_m]. The covariance matrix is diag(c?,6%), where the
variance o? is the entry to the parameter sigma. The block adds the two
uncorrelated Gaussian noise signals to the real and imaginary parts of the
complex signal transmitting through this channel.

Rician noise is a noncentered x2 distribution noise. A Rayleigh noise channel is
a zero mean Rician noise channel.

Dialog Box

i Rician noise channel
Riician noise channel, fised parameter [mask)

Additive Rician noise channel for bazeband signal
zimulation. Input and output signals are comples.

Parameters
In-phaze m:
A —
e > Specify the in_phase and quadrature means of
3 — the Gaussian noise.

zigma:
1 — Specify the variance of the Gaussian noise.

Seed [1x2 vector]:

[1234 4321] — Initialize the seed, a length two vector.

Apply | Fewvert | Help |

Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Complex/Complex
Time Base Auto
States N/A
Direct feedthrough Yes

6-273



Varying Rician Noise CE Channel

T

Rician M=k

Catagory
Location

Description

Dialog Box

Characteristics

6-274

Baseband Channel
Channel Sublibrary

The Varying Rician Noise CE Channel block adds two uncorrelated nonzero
mean Gaussian noises to the real and imaginary parts of the baseband signal
transmitting through this channel. The Rician noise channel model is a
generalized additive noise in baseband channel simulations. This block uses a
length two Gaussian noise vector as the noise source

This block has three input ports. The first port inputs the complex transmitting
signal. The second input port inputs the mean value m, where m is a scalar.
The mean value vector is [m, m]. The third input port inputs the covariance c,
where c is also a scalar. The covariance matrix is diag(c, c). The two
uncorrelated Gaussian noise signals are added to the real and imaginary
components of the complex signal transmitting through this channel.

Rician noise is a noncentered x2 distribution noise. A Rayleigh noise channel is
a zero mean Rician noise channel.

i Rician noise channel w vary para CE
Riician noise channel, vary parameter [mask]

Add Rician noize to complex signal [Tzt port] with the
warying in-phase m (2nd port], quadrature m [3rd port).
and zigma [4th port].

Parameters
Seeds [1x2 vector]:

[13579, 24680] —+—— Initialize the seed, a two-element vector.

tooy | Revet | Hep |
No. of Inputs/Outputs 3/1
Vectorized Input 1 Complex
Vectorized Inputs 2 and 3 No, No
Time Base Auto
States N/A
Direct feedthrough Yes



Synchronization

A receiver must be synchronized with the transmitter in order to receive a
transmitted signal correctly. Synchronization techniques play very important
roles in communication systems.

The synchronization techniques in communication systems includes phase,
frequency, symbol, and frame synchronization. Phase synchronization
techniques are commonly called phase lock techniques. This toolbox
implements analog phase locked-loop (PLL) and the classical digital PLL as
examples of using Simulink blocks to build synchronization functionalities.

There are a number of PLL implementation methods. The most commonly used
PLL methods are:

= Simple PLL

= Baseband model PLL

= Linear baseband model PLL

< Charge pump PLL

This figure shows the Synchronization Sublibrary:

Basehand PLL
PLL PLL dermo
Fhase-locked Baseband model
loop for PLL
Charge Linearized
pump baseband
PLL PLL

Charge pump Linearized baseband
LL model for FLL

Figure 6-36: Synchronization Sublibrary
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Synchronization Reference Table

This table lists the Simulink blocks in the Synchronization sublibrary.
(This table lists the blocks in alphabetical order for your convenience.):

Block Name

Description

Baseband Model PLL

Charge Pump PLL

Linearized Baseband Model PLL

PLL

Implements a baseband model of
the phase-locked loop

Implements a charge pump phase
locked loop, which uses a sequential
logic phase detector

Implements a linearized model of
the phase locked loop

Implements a phase locked loop,
which recovers the phase of the
input signal




FLL

PLL

Catagory
Location

Description

Phase Recovery
Synchronization Sublibrary

The PLL (phase-locked loop) block automatically adjusts the phase of a locally
generated signal to match the phase of the input signal. This block is a phase
synchronization block that uses a simple phase locked loop method. APLL isa
feedback control system to automatically adjust the phase of a locally
generated signal

§(t) = sin(2mfyt+06(t))
to the phase of an incoming signal
s(t) = sin(2mfyt+6(t))

provided that the frequency of the incoming signal fy is known. The limitation
of the PLL is that the 6(t) is a slowly changing variable with respect to the value
of fo.

A typical PLL consists of three components: a phase detector, a filter H(s), and
a VCO (voltage controlled oscillator). The phase detector in a simple PLL is a
multiplier. The structure of a simple PLL is shown in the figure below:

s(t) | Phase | x(t) e(t)
Detector ’ H(s)
5(0) VCO g

Figure 6-37: The Structure of a Typical Phase-Locked Loop

Note that g has been added to the VCO as the initial value of the phase shift.

The output of the multiplier, x(t), equals:

x(t) = %Sin[e(t)—e(t)] + %Sin [2mfyt+6(t)-0(1)]
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PLL

Dialog Box

Characteristics
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After passing through a low-pass filter H(s), the signal e(t) becomes: Note that

e(t) = %sin[e(t)—é(t)]

the PLL fails when the deviation of 6(t) is close to f.

H(s) is a lowpass filter. You can use the function plIfilt to design the filter.

The input port takes the received transmitting signal. This block has three
output ports. Output port 1 outputs the detected phase difference e(t). Output
port 2 outputs the detected phase error x(t). Output port 3 outputs the phase
matched signal §(t) with a /2 phase delay.

i Phase-locked loop

Simple form PLL [mazk]

Output the phaze shifting signal at 1st port; the detected
phasze ermor at 2nd port; YOC output at 3rd port.

Parameters

Lowpazs filker numeratar:

Lowpassz filker denominator:
[1. 67.46, 2270.9, 40002]

Ozcillation frequency:
100/2/pi
Ozcillation Phase:

Ozcillation Amplitude:

Gain at the output:

Apply | Fewvert | Help |

[3.0002, 0, 40002] —

pif2 —

1 !

2 —

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/3
No/No
Auto
N/A
Yes

Specify the numerator and denominator of the
lowpass filter’'s transfer function.

The VCO oscillator frequency. Match this value
to the frequency of the input signal.

The initial phase of the VCO oscillator signal.
The amplitude of the VCO oscillator signal.

Select a gain for the outputted signal
(output port 1).



Charge

pump

PLL Charge Pump PLL
Catagory Phase Recovery
Location Synchronization Sublibrary
Description The Charge Pump PLL (phase-locked loop) block is a phase synchronization

block, which means that it automatically adjusts the phase of a locally
generated signal to match the phase of an input signal. A typical PLL consists
of three components: a phase detector, a filter H(s), and a VCO (voltage
controlled oscillator). In the PLL block, a multiplier is used as phase detector.
In practice, a number of other phase detectors can be used. One of them is the
sequential logic phase detector. A PLL with a sequential logic phase detector
(also called a digital phase detector) is known as a charge pump PLL.

A sequential logic phase detector operates on the zero crossings of the signal
waveform. The equilibrium point of the phase difference between the input
signal and the VCO signal equals . The sequential logic detector can
compensate for any frequency difference that might exist between a VCO and
an incoming signal frequency. Hence, the sequential logic phase detector acts
as frequency detector. For this reason, a sequential logic phase detector is also
called a phase/frequency detector (PFD). A discussion of the charge pump PLL
can be found in .

The input port inputs the received transmitting signal. The first outport
outputs the detected phase difference. The second outport outputs the phase
detector output, which is the detected error. The third outport outputs the
phase matched signal with the input except a mphase delay.
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Charge Pump PLL

Dialog Box

Characteristics

6-280

i Charge pump PLL
Charge pump PLL [mask]

Output the phaze shifting signal at 1st port; the detected
phasze ermor at 2nd port; YOC output at 3rd port.

Parameters

Lowpazs filker numeratar:

[3.0002, 0, 40002] —

Lowpazs filker Denominator:
[1. 67.46, 2270.9, 40002]

Ozcillation frequency [Hz]:
100/2/pi

Ozcillation Phaze [rad):

pi —

Ozcillation Amplitude:

1 !

Gain at the output:

3 —

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

7 Specify the numerator and denominator of the

lowpass filter’'s transfer function.

The VCO oscillator frequency. Match this value
to the frequency of the input signal.

The initial phase of the VCO oscillator signal.
The amplitude of the VCO oscillator signal.

Select a gain for the outputted signal
(output port 1).

1/3
No/No
Auto
N/A
Yes



Baseband
PLL

Baseband Model PLL

Catagory
Location

Description

Phase Recovery
Synchronization Sublibrary

The Baseband Model PLL (phase-locked loop) block is a phase synchronization
block that uses a baseband model method. A typical PLL consists of three
components: a phase detector, a filter H(s), and a VCO (voltage controlled
oscillator)Figure 6-37:. Using the multiplier phase detector and rearranging
the variables, the PLL in the figure below is equivalent to the baseband model
of the PLL.:

s(t) ot

Asin()m= K g H(s)

§(t)

nilkF

Figure 6-38: PLL Baseband Model

The baseband model for the PLL is a nonlinear system. The model depends on
the amplitude A, of the incoming signal. The model is independent of the
carrier frequency fj.

The input of this block is the received transmission signal. The output of this
block is the detected phase difference.
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Baseband Model PLL

Dialog Box

i Bazeband model for PLL
Baseband PLL model [mazk]

Output the phaze shifting of the input signal from the
ozcillation frequency.

Parameters

Lowpazs filker numeratar:

[3.0002, 0, 40002] — Specify the numerator and denominator of the
Lowpass fiter dencminatar: 7 lowpass filter’s transfer function.

[1, 67.45, 2270.9, 40002]
st remere () The VCO frequency. Match this value to the
100/2/pi — frequency of the input signal.

Ozcillation amplitude:
1 — i The amplitude of the VCO signal.
Gain at the output:
2 —— Select a gain for the outputted signal

(output port 1).

Apply | Fewvert | Help |

Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Auto
States N/A
Direct feedthrough Yes
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Linearized
baseband
PLL Linearized Baseband Model PLL
Catagory Phase Recovery
Location Synchronization Sublibrary
Description The Linearized Baseband Model PLL block is an implementation of the

simplest PLL model. A typical PLL consists of three components: a phase
detector, a filter H(s), and a VCO (voltage controlled oscillator)Figure 6-37:.

The baseband model for the PLL is a nonlinear system. It is difficulty to
analyze a nonlinear system. Assuming that the phase error g(t) is small, the
equation sin@(t) = @(t; can be used as an approximation. This approximation
leads to a linearized baseband model PLL as shown in the figure below:

s(t) @(t)
: AK = H(s)
3(t) 1
s

Figure 6-39: Linearized PLL Baseband Model
The transfer function from the input phase s(t) to phase error g(t) is

s

G(S) - -
s+AKH(s)

A PLL without a filter is a first order PLL. A PLL with (n-1)th order H(s) is a

nth order PLL. It is known that the steady state phase error g(t) is zero for a

rational H(s). You can use the Control System Toolbox to design and to analyze

the PLLs.

The model depends on the amplitude A, of the incoming signal. The model is
independent of the carrier frequency f;.

The input of this block is the received transmitting signal. The output of this
block is the detected phase difference.

6-283



Linearized Baseband Model PLL

Dialog Box
i Linearized baseband model for PLL

Linearized baseband PLL model [mazk)]

Output the phaze shifting of the input signal from the
ozcillation frequency.

Parameters

Lowpazs filker numeratar: R R
[3.0002, 0, 40002] /7 Specify the numerator and denominator of the
Lowpass fiter denominator. lowpass filter’s transfer function.

[1. 67,46, 2270.9, 40002]
sl e () The VCO frequency. Match this value to the
100/2/pi — frequency of the input signal.

Ozcillation amplitude:

1 —t—— The amplitude of the VCO signal.

Gain at the output:

2 —— Select a gain for the outputted signal

(output port 1).

Apply | Fewvert | Help |

Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Auto
States N/A
Direct feedthrough Yes

6-284



Utilities

This toolbox includes a number of useful blocks in communication system
design and analysis that do not fit any of the categories mentioned in the

previous sections. Many of these blocks are used as the basic blocks to build
other function blocks.
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This figure shows the Utility Sublibrary:

Utility/Miscellany Library

Discrete
YO

Discrete-time

WCO

“oltage-contrall
oscillatar

Envelope
detectar

Envelope
detector

~Edge det~

Rising edge
detectaor

+ Counter
-

Counter

_FErr count
u4

Erraor
counter

Register
shift
demo

“ector
re-arrange
dermn

Figure 6-40: Utility Sublibrary
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Utility Reference Table

This table lists the Simulink blocks in the Utility Sublibrary.
(Blocks are listed in alphabetical order for your convenience.)

Block Name

Description

Array Function

Complex Filter

Discrete-Time Modulo Integrator

Discrete Time VCO

Edge Detector

Envelope Detector

Error Counter

K-Step Delay

Mean and Std

Mean and Variance

Min/Max Index

Modulo

Modulo Integrator

Performs a specified function on
each index of an input array.

Implements IIR and FIR complex
filters.

Discrete-time integrator using a
modulo reset.

Implements a discrete-time voltage
controlled oscillator.

Detects the rising edge of a signal.

Detects the upper or lower bound
envelope of the input signal.

Counts the number of errors
(differences) between two input
signals when triggered.

Introduces a specified number of
time step delays to the input signal.

Calculates the mean and standard
deviation of input data.

Calculates the mean and variance of
input data.

Detects the minimum or maximum
element of a vector and outputs the
element’s index.

Performs modulo arithmetic.

Integrates using a modulo reset.
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Block Name

Description

Number Counter

Register Shift

Scalar to Vector Converter

Scheduled Reset Integrator

Triggered Buffer Down

VCO

Vector Redistributor

Vector to Scalar Converter

Windowed Integrator

Counts the number of input pulses.

Accumulates input scalars and
outputs the data in a specified
vector format.

Coverts scalars to a vector format.

Integrates with state reset at
specified time steps.

Converts an input vector into
sequential format when triggered.

Implements a voltage controlled
oscillator.

Redistributes elements from input
vectors to output vectors in a
specified rearrangement scheme.

Note: This block is documented in
the “Multiple Access Sublibrary”
section of this chapter.

Converts vectors to a scalar format.

Integrates with a fixed integration
time window.




Discrete

rnod-int . .
Discrete Time Modulo Integrator
Catagory Discrete Reset Integrator
Location Utility Sublibrary
Description The Discrete Time Modulo Integrator block resets its integration state to a

modulo value when the state value exceeds the modulo bound. The block
output is rem(int_out, module_bound), where int_out is the output of the
discrete-time integrator prior to the modulo operation and modulo_bound is the
output limit.

The discrete-time modulo integrator keeps the output and the integration state
in a fixed range. The modulo integrator is useful for monotonically increasing
or decreasing functions, but works with any integrable function.

Dialog Box

i Disc modulo integrator
Dizcrete-time modulo integrator [mask)

Wwhen the absolute value of the state excesds the
modulo bound, the state is reset to be the remainder of
the state divided by the modula bound.

Parameters

Modulo bound:

1 —4 Set the bound for the state modulo calculation.

Initial state:
D —

Initialize the state.
Sample time [zec):

01 —T— Specify the integration sample time.

Epply | Revert | Help |
Characteristics  No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Discrete time
States 1
Direct feedthrough No
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Modulo Integrator

Mladulo
Integrator

Catagory
Location

Description

Dialog Box

Characteristics
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Reset Integrator

Utility Sublibrary

The Modulo Integrator block resets its integration state to be modulo value
when the state value exceeds the modulo bound. The block output is
rem(int_out, modulo_bound), where int_out is the output of the integrator
prior to the modulo operation and modulo_bound is the output limit.

The modulo integrator keeps the output and the integration state in a fixed
range. The modulo integrator is useful for monotonically increasing or
decreasing functions, but works with any integrable function.

i Modulo integrator
Modulo integrator [mazk)]

Wwhen the absolute value of the state excesds the
modulo bound, the state is reset to be the remainder of
the state divided by the modula bound.

Parameters

Modulo bound:
1

Initial state:
a

Apply | Fewvert | Help |

Set the bound for the state modulo calculation.

Initialize the state.

No. of Inputs/Outputs
Vectorized Input/Outputs
Time Base

States

Direct feedthrough

1/1

No/No
Continuous
1

No



F
K-Step Delay
Catagory Signal Delay
Location Utility Sublibrary
Description The K-Step Delay block delays its input signal by a K-sampling time interval.
This block inputs and outputs scalar signals, and it is equivalent to a 7K
discrete-time operator.
Dialog Box

Characteristics

i K-step delay E

Multi-ztep delay [mask]
(Dutput iz K-step delay of the input zsignal.

=
F

Delay steps (integer]:

Sample time [zec):

Initial output:
ceil[16/2)

Specify the number of timesteps in the delay. K
must be a positive integer.

The time interval between sample, a two-element
vector. The first element is the sample time; the
second element, if present, is the offset time from
the beginning of the sample period.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

A scalar, which specifies the initial condition
before the offset time. The initial conditions of the
K discrete-time states are always zero.

1/1

No/No
Discrete time
K

Yes
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Windowed

. integratar
Windowed Integrator !
Catagory Integration over a finite time window
Location Utility Sublibrary
Description The Windowed Integrator block integrates the input signal using a fixed
integration time window. The output y(t) of the block is:
Y = [;_px(@dr
where T is a fixed time window for the integration. This block assumes
x(t) = 0 when t < 0. The input signal can be a vector. You must specify the input
signal vector length in the parameter assignment. The output vector length
equals the input vector length.
Dialog Box

Characteristics
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i Limited-length integrator
Windowed integration [mask)

Output the integration of the input from time t-T ta t, where
T iz the size of the integration window.

Specify the input vector length.
PrEmEEs— Specify the length of time for which the integra-
'2”'1“ VEELar size! tion occurs. This parameter is T in the windowed
integrator equation above.

Integration window length:
1

) ; Specify the calculation sample time. This
Sample time [zec):

1 parameter must be less than T.

Method [forward', 'backward', or first order’):

‘first crder’ —t

A string variable. Select the integration method.

Epply | Revert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs Yes/Yes
Time Base Discrete time
States 1
Direct feedthrough No



Scheduled

reset-int Scheduled Reset Integrator

Catagory Integration with reset

Location Utility Sublibrary

Description The Scheduled Reset Integrator block resets its states following a fixed
resetting schedule. The output of this block y(t) is

y(t) = ﬁsx(r)dr

where ts is the last state reset time. The state reset ts = k Otime_interval +
offset, where k is an integer. The above integration formula applies for the
entire time interval.
The block combines the functionality of the Reset Integrator and Modulo
Integrator blocks. The block calculates its integration state with a module
bound. The output value of this block is equivalent to rem(y(t),
module_bound), where y(t) is the output of the integrator shown in the above
equation.
This block can accept a vector input. The output vector size equals the input
vector size.

Dialog Box

i Scheduled reset-int

el ol et s, Specify the reset time. Setting this parameter to
Fieset the state to be zerofs] at the scheduled reset

sample paint. Inf forces the block to act like a normal discrete
time integrator. When this parameter is a

o _ two-element vector, the second element is the
Scheduled reset time interval and offzet [zec):
Inf offset value.

Parameters

Computation sample time and offset [sec):
.05 —

Specify the calculation sample time.

Modulo bound:
2 —

Set the bound for the state module calculation.

Apply | Fewvert | Help |
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Scheduled Reset Integrator

Characteristics
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No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/1

Yes/Yes

Discrete time
Number of inputs
No



Feq. shift
_ 4

Register Shift

Catagory
Location

Description

Dialog Box

1/0 Utility
Utility Sublibrary

The Register Shift block is an 1/O utility that places input data in an internal
register and outputs the data following when a trigger signal occurs. This block
accumulates the scalar input signal in an internal register at every raising

edge of the triggered signal. The output of this block can be a vector or scalar.

The initial conditions of all registers are assigned zeros. When the block detects
a trigger, the content in ith index of the register shifts to (i+1)th index. The
oth index keeps the current input value. The output follows a FIFO (first in,
first out) pattern. The number of indices output when a trigger occurs is equal
to the number of delay steps specified in parameter Delay steps. Setting Delay
steps to 1 means that a scalar value will be output when a trigger occurs.
Setting Delay steps to a value n>1 means that a length n vector will be output
when a trigger occurs.

The block detects a trigger when the trigger signal crosses from below the
threshold value to above or equal to the threshold value.

Input port 1 takes the input signal value, and input port 2 takes the trigger signal.

i Register-shift
Fiegister-shift [mazk)]

The riging edge of the 2nd port pulze triggers the block to
input the 1zt port data and to shift the register.

Parameters

Delay steps [output length is same az this vector size: i
[27-1:0] —+—— Specify how many delay steps the block uses.
Threshold in detecting the rizing edge of the pulse:
1 —7— Set the threshold value for the trigger signal.

Apply | Fewvert | Help |
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Register Shift

Characteristics
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No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/2

No/Yes

Auto

The maximum number in the output vector
pattern plus one.

Yes, when the minimum number in the
output vector pattern is zero; otherwise, no.



~Huffer dwn
a F

Triggered Buffer Down

Catagory
Location

Description

Example

1/0 Utility
Utility Sublibrary

The Triggered Buffer Down block converts a vector signal into sequential
signal(s). The block has three input ports. Input port 1 takes a vector signal,
input port takes the input-trigger signal, and input port 3 takes the
output-trigger signal.

Each time the block detects an input-trigger signal, the block replaces its
internal register by the signal input from the first input port. Inside the block,
there is an index counter, which keeps the register index number from where
the block outputs its value. The block outputs the ith register content when the
index counter value is i. Each time the block detects an output-trigger signal,
the index counter increases its value specified in the Increment for each
index parameter. The initial values in the registers are zeros. The initial value
for the index counter can be set by the value in the Initial index parameter.
Each time an input-trigger signal is detected, the index counter is reset to the
initial index value.

This block outputs a vector when the value in the increment for each index is
avector. The output vector size is the same as the vector size in the entry. Each
output keeps its own index counter and the increment values are added
independently. The increment value must be an integer, but it can be a
negative integer.

The block detects the raising edge of a trigger when the trigger signal crosses
the threshold value from below. The signal does not have to actually cross the
threshold; a trigger occurs even if the signal remains constant at the threshold
value as long as it approached the threshold value from below.

The first output port outputs the sequential signal(s). The second output port
outputs a spike when the internal registers are refreshed.

Let the block input be a length 3 vector. The Initial index is a two-element zero
vector. The increment for each index is [1, 2]. The output trigger signal
frequency is three times the input-trigger signal frequency. The cyclic signal
flag is 1.
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Triggered Buffer Down

As shown in the figure below, at t0, the contents in the registers refresh to [0,
2, 1]. The first output signals at t0, t1, t2 are 0, 2, 1 respectively. The second
output signals at t0, t1, t2 are 0, 1, 2 respectively.

A signal 1

|—|| output 1

. — A o Do :
Asignal 2 l 2 R Lo
=, b e T

_ I I ‘ Triggered 9 Aoutputlz Lo

Amgnal 3 : — Buffer o

! ! Down
— ] ) — -
Ainput_tr:igger OL:fltpUt_Etriégér |
10 t3 t6 t0 t1 {2 t3 t4 1516 t7

Figure 6-41: Example for Triggered Buffer Down Block
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Triggered Buffer Down

Dialog Box

Characteristics

— Triggered buffer down [mask]

FRiizing edge of the 2nd port triggers 1st port vector signal
in. Rising edge of the 3rd port tiggers 1st outport signal
aut.

i Triggered buffer down E

=

f
Input gignal wector size:
128

Initial index [integer vectar]:
[ooa

Increment for each index [integer vectaor]:
[123]

Trigger threshold:
Al

Specify the input vector length.

Set the initial value for the index counter. This
parameter also sets the output vector length.

The increment value for each index. The length of
this vector must equal the length of the initial
index vector.

‘wihen index exceed register size, 1: cyclic out, 0: zero
1

Set the threshold for the trigger signal.

Apply Fewvert Help

No. of Inputs/Outputs
Vectorized Input 1
Vectorized Input 2 and 3
Vectorized Output 1
Vectorized Output 2
Time Base

States

Direct feedthrough

When the index exceeds the register size, there
are two options. The first option is cyclic, which
forces the block to recalculate the block using
modulo N arithmetic, where N is the input signal
vector size. The second option is just to force the
output to O.

3/2

Yes

No, No

Yes

No

Auto

The input vector size
Yes
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Discrete Time VCO

Discrete
WO

Catagory
Location

Description

Dialog Box

Characteristics
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Utility

Utility Sublibrary

The Discrete Time VCO (voltage controlled oscillator) block generates a signal
with frequency proportional to the voltage of the input signal. This is a

discrete-time block.

For a given input signal u(t), t

he VCO outputs y(t):

y(t) = Ajcos e t+2mk [ u(t)dt+o ]

where k; is the sensitivity constant of the VCO and ¢ is the initial phase shift.

i Discrete-time ¥CO
Woltage-controlled oscillator [mask)

The frequency of the output zignal changes with the input
zignal.

Parameters

Output amplitude:
1

Ozcillation frequency [Hz]:
10
Input gensitivity:

Initial phaze [rad]:

Sample time [zec):

1 —

.m —

Specify the output amplitude, which is variable
A in the VCO equation above.

The modulation frequency, which is variable f. in
the VCO equation.

The phase sensitivity value, which is the gain
applied to the input signal.

The initial phase of the oscillator.

The calculation sample time.

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/1

No/No
Discrete time
N/A

Yes



WD

VCO

Catagory
Location

Description

Dialog Box

Characteristics

Voltage Controlled Oscillation
Utility Sublibrary

The VCO (voltage controlled oscillator) block generates a signal that is
proportional to the voltage of the input signal.

For a given input signal u(t), the VCO outputs y(t):

y(t) = Acos B t+2mik, jg u(tydt+¢

where k. is the sensitivity constant of the VCO and ¢ is the initial phase shift.

i Yoltage-controlled oscillator E

—Woltage-controlled oscillator [mask]
T_he flrequenc:y of the output signal changes with the input Specify the output amplitude which is variable
signal. N A !

A. in the VCO equation above.

=
F

Output amplitude:

1 The modulation frequency, which is variable f. in

_ the VCO equation.
Ozcillation frequency [Hz]:
10

| S The phase sensitivity value, which is the gain
nput sensitivity:

1 applied to the input signal.

Initial phaze [rad]:
The initial phase of the oscillator.

sppy | Rever | Hen | i
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Continuous
States N/A
Direct feedthrough Yes
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Envelope Detector

Envelope
detector

Catagory
Location

Description

Dialog Box

Characteristics
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Utility
Utility Sublibrary

The Envelope Detector block detect the upper or lower boundary envelope. You
can use this block to outline the envelope of a given signal or in signal
demodulation. The block detects the local maximum (when the upper envelope
is found) or the local minimum (when the lower envelope is found). Because of
the detection method used, the result of the Envelop Detector is noise sensitive.
For the best solution, use a lowpass filter before the envelope detector.

i Envelope detector
Envelope detector [mazk]
Output the upper or lower boundary of the input zsignal.

Parameters

Boundary side ['upper' or ‘lower']:

‘upper’ —t——— Astring variable. Specify whether the block
detects the upper or lower boundary.

Epply | Revert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/No
Time Base Auto
States N/A
Direct feedthrough Yes



~Edge det~

Edge Detector

Catagory
Location

Description

Dialog Box

Characteristics

Raising Edge Detection

Utility Sublibrary

The Edge Detector block detects the raising edge of a signal. This block scans
through the input signal and finds the time when the signal crosses from below
the specified threshold value. This block outputs one when the raising edge is
detected; otherwise it outputs zeros.

i Rising edge detector
Edge detection [mazk]

Detect the rising edge of the input signal. Output one
when the riging edge is detected.

Parameters
Threshold:

Apply | Fewvert | Help |

05 —

Set the threshold value for signal detection.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/1
No/No
Auto
N/A
Yes
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Number Counter il

Catagory Counter

Location Utility Sublibrary

Description The Number Counter block counts the number of input pulses.
The first input port inputs the counting enable/disable signal, the second input
port inputs the clock pulse signal, and the third input port inputs the counter
reset signal.
At the time when the clock pulse signal (second input port) crosses from below
the threshold value t, the counter adds one if the enable/disable signal (first
port) is larger than or equal to the threshold. The clock pulse signal is ignored
if the enable/disable signal is less than the threshold.
The counter has zero initial value. When the reset signal (third port) value
crosses the threshold value from below, the counter is reset to zero. The output
of this block is the value in the counter.

Dialog Box

Characteristics

6-304

i Counter
Fiesettable number counter [mask]

I the 1zt inport value is larger than the threshold, the
counter increases one at the rising edge of the 2nd inport
pulse.

Parameters
Threshold:

2 ———— Set the threshold for pulse signal counting.
Apply | Fewvert | Help |
No. of Inputs/Outputs 3/1
Vectorized Inputs/Outputs No/No
Time Base Auto
States N/A
Direct feedthrough Yes



_FErr count

* Error Counter
Catagory Utility
Location Utility Sublibrary
Description The Error Counter block counts the number differences between the first input

signal and the second signal at the time of the raising edge of the third signal.
When the difference between the signal from the first and second ports is larger
than a tolerance value, the error counter adds one. The raising edge of the
fourth signal resets the error counter. This block accepts scalar signals only.

Dialog Box

i Error counter
Error counter [mazk)]

If the 15t and 2nd inport values do not match at the rising
edge of the 3rd inpart, the counter increases by one.

Parameters
Threshald: Set the threshold value for the rising edge of the
0z third input signal.

Tolerance:
eps —1 Specify the tolerance allowed between the first

and second input signals.

Apply | Fewvert | Help |

Characteristics  No. of Inputs/Outputs 4/1
Vectorized Inputs/Outputs No/No
Time Base Auto
States N/A
Direct feedthrough Yes
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hlin/hlax
indesx

Catagory
Location

Description

Dialog Box

Characteristics

6-306

Utility

Utility Sublibrary

The Min/Max Index block detects the maximum (or minimum) element of the

vector input signal. It outputs

(index-1) of the maximum (or minimum)

element, where index is the index of the detected element in the input vector.
In other words, if the ith element in the input vector has maximum value (or
minimum value) in the input vector, the output of this block is i-1. When more
than one element share the same maximum value (or minimum value), this
block outputs the smallest detected index-1.

+ Min/max index

b airum /minimum index. [mask]

Chooze the index of the input vector with maximurn or
mmirirnLm s alue.

Parameters

‘max’ o 'min';

min

Apply | Fewvert | Help |

A string variable. Select whether the block
detects the maximum or minimum vector
element.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/1
Yes/No
Auto
N/A
Yes



Array

function .
Array Function

Catagory Multiple input functions

Location Utility Sublibrary

Description The Array Function block outputs a function calculation of each element of the
input vector signal. The length of the output vector is the same as the length of
the input vector. Each output element is a function of the input element.

y; = f(u;)

where the function f can be a choice from the strings sin, cos, tan, asin, acos,
In, log10, and sgn.

Dialog Box

Characteristics

i Armray function
Array function [mazk]

Array function block for sin, cos, tan, exp, asin, acos, In,
log10, egn, abs, floor, ceil, and round.

Parameters
Operation [gting]:

Apply | Fewvert | Help |

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

sin’ T E—

A string variable. Specify which function the
block performs on the input vector.

1/1
Yes/Yes
Auto
N/A
Yes
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Sca to vec
converter

Catagory
Location

Description

Dialog Box

Characteristics

Pair Block

6-308

Data Conversion
Utility Sublibrary

The Scalar to Vector Converter block converts a scalar base ten positive integer
into a number with specified base, b. The output of this block is a vector with
given output vector length. The first element in the output vector outputs the
coefficient for b, the second element in the output vector outputs the
coefficient for b®, and so on.

i Integer scalar to vector
Decimal to baze M vector [maszk)]

Convert decimal integer input to base M integer and
output each pogition of the converted integer uzing
output wector.

Parameters

Output vector length:
5 _

Specify the vector length of the output data.
Conversion base M:
2 pll

Specify the base for the data conversion. This
must be an integer greater than 1.

Epply | Revert | Help |
No. of Inputs/Outputs 1/1
Vectorized Inputs/Outputs No/Yes
Time Base Auto
States N/A
Direct feedthrough Yes

Vector to Scalar Converter



Yero to sca

converter
Vector to Scalar Converter
Catagory Data Conversion
Location Utility Sublibrary
Description The Vector to Scalar Converter block converts the input vector into a scalar
positive base ten integer. The input base is M, which is specified in the Input
integer base M parameter. The first element in the input vector is the
coefficient for M°, the second element in the input vector is the coefficient for mt,
and so on.
Dialog Box

Characteristics

Pair Block

i Integer vector to scalar
Base M vector to decimal integer [mask)

Convert baze M integer with each position in the input
wector into scalar decimal output.

Parameters

Input integer base M:
2

Apply | Fewvert | Help |

The base for the conversion calculation. The
entry must be an integer greater than 1.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

Scalar to Vector Converter

1/1
Yes/No
Auto
N/A
Yes
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Modulo
Catagory Modulo arithmetic
Location Utility Sublibrary
Description The Modulo block computes the modulus in a specified base of the input signal.
The length of the output vector is the same length as the input vector. The
modulo base must be an integer greater than 1.
Dialog Box

Characteristics

6-310

i Modulo operation
Modulo [mask]
Output the remainder of the input value divided by the

modulo base.
Parameters

Modulo base:
2 —

Apply | Fewvert | Help |

Specify the base for the modulo arithmetic
calculation.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/1
Yes/Yes
Auto
N/A
Yes



Mean

& std
Mean and Std
Catagory Statistics
Location Utility Sublibrary
Description The Mean and Std block calculates the running mean and standard deviation
of the scalar input. The block updates the mean and standard deviation at a
sample time point specified in the parameter entry. The first output port
outputs the mean value, and the second port outputs the standard deviation of
the input signal.
Dialog Box

Characteristics

+ Mean and std
Funning mean and std [mazk]

Output the running mean to 1st outport and running
standard deviation to 2nd outport,

Parameters

Sample time [zec):
Al

Apply | Fewvert | Help |

Specify the update calculation time of the block.

No. of Inputs/Outputs
Vectorized Inputs/Outputs
Time Base

States

Direct feedthrough

1/2
No/No
Auto
2

Yes
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Mean and Variance

hean
& var

Catagory
Location

Description

Dialog Box

Characteristics
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Statistics
Utility Sublibrary

The Mean and Variance block calculates the running mean and variance of the
input scalar signal. The block updates its mean and variance at a sample time
point given in the parameter entry. The first output port outputs the mean
value, and the second output port outputs the variant of the input signal.

i Mean and var
Fiunning mean and var [mask]

Output the running mean to 1st outport and running

wariant ko 2nd outport,

Parameters

Sample time [zec):
1 —+——— Specify the update calculation time of the block.

Epply | Revert | Help |
No. of Inputs/Outputs 1/2
Vectorized Inputs/Outputs No/No
Time Base Auto
States 2
Direct feedthrough Yes
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A RTW and Communications

This section provides information on using the Real-Time Workshop® (RTW)
with the Simulink library of the Communications Toolbox. It contains
information about building stand-alone C programs from models that contain
Communications Toolbox blocks.

For information about... See...

Editing the template makefile “Template Makefiles” on A-2

An example code generation task “Example: TCM Simulation” on A-4

Generating code from models “Writing MEX-File S-Functions for
that use MEX-file S-functions RTW” on A-8

Valid block names for code “Block Names and Code Generation” on
generation A-9

Limitation “Limitations and Notes” on A-10

See the Real-Time Workshop User’'s Guide for complete details on code
generation.
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Template Makefiles

Template Makefiles

To generate code for your target platform, Real-Time Workshop uses a
template makefile. A template makefile is the model file that Real-Time
Workshop uses to create the actual makefile that builds the executable code.
There is a template makefile for every supported target and compiler
combination, all with the extension “.tmf”. For example:

= On UNIX systems, there is a standard nonreal-time unix. tmf file that works
with Sun make or gmake and with cc or gcc.

=« On the PC, the nonreal-time template makefiles are usually called
dos_0O.tmf, where Ois an abbreviation for the compiler. For instance,
dos_watg.tmf is the template makefile for the WATCOM compiler and Gnu
make facility.

Updating the Template Makefile for the Toolbox

Many of the blocks in the Communication Toolbox Simulink library are
implemented as C language MEX-files. If you use the Real-Time Workshop to
generate C code for a model that uses the blocks, you must ensure that your
template makefile references their MEX-file source. Modify your template
makefile as follows:

= Add the Communication Toolbox commsfun directory to the include path used
by your C compiler. For example, to do this with the unix.tmf template
makefile, add the text shown in bold to the MATLAB_ INCLUDES macro
definition.

MATLAB_INCLUDES = \
—I1$(MATLAB_ROOT)/simulink/include \
—1$(CODEGEN_ROOT)/common/include \
—1$(CODEGEN_ROOT)/external/rpc \
—I1$(MATLAB_ROOT)/toollbox/comm/commsfun
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To do this with the dos_watg. tmT file, add the text shown in bold to the
MATLAB_ INCLUDES macro definition.

MATLAB_INCLUDES = \
—1$(CODEGEN_ROOT)\nrt \
—I1$(MATLAB_ROOT)\simulink\include \
—1$(MATLAB_ROOT)\simulink\src \
—1$(CODEGEN_ROOT)\common\include \
—1$(MATLAB_ROOT)\'too Ibox\comm\commsfun

The various template makefiles use different make facilities which in general
have different syntaxes, so edit your file carefully.

= Add a rule for compiling sources in the Communications Toolbox commsfun
directory. Make sure that the indented lines start with a single tab, not
spaces.

For example, to do this with the unix.tmf template makefile, add the text
shown in bold to the list of rules:

%.o0 : $(MATLAB_ROOT)/simulink/src/%.c
$(CC) $(CFLAGS) —c $<

%.o - $(MATLAB_ROOT)/toolbox/comm/commsfun/%.c
$(CC) $(CFLAGS) —c $<

To do this with the dos_watg. tmf file, add the text shown in bold to the list
of rules.

%.obj : $(MATLAB_ROOT)\simulink\src\%.c
$(PRINTENV) CFLAGS
$(CC) @CFLAGS $<

%.obj : $(MATLAB_ROOT)\toolbox\comm\commsfun\%.c
$(PRINTENV) CFLAGS
$(CC) @CFLAGS $<

For more information on the template makefiles provided with the Real-Time
Workshop, see the section “Template Makefiles” in Chapter 3 of the Real-Time
Workshop User’s Guide.

A4



Example: TCM Simulation

Example: TCM Simulation

This section describes how to generate C code for an example model. The goal
of this example is to create a stand-alone DOS or UNIX executable that reads
a signal from a testl.dat file. The contents of the file is transmitted from the
sender to the receiver by using the trellis code modulation (TCM) method, the
receiver creates a new test2.dat file containing the received data. To try this
example, load the block diagram tsttcm from the MATLAB workspace.

Pulse

= Sca to vec
> = Rdfile b 2choter ~»Pemux_)] '—: Mux || Vectosca
kjConvI en > converter —‘
A oMw | [ W
> g
L s | OAM b RaylN i QADM [ ] cSormap —‘

Sca to vec
converter

| Demux

Il

\ 4

B
Convl de

Mux Vec to sca -

converter Wit file

\ 4

This block uses the convolution code with its transfer functions showing in the

next figure.

In1

L
] > ] > XOR ——>{1]
Outl
p 2
Out2
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Create a data file testl.dat in your working space:

N = 300;

x = randint(N, 1, 4);

fid = fopen(“testl.dat’);

for 1 = 1: length(x)
fprintf(Fid, >%d\n” ,x(i1));

end

fclose(fid);

To simulate the system, set the stop time to be N+3 from the parameter of the
simulation menu, where N is given in the above code. Then, start the simulation
from the simulation menu.

The simulation results in a data file test2.dat, which has the same contents
(except the transfer error) with the file testl.dat. You can use the command
load testl.dat to compare the transmitted data x and the received data test2.



Example: TCM Simulation

To generate code, follow the procedures:

« Select Nonreal-Time Options from the Code menu.

Set the code generation parameters for your model in the dialog box that
appears. Note that the figure below shows appropriate settings for one pos-

sible DOS configuration:

!Jtstlincu - Nonreal-Time Ophionsz

=10l |

model.mat

dos_watg._tmf

make_nrt OPTS5=-Dinf=1.e100

| Integration algorithm. This

has no effect since the model
includes no continuous
blocks.

Set to N+3, where N is the
transmitted data length.

Template makefile name.

Name of makefile to create.

Build command. The option
should be defined when
convolution code/decode is
used.
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Once you have set all the parameters, click on Build.

Real-Time Workshop automatically creates, compiles, and links the C code
according to the specifications in your template makefile.

Run the executable.
From the MATLAB prompt, enter:
Itsttcm

Or, from the operating system prompt, enter:
tsttem

Your results are in the file test2.dat. Use the load command to load the file
into MATLAB and examine the model output. The produced file test2.dat
should be the same as the contents in testl.dat file except three zeros has
been added to the beginning of the test2.dat file.

Once you have generated C code for a model, you can edit the code to optimize
it for your application.
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RTW Guidelines

This section provides a brief summary of some guidelines that apply to

Real-Time Workshop code generation tasks. It includes:

= Writing MEX-File S-Functions for RTW
« Block Names and Code Generation

Writing MEX-File S-Functions for RTW

Remember these guidelines any time you generate code from a model:

= The MEX-file cannot call any MATLAB routines.

= If the MEX-file uses any routines from the MEX External Interface Library,
include cg_matrx.h instead of mex.h. To handle this case, make sure the

lines below are present in your MEX-file:

#ifdef MATLAB MEX FILE
#include “mex.h”

#else
#include “cg_matrx.h”
#endif

= cg_matrx defines all of these functions as macros:

mxGetM
mxGetN
mxGetPr
mxGetString
mxSetM
mxSetN
mxSetPr
mxCreateFull
mxFreeMatrix
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All other MEX library calls are unsupported outside of the MEX interface.
Bracket them with the statements

#ifdef MATLAB_MEX_FILE
#endif

Only real, full matrices are supported.

= Make sure that calls to mxGetString do not specify a return value.

If you specify a return value for mxGetString, the MEX-file will not compile
correctly due to a limitation of the mxGetString macro provided in cg_matrx.
Obtain the desired string through the function’s second argument, which
returns a pointer to the string.

e Make sure that the #define S_FUNCTION_NAME statement is correct. The
specified S-function name must match the filename.

See the Real-Time Workshop User’'s Guide for more information on MEX-file
S-functions.

Block Names and Code Generation

Block names cannot end with an asterisk (0 if you want to compile code from
the model. Real-Time Workshop creates a comment in the C code that includes
the block name. If you have a masked system that includes other blocks and
whose names ends with 00 the C code comment will include the string /. This
will probably produce a syntax error, but could compile and produce
unexpected results.



Limitations And Notes

Limitations And Notes

RTW can generate code with C coded S-functions only. You cannot generate
code with a M coded S-function. There are a few display blocks that cannot be
used with RTW. The M-function blocks in the toolbox are:

Blocks Library
Eye Pattern Diagram Source/Sink
Error Rate Meter Source/Sink

In addition, the Convolution Decode block can be used with RTW only when the
Trellis Figure Plot Length is set to be zero, which means that no trellis will be
plotted.

When Convolution Encode block and/or Convolution Decode block is presented
in the block diagram, you have to set the build command as follows:

make_nrt OPTS=-Dinf=1.e100

The reason for doing so is that the transfer function inputted to the
Convolution Encode block and Convolution Decode block uses inf in the input.
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