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Preface

What Is the Communications Blockset?

The Communications Blockset is a collection of Simulink® blocks designed for
research, development, system design, analysis, and simulation in the

communications area. You can use the blockset’s ready-to-use blocks directly,
or you can easily modify them to implement your own methods and algorithms.

Blocks in this product can model various processes within communication
systems, including:

= Signal generation

= Source coding

= Error-control coding

= Interleaving

= Modulation/demodulation

< Transmission along a channel

= Synchronization

Xii



Related Products

Related Products

The MathWorks provides several products that are especially relevant to the
kinds of tasks you can perform with the Communications Blockset. They are

listed in the table below. In particular, the Communications Blockset requires
these products:

- MATLAB®

<« Simulink

< Signal Processing Toolbox

= Communications Toolbox

< DSP Blockset

For more information about any of these products, see either:

= The online documentation for that product, if it is installed or if you are
reading the documentation from the CD

< The MathWorks Web site, at http://www_mathworks.com; see the “products”
section

Note The toolboxes listed below all include functions that extend MATLAB's
capabilities. The blocksets all include blocks that extend Simulink’s

capabilities.
Product Description
CDMA Reference Simulink block libraries for the design and
Blockset simulation of the I1S-95A wireless

communications standard

Communications Toolbox  MATLAB functions for modeling the physical
layer of communications systems

xiii
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Product

Description

DSP Blockset

Real-Time Workshop®

Signal Processing
Toolbox

Simulink

Stateflow®

Simulink block libraries for the design,
simulation, and prototyping of digital signal
processing systems

Tool that generates customizable C code from
Simulink models and automatically builds
programs that can run in real time in a variety
of environments

Tool for algorithm development, signal and
linear system analysis, and time-series data
modeling

Interactive, graphical environment for
modeling, simulating, and prototyping
dynamic systems

Tool for graphical modeling and simulation of
complex control logic




Using This Guide

Using This Guide

This guide describes how to use the Communications Blockset to simulate
communication systems. It contains tutorial information categorized by type of
communication process, as well as a reference entry for each block in the
blockset.

Expected Background

This guide assumes that you already have background knowledge in the
subject of communications. If you do not yet have this background, then you
can acquire it using a standard communications text or the books listed in one
of this guide’s sections whose titles begin with “Selected Bibliography.”

If You Are a New User

Start with “Getting Started with the Communications Blockset”, which
describes an example in detail. Then read those parts of “Using the
Communications Blockset” that address the functionality that concerns you.
When you find out which blocks you want to use, refer to those parts of “Block
Reference” that describe those blocks.

If You Are an Experienced User

The block reference descriptions in “Block Reference” are probably the most
relevant parts of this guide for you. Each reference description includes a
complete explanation of the block’s parameters and operation. Many reference
descriptions also include examples, a description of the block’s algorithm, and
references to additional reading material.

You might also want to browse through “Getting Started with the
Communications Blockset” and “Using the Communications Blockset” based
on your interests or needs.

XV
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Organization of the Document

This chapter introduces the Communications Toolbox and some of its
important terminology. The table below summarizes the contents of the
remaining chapters.

Chapter Description

“Getting Started with the  Discusses an example model in detail to help
Communications you begin learning about the blockset
Blockset”

“Using the Surveys the major libraries of the blockset
Communications and discusses their capabilities and features
Blockset”

“Function Reference” Contains reference entries for the small

number of functions in the blockset

“Block Reference” Shows the contents of each library of the
blockset and contains reference entries for all
blocks




Configuration Information

Configuration Information

To determine if the Communications Blockset is installed on your system, type

ver

at the MATLAB prompt. MATLAB displays information about the version of
MATLAB you are running, including a list of installed add-on products and
their version numbers. Check the list to see if the Communications Blockset
appears.

For information about installing the blockset, see the MATLAB Installation
Guide for your platform.

Note For the most up-to-date information about system requirements, see
the system requirements page, available in the support area of the
MathWorks Web site (http://www._mathworks.com/support).

Using the Blockset
To open the Communications Blockset, type

commlib
at the MATLAB prompt.

Double-click on any icon in the main Communications Blockset window to open
the library that the icon represents.

XVil
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Technical Conventions

XViii

This section discusses the terminology that this document uses to describe the
signal types that the Communications Blockset supports. To learn how the
blockset processes each kind of signal, see “Signal Support” on page 2-3.

Scalars, Vectors, and Matrices

This document uses the unqualified words scalar and vector in ways that
emphasize a signal’s number of elements, not its strict dimension properties:

= A scalar signal is one that contains a single element. The signal could be a
one-dimensional array with one element, or a matrix of size 1-by-1.

= A vector signal is one that contains one or more elements, arranged in a
series. The signal could be a one-dimensional array, a matrix that has
exactly one column, or a matrix that has exactly one row. The number of
elements in a vector is called its length or, sometimes, its width.

In cases when it is important for a description or schematic to distinguish
among different types of scalar signals or different types of vector signals, this
document mentions the distinctions explicitly. For example, the terms
one-dimensional array, column vector, and row vector distinguish among three
types of vector signals.

The size of a matrix is the pair of numbers that indicate how many rows and
columns the matrix has. The orientation of a two-dimensional vector is its
status as either a row vector or column vector. A one-dimensional array has no
orientation.

A matrix signal that has more than one row and more than one column is called
a full matrix signal.

Frame-Based and Sample-Based Signals

In Simulink, each matrix signal has a “frame attribute” that declares the signal
to be either frame-based or sample-based, but not both. (A one-dimensional
array signal is always sample-based, by definition.) Simulink indicates the
frame attribute visually by using a double connector line in the model window
instead of a single connector line. In general, Simulink interprets frame-based
and sample-based signals as follows:



Technical Conventions

= A frame-based signal in the shape of an M-by-1 (column) matrix represents
M successive samples from a single time series.

= A frame-based signal in the shape of a 1-by-N (row) matrix represents a
sample of N independent channels, taken at a single instant in time.

= A sample-based matrix signal might represent a set of bits that collectively
represent an integer, or a set of symbols that collectively represent a code
word, or something else other than a fragment of a single time series.

Xix
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Typographical Conventions

This guide uses some or all of these conventions.

Item

Convention to Use

Example

Example code

Function names/syntax

Keys

Literal strings (in syntax
descriptions in Reference
chapters)

Mathematical
expressions

MATLAB output

Menu names, menu items, and

controls

New terms

String variables (from a finite
list)

Monospace font

Monospace font

Boldface with an initial
capital letter

Monospace bold for
literals.

Variables in italics

Functions, operators, and

constants in standard text.

Monospace font

Boldface with an initial
capital letter

Italics

Monospace italics

To assign the value 5 to A,
enter

A =5

The cos function finds the
cosine of each array element.

Syntax line example is

MLGetVar ML_var_name

Press the Return key.

f = freqspace(n, "whole™)

This vector represents the
polynomial

p= X2+ 2x + 3
MATLAB responds with
A =

5

Choose the File menu.

An array is an ordered
collection of information.

sysc = d2c(sysd, "method")




Getting Started with the
Communications Blockset

The Example Model .
Overview of the Simulation
Building the Model .
Exploring the Model

Components of the Example .
Creating Random Binary Data
Encoding Using a Convolutional Code
Unbuffering to Convert Vectors to Scalars
Modulating the Encoded Messages
Transmitting Along a Noisy Channel
Mapping the Received Data .
Buffering to Convert Scalars to Vectors
Decoding the Convolutional Code
Computing the Error Rate .

Displaying the Error Rate .

Other Blocks

Learning More About the Example .
Modifying the Model
For Further Study

1-3
1-3
1-5
1-9

.1-11
.1-11
. 1-12
. 1-14
. 1-16
. 1-16
. 1-18
. 1-20
.1-21
.1-24
. 1-26
. 1-26

. 1-27
. 1-27
. 1-28




1 Getting Started with the Communications Blockset

1-2

This chapter describes a particular example in detail, to help you get started
using the Communications Blockset. The description here assumes very little
prior knowledge of MATLAB or Simulink. It assumes that you have a basic
knowledge about communications subject matter. More specialized knowledge
about convolutional coding might be useful for the two parts marked
“Technical,” but is not essential for using the example to learn about the
Communications Blockset environment.

This chapter:

= Gives an overview of the model

= Discusses how you can explore the model in Simulink before reading about
its components

= Describes the components of the model in detail
= Discusses how you can modify the model after you understand how it works
= Lists sources of further information

The detailed component descriptions also include three digressions about:
= Signal sizes (page 1-12)

= Sample times (page 1-15)

=« Data types (page 1-16)

While these digressions relate to specific components of the example model,
they also point out general model-building and model-debugging techniques
that can help you use Simulink more effectively.



The Example Model

The Example Model

The figure below shows the example model. You can open it by typing

commblksgettingstarted at the MATLAB prompt.

Tip In this document, you can click on blocks in the figure above to see more
information about how they behave within the example.

[Elcommblksgettingstarted

File  Edit

Yiew  Simulation

Bemaulli bin

Bernoulli Random
Binar Generator

Infa

Ready

L J

== Lk

Format Tools Help

Co;\rolu‘:lonal - - BRI

nocoder [
Convolutional Unbuffer BFEK

Encoder tdadulator

Baseband
0.01578

Emor Rate T h

Calculation L _
Fix o148 ANEHL T iy
Channel
Errar Rate Caleulation
Dizplaw
Terminatar
— | B
" ™ Secalar Refu) .
Viterbi Decoder [ i quantizer
[Efe—
Viterbi Decoder Butfer Terminator Sampled Complex to
Quantizer Encode Real-lmag
[100% |FixedStepDiscrete i

Figure 1-1: Example Model

Overview of the Simulation
This example simulation starts by creating a random binary message signal.
The simulation encodes the message into a convolutional code, modulates the
code using the binary phase shift keying (BPSK) technique, and adds white
Gaussian noise to the modulated data in order to simulate a noisy channel.
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Then, the simulation decodes the convolutional code while trying to correct as
many noise-induced errors as possible. The decoding also involves some
intermediate steps to prepare the received data for the decoding block. Finally,
the simulation compares the decoded information to the original message
signal in order to compute and display an error rate.

The table below indicates which blocks from the Communications Blockset
appear in the model, the order they appear in the model, and the purpose each

one serves.

Communications Purpose in Example

Blockset Block

Bernoulli Random Create random bits to use as message.

Binary Generator

Convolutional Encoder Encode message using the convolutional coding technique.

BPSK Modulator Modulate encoded message to prepare for transmission.

Baseband

AWGN Channel Transmit data, adding random numbers to simulate a noisy
channel.

Sampled Quantizer Map received data to appropriate three-bit values to prepare for

Encode soft-decision decoding.

Viterbi Decoder Decode the convolutional code using the Viterbi algorithm.

Error Rate Calculation Compute proportion of discrepancies between original and

recovered messages.

The model also uses some blocks from Simulink and the DSP Blockset:

<« Unbuffer (DSP Blockset)

= Complex to Real-Imag (Simulink)
= Terminator (Simulink)

= Buffer (DSP Blockset)

= Display (Simulink)
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Building the Model

This section helps you build the model starting from a blank model window. If
you prefer to open the prebuilt model, then type commblksgettingstarted at
the MATLAB prompt and skip ahead to “Exploring the Model” on page 1-9.

Part 1: Placing the First Block
To start building the model, follow these steps:

1 Type commlib at the MATLAB prompt. This opens the Communications
Blockset main library.

2 From the library’s File menu, select New and then select Model. This opens
a new model window called untitled. You will build the example model in
this window.

3 From the model window’s File menu, select Save. Choose an appropriate
location and filename for the model you are about to build. You should save
the model frequently while you are editing it, to avoid losing any work.

4 In the Communications Blockset main library, double-click on the Comm
Sources icon. This opens the Comm Sources library.

5 Inthe Comm Sources library, find the icon for the Bernoulli Random Binary
Generator block. Drag it into the model window.

6 In the model window (not the Comm Sources library window), double-click
on the Bernoulli Random Binary Generator icon. This opens the block’s
parameter dialog box, also called its mask.

7 In the mask, type new values in the parameter fields to change the default
parameter values to the ones shown in the right image below.

1-5



1 Getting Started with the Communications Blockset

Default Parameters

ermoulli Bandom Binary Generator

— Bemoulli B andom Binary Generator [mask)

Generate a Bernoulli random binary number.

To generate a vector output, specify the probability as a vectar.

Desired Parameters for the Example

noulli B andom Binary Generator

— Bemoulli Random Binary Generator [mask)] [link]

Generate a Bernoulli random binary number.
To generate a vector output, specify the probability as a vectar.

.- b =)
F

Frobability of & zero: Frobability of & zero:

|01 05] Jos

Initial seed: Initial seed:
|112345 54321] |3214a
Sample time: Sample time:
[ [

I Frame-based cutputs ¥ Frame-based cutputs

Samples penirame: Samples per frame:
[ [

I™ Interpret vector parameters as 1-0

™| [Fterpret veton parameters as 10

Cancel Help Lol

Cancel | Help | Apply |

8 Click on the OK button in the mask.

You have now placed and configured the first block for this example model.

Part 2: Placing Other Blocks

This section tells how to find and configure the other blocks required for the
example model. First open the main libraries of the products that contain those
blocks:

= To open the main DSP Blockset library, type dsplib at the MATLAB prompt.
=« To open the main Simulink library, type simul ink3 at the MATLAB prompt.

Now, the basic procedure for placing blocks is similar to the procedure you used
for the Bernoulli Random Binary Generator block:

1 From the product’s main library, navigate to the library or sublibrary where
the block resides.

2 Drag the desired block into the model window.
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3 Double-click on the block in the model window to open its mask.
4 Change the appropriate parameters.

5 Click on the mask’s OK button.

Apply this basic procedure to the blocks listed below. For now, just place each
block anywhere within your model window. The next section gives tips for
connecting the blocks to each other.

Below are the blocks that you should gather and configure in your model
window. Each bullet lists the name and library location of the block, while each
subbullet indicates how to change the parameters from their default values.

From the Communications Blockset Library.

= Convolutional Encoder, from the Convolutional sublibrary of the Channel
Coding library. Use default parameter values.

< BPSK Modulator Baseband, from the PM sublibrary of the Digital Baseband
sublibrary of the Modulation library. Use default parameter values.

= AWGN Channel, from the Channels library
- Set Initial seed to 123456
- Set Es/No to -1
- Set Symbol period to .5

< Sampled Quantizer Encode, from the Source Coding library

Set Quantization partitionto [-.75 -.5 -.25 0 .25 .5 .75]
Set Quantization codebook to[7 6 5 4 3 2 1 0]

Set Input signal vector length to 1

Set Sample time to -1

= Viterbi Decoder, from the Convolutional sublibrary of the Channel Coding
library

- Set Decision type to Soft Decision
- Set Number of soft decision bits to 3
- Set Traceback depth to 48
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= Error Rate Calculation, from the Comm Sinks library
- Set Receive delay to 49
- Set Output data to Port

From the DSP Blockset Library.

< Unbuffer, from the Buffers sublibrary of the Signal Management library.
Use the default parameter value.

= Buffer, from the Buffers sublibrary of the Signal Management library
- Set Output buffer size to 2

From the Simulink Library.

= Complex to Real-Imag, from the Math library

- Set Output to Real
= Two copies of Terminator, from the Signals & Systems library
= Display, from the Sinks library

- Use default parameter values, but drag a corner of the icon to make it
three times as tall

Connecting the Blocks

Once you have all the blocks in your model window, you can connect them so
that your model window looks like “Example Model” on page 1-3 (except for the
Info block that appears in that figure). Also, from the model window’s
Simulation menu, choose Simulation parameters; then in the Simulation
Parameters dialog box, set Stop time to inf.

Here are some tips for connecting blocks:

= To connect the output port of one block to the input port of another block,
position the pointer over the first block’s output port and drag the pointer to
the second block’s input port.

< To add a branch to an existing connection line (for example, to connect the
Bernoulli Random Binary Generator block to both the Convolutional
Encoder block and the Error Rate Calculation block), first position the
pointer on the line where you want the branch to start. Then using the right
mouse button, drag the pointer to the place where you want the branch to
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end. As an alternative to using the right mouse button, you can also use the
left mouse button while holding down the Ctrl key.

= To delete a connection line, first select it by positioning the cursor along the
line and pressing the mouse button. Then select Cut from the model
window's Edit menu.

« To undo the addition or deletion of a block or line, choose Undo from the
model window’s Edit menu. You can also reverse the effect of an Undo
command by using the Redo option from the model window’'s Edit menu.

= To reverse the orientation of a block’s icon, select the block and choose Flip
block from the model window’s Format menu. To rotate a block’s icon, select
the block and choose Rotate block from the model window's Format menu.

Additional information about modelbuilding is in the section, “Creating a
Model,” in the Using Simulink guide.

Exploring the Model

Once the model is open, you can explore it in several ways. You can begin to
explore even before you run the simulation:

=« “Read” the block diagram starting with the Bernoulli Random Binary
Generator block in the upper left corner, following the arrows, and ending
with the Display block in the center.

Note that the block marked “Info” does not function during the simulation
but rather links to the HTML version of this documentation.

= Double-click on any block to see its parameter dialog box. This dialog box
briefly describes the block, shows its parameter values if the block has
parameters, allows you to change any of the parameter values, and also
includes a Help button that links to the detailed HTML reference page for
the block.

= To see the blockset library in which any Communications Blockset block
resides, right-click on the block, select Link options, and then select Go to
library block. This shows you where to find the block if you later want to use
it in your own model. The Link options function is inactive for built-in
Simulink blocks, such as the Display block.
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Running the Simulation

Run the simulation by selecting Start from the model window’s Simulation
menu. While the simulation runs, the bottom bar of the model window displays
the time, T, and the Display block in the center of the block diagram displays
three numbers that represent the simulation’s error rate information
(explained below). Once it starts, the simulation runs until you select Stop
from the model window’s Simulation menu.
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Components of the Example

This section discusses the purpose, behavior, and relevant parameters of each
block within the example model. Except for two noncomputational blocks
discussed at the end, this section covers blocks in the order in which they
process data in the simulation.

Creating Random Binary Data

The Bernoulli Random Binary Generator block, in the Comm Sources library,
produces the message information for this model. The output of this block is
what the other components of the model encode, modulate, transmit, and
decode in turn.

Double-click on the Bernoulli Random Binary Generator block in the model
window to open the parameter mask dialog box shown below.

Block Parameters: Bernoulli B andom Binary Generator

— Bemoulli Random Binary Generator [mask)] [link]

Generate a Bernoulli random binary number.
To generate a vector output, specify the probability as a vectar.

.-
F

Frobability of & zero:
Jos

Initial seed:
|3214a

Sample time:
|1

¥ Frame-based cutputs

Samples per frame:
|1

™| [Fterpret veton parameters as 10

Cancel | Help | Lol |

Since the Sample time parameter is 1 second, the block generates one binary
number each second. Since the Probability of a zero parameter is 0.5, the
block generates the bits so that 0 and 1 are equally probable. The Initial seed
parameter initializes the random number generator; if you change the Initial
seed parameter, then the block generates a different random sequence.

Because the Frame-based outputs check box is checked, the block produces a
frame-based scalar signal instead of a sample-based scalar signal. This is done
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to accommodate the functionality of the Unbuffer and Buffer blocks in a
different part of the model, and illustrates one of several possible ways to
handle signals appropriately throughout the model as a whole. When you run
the simulation or update the diagram, notice that the connector line that leads
out of the Bernoulli Random Binary Generator block is a double line instead of
a single line. This double line indicates a frame-based signal.

Encoding Using a Convolutional Code

The Convolutional Encoder block, in the Convolutional sublibrary of the
Channel Coding library, receives the messages from the Bernoulli Random
Binary Generator block and encodes them into codewords.

While the message data is a scalar bit stream, the encoded data is a stream of
binary length-two vectors. These signal sizes are compatible with the structure
of the particular convolutional code and with the corresponding parameter
configuration of the Convolutional Encoder block.

Digression: Exploring Signal Sizes

This section explains a technique for gathering information about the sizes of
signals in a model. This technique can be useful for determining what
parameters you should use for a block or for diagnosing problems in a model.

To check the sizes of signals in the model, use the Signal dimensions feature
from the model window’s Format menu. In this example, when the signal
dimension display is on, the connector line that leads out of the Convolutional
Encoder block has the annotation [2x1] above it because the signal is a 2-by-1
matrix signal. The connector line that leads into the Convolutional Encoder
block has no annotation above it because it is a scalar. The situation is the
opposite for the Viterbi Decoder block.
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Defining the Convolutional Code (Technical)
The feedforward convolutional encoder in this example is depicted below.

First outp'ut

Input

»

Second output

Each summing node represents modulo-2 addition. Each box marked z1

represents a memory register that holds the input values from previous sample
times. Since there are six memory registers, the output at a given time depends
on seven input values, including the current one. Thus the constraint length of

the code is 7. Since the code has one input and two outputs, the code rate is 1/2.

A pair of octal numbers called the code generator indicates the connections from
the memory registers to the modulo-2 summing nodes. The pair [171 133]
describes the encoder in the figure.

The Trellis structure parameter in the Convolutional Encoder block tells the
block which code to use when processing data. In this case, the poly2trellis
function, in the Communications Toolbox, converts the constraint length and
the pair of octal numbers into a valid trellis structure that the block uses in its
processing.
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utional Encoder

— Convolutional Encoder [maszk] (link]

Convolutionally encode binary data. Use the poly2trellis function to
create a trellis using the constraint length, code generator [octal] and
feedback connection [octal).

Usze the istrellis function in MATLAE to check if a structure is a valid trellis
structure.

=

Trellis structure:
Ipoly2trellis[?, [171133])

Reset: I Mone j

Cancel | Help | Lol |

Computing the Code Generator. The code generator is a 1-by-2 matrix of octal
numbers because the encoder has one input and two outputs. The first element
in the matrix indicates which input values contribute to the first output, and
the second element in the matrix indicates which input values contribute to the
second output.

For example, the first output in the encoder diagram is the modulo-2 sum of the
rightmost and the four leftmost elements in the diagram’s array of input
values. The seven-digit binary number 1111001 captures this information, and
is equivalent to the octal number 171. The octal number 171 thus becomes the
first entry of the code generator matrix. Here, each triplet of bits uses the
leftmost bit as the most significant bit.

The second output corresponds to the binary number 1011011, which is
equivalent to the octal number 133. The code generator is therefore [171 133].

Unbuffering to Convert Vectors to Scalars

After the Convolutional Encoder block encodes the data, the goal is to modulate
the codewords. However, the codewords are vectors of length two, while this
model chooses to modulate, transmit, and quantize only scalar data. Thus an
intermediate step converts the vector codewords into a scalar signal. The
Unbuffer block, in the DSP Blockset, performs this intermediate step. To check
the sizes of the input and output of the Unbuffer block, try the technique
mentioned in “Digression: Exploring Signal Sizes” on page 1-12.
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Block Parameters: nbuffer

— Unbuffer [mask] [link]

Convert a frame to scalar zamples output at a higher sample rate.

=
F

Initial conditions:
a

Cancel | Help | Lol |

The Unbuffer block is a multirate block, which means that its input sample
rate differs from its output sample rate. In this case, the Unbuffer block
receives one length-two codeword every second and outputs a scalar every half
second.

Digression: Exploring Sample Times

Because sample times are important in communication system simulation, this
section explains two techniques for gathering information about the sample
times of components of a model. These techniques can be useful for determining
what parameters you should use for a block or for diagnosing problems in a
model.

Exact Sample Time of a Signal. To check the sample time of any signal in the
model, attach a Probe block to the signal’s line. The Probe block resides in
Simulink’s Signals & Systems library. Simply drag a Probe block into the
model window, attach its input port to the signal line you want to examine, and
then update the diagram by selecting Update diagram from the model
window’s Edit menu. The first number after the Ts or T notation on the Probe
block’s icon is the length of time between updates of that signal. (In the case of
frame-based signals, the Tf notation indicates that the number shown is the
period of the entire frame signal, not the period of each row of the frame.) For
more information, see the reference entry for the Probe block in the Simulink
documentation set. In this model, a Probe block attached to the line that leads
out of the Unbuffer block shows a sample time of 0.5 second.

Relative Sample Times in the Model. Another way to explore sample times is to turn
on the sample time coloring feature for the whole model. Use the Sample time
colors option in the model window's Format menu to toggle the coloring
feature on and off. If sample time coloring is on, then blocks with the same
sample time have the same color. In this example, the Unbuffer block becomes
yellow because it is a multirate block. Also, the blocks before and after the
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Unbuffer block have different colors because they have different sample times.
For more information about sample times, refer to Simulink documentation.

Modulating the Encoded Messages

The BPSK Modulator Baseband block, in the Digital Baseband Modulation
sublibrary of the Modulation library, modulates the scalar stream of coded
data. It simulates binary phase shift keying (BPSK) modulation. The output of
the BPSK Modulator Baseband block is a complex Simulink signal, even
though the BPSK-modulated values happen to be real.

Block Parameters: EPSE. Modulator Baseband
— BPSK Modulator Baseband [mask] [link]
Modulate the input zsignal ugsing the binary phaze shift keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

Fhase offzet [rad):
Jo

Samples per symbal:

|1

Cancel | Help | Lol |

Digression: Exploring Data Types

To check the data types of signals in a model, use the Port data types feature
from the model window’s Format menu. In this example, when this feature is
on, the connector line that leads out of the BPSK Modulator Baseband block
has a label “double (c)” above it to indicate that it is a complex double-precision
signal. By contrast, the connector line that leads into the BPSK Modulator
Baseband block is labeled “double” to indicate that it is a real double-precision
signal.

Transmitting Along a Noisy Channel

After modulation, the data is ready for transmission. The AWGN Channel
block, in the Channels library, simulates a noisy channel by adding white
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Gaussian noise to the data stream. The AWGN Channel block uses a Gaussian
distribution whose variance is determined using these mask parameters:

=< Es/No, which is - 1 decibel in this example

= Input signal power, which is 1 watt because BPSK modulation produces
values of -1 and 1

= Symbol period, which is .5 second

The AWGN Channel block can compute the variance in other ways as well, but
this example chooses this mode by setting the Mode parameter to Signal to
noise ratio (Es/No).

Like the Bernoulli Random Binary Generator block, the AWGN Channel block
requires an Initial seed parameter that initializes the random number
generator. If you change the Initial seed parameter, then the block generates
a different random sequence. The Initial seed parameters of the AWGN
Channel block and the Bernoulli Random Binary Generator block do not need
to match.

Add white Gauzzian noize to the input gignal. The input and output
zignals can be real or complex. This block supports multichannel input
and output signals as well as frame-based processing.

‘when using either of the variance modes with complex inputs, the
vanance values are equally divided among the real and imaginary
components of the input zsignal.

=
F

Initial zeed:
[123458

Mode: ISignaI to noise ratio [Es/Ma) j
Es/Mo [dB]:

|

Input gignal power [wattz]:

|1

Symbol period [z]:

|5

Cancel Help Lol
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Note The input to the AWGN Channel block is a complex Simulink signal,
not a real one (See “Digression: Exploring Data Types” on page 1-16.). This
causes the AWGN Channel block to add complex noise, dividing the calculated
variance equally between the real and imaginary components.

Mapping the Received Data

The received data, that is, the output of the AWGN Channel block, consists of
complex numbers that are close to -1 and 1. In order to reconstruct the original
binary message, the receiver part of the model must decode the convolutional
code. Although the Viterbi Decoder block is designed for convolutional
decoding, it expects its input data to have a particular format. The purpose of
the mapping task is to transform the output of the AWGN Channel block into
a format that the Viterbi Decoder block can interpret properly.

Specifically, the Viterbi Decoder block is configured here to process integer
input values between 0 and 7. The mapping procedure includes these two
tasks:

1 Convert the received data signal to a real signal by removing its imaginary
part. It is reasonable to assume that the imaginary part of the received data
does not contain essential information, because the imaginary part of the
transmitted data is zero (ignoring small roundoff errors) and because the
channel noise is not very powerful.

2 Map the resulting real signal to an integer between 0 and 7, to prepare for
the soft-decision algorithm described in the next section.

Converting to Real Data

The Complex to Real-Imag block, in Simulink’s Math library, performs step 1
above. Since its Output parameter is set to Real, the block outputs only the
real part of its input.
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Complex to Real-lmag

— Complex to Real-lmag

Output the real and/or imaginary components of the input.

=

Output: |Real j

Cancel | Help | Lol |

Mapping to Decision Values

The Sampled Quantizer Encode block, in the Source Coding library, performs
step 2 above. This block classifies each real input value based on whether it is
greater or less than the partition values in the Quantization partition
parameter. The block then outputs a value from the Quantization codebook
parameter that depends on the classification.

As the section “Defining the Decoding Process (Technical)” on page 1-22
explains, the Viterbi Decoder requires input values that are integers between
0 and 23-1 in order to decode using three-bit soft decisions. Therefore, the
Quantization codebook parameter is a vector containing the eight integers
between 0 and 7. Since the input to the Sampled Quantizer Encode block is
close to the values -1 and 1, it is reasonable to select the seven partition values
to be -.75, -5, -.25, 0, .25, .5, and .75. This means that the first classification
group consists of numbers less than or equal to -.75, the second classification
group consists of numbers between -.75 and -.5 (including -.5), and so on, until
the eighth classification group consists of numbers greater than .75. Finally,
the elements of the Quantization codebook and Quantization partition
vectors are ordered so that an input value of -1 maps to an output value of 7
and an input value of 1 maps to an output value of 0. The combination of this
mapping and the Viterbi Decoder block’s decision mapping reverses the BPSK
modulation that the BPSK Modulator Baseband block performs on the
transmitting side of this model.
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Sampled Quantizer Encode

— Sampled Quantizer Encode [mask] [link]

Quantize an analog zignal to (1] digital signal. [2] quantization value, and
[3] distartion at every zample time point.

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

Guantization partition:
|[-.?5 -5-250.258.5.75)

Guantization codebook:
Fe543210]

Input gignal vector length:
|1
Sample time:

|

Cancel | Help | Lol |

Buffering to Convert Scalars to Vectors

The output of the Sampled Quantizer Encode block has values tailored to the
Viterbi Decoder block’s expectations. However, it is not yet ready for decoding
because it is a scalar, whereas the convolutional code in this example uses
codewords that are vectors of length two. The Buffer block, from the DSP
Blockset, converts the scalar output of the Sampled Quantizer Encode block
into a length-two vector signal. The output of the Buffer block is suitable input
for the Viterbi Decoder block.

The Buffer block’s outputs have length two because its Output buffer size
parameter is 2. The block combines its inputs over the first two sample times
into a single vector output; then it combines its input over the third and fourth
sample times into the subsequent single vector output, and so on.

Like the Unbuffer block, the Buffer block is a multirate block. The period of the
Buffer block’s output is twice as long as the period of its input. For more about
how to check sample times of blocks, see “Digression: Exploring Sample Times”
on page 1-15.
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Block Parameters: Buffer

— Buffer [mazk] [link]

Convert zcalar zamples to a frame output at a lower sample rate. You
can also convert a frame to a smaller or larger size with optional overlap.
For calculation of sample delay, see the rebuffer_delay function.

=
F

Output buffer size [per channel):
|2

Butfer overlap:
Jo

Initial conditions:
Jo

Cancel | Help | Lol |

Decoding the Convolutional Code

Now that the received data is properly mapped to length-two vectors of 3-bit
decision values, the Viterbi Decoder block can decode it. The Viterbi Decoder
block resides in the Convolutional sublibrary of the Channel Coding library.

The Trellis structure parameter in the Viterbi Decoder block defines the
encoder and therefore matches the corresponding parameter in the model’s
Convolutional Encoder block. For more information about this parameter, see
“Encoding Using a Convolutional Code” on page 1-12.

Other parameters in the Viterbi Decoder block are specific to the decoding
process. The block uses soft decisions with 23 different input values because the
Decision type parameter is Soft Decision and the Number of soft decision
bits parameter is 3.
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B arame terbi Decode
—Witerbi Decoder [mazk) (link]

Uszes the Yiterbi algorithm to decode convolutionally encoded input data.
Uze the poly2trellis function to create a trellis using the constraint length,
code generator [octal] and feedback connection [octal).

.-
F

Trellis structure:
Ipoly2trellis[?, [171133])

Decision type: ISth Decision j
Mumber of soft decision bits:

IE

Traceback depth:

|48

Operation mode: | Continuous j
I Reset input

Cancel | Help | Lol |

Defining the Decoding Process (Technical)

This section elaborates on some more advanced aspects of the decoding in this
example. It discusses how the Viterbi Decoder block interprets its inputs, how
the interpretation influences the mapping done by the blocks that precede the
Viterbi Decoder block, and what the Traceback depth parameter means.

Soft-Decision Interpretation of Data. When the Decision type parameter is set to
Soft Decision, the Viterbi Decoder block requires input values between 0 and
2P-1, where b is the Number of soft decision bits parameter. The block
interprets 0 as the most confident decision that the codeword bit is a zero and
interprets 2P-1 as the most confident decision that the codeword bit is a one.
The values in between these extremes represent less confident decisions.
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The table below lists the interpretations of the eight possible input values for
this example.

Table 1-1: Decision Values for 3-Bit Soft Decisions

Decision Value Interpretation

Most confident O
Second most confident O
Third most confident O
Least confident O

Least confident 1

Third most confident 1

Second most confident 1

N~ o o b~ WwN -, O

Most confident 1

How Decoder’s Interpretation Influences Choice of Mapping. The table above helps
explain the design of the mapping process described in “Mapping the Received
Data” on page 1-18. For example, if the original message contains a 1, then the
Viterbi Decoder block makes a correct decision if and only if it receives an input
between 4 and 7. On the other hand, the 1 in the message gets mapped to -1 by
the BPSK Modulator Baseband block and to a number near -1 by the AWGN
Channel block. This means that the Sampled Quantizer Encode block should
be configured so as to map input numbers near -1 to output numbers between
4 and 7. As the Quantization partition and Quantization codebook
parameters for the Sampled Quantizer Encode block indicate, it maps input
numbers less than 0 to output numbers between 4 and 7. The schematic below
suggests how knowledge about the modulator, channel, and decoder decisions
(solid arrows) can help you design intermediate steps like the mapping
procedure (dashed arrow).
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Decoder
BPSK AWGN Mapping Interpretation
-1 p near-1 ----- P 4,5 6,0r7
Code hit Symbol Decision value Recovered
Code hit
Decoder
BPSK AWGN Mapping Interpretation
0 1 p near 1 ----- p 0,1,2,0r3
Code hit Symbol Decision value Recovered
Code hit

Figure 1-2: Processing and Recovery of Code Bits

Traceback Depth Parameter. The Traceback depth parameter in the Viterbi
Decoder block represents the length of the decoding delay. Typically, people
aim for a traceback depth of about five or six times the constraint length, which
would be 35 or 42 in this example. However, some hardware implementations
offer options of 48 and 96. This example chooses 48 because that is closer to the
targets (35 and 42) than 96 is.

Computing the Error Rate

The Error Rate Calculation block, in the Comm Sinks library, compares the
original message from the Bernoulli Random Binary Generator block with the
recovered message from the Viterbi Decoder block, and produces error
statistics. The Error Rate Calculation block produces a length-three vector
whose elements are:

= The error rate, which is the quotient of the next two quantities below

= The total number of errors, that is, comparisons between unequal elements
= The total number of comparisons that the block made

Since the block’s Output data parameter is Port, the block sends its error

statistics to the output port. At the output port, a Display block receives and
displays the error statistics.
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Error R ate Calculation

— Emor R ate Calculation [mazk)] (link]

Compute the error rate of the received data by comparing it to a delayed
verzion of the transmitted data. The delaps are specified in number of
zamples, regardless of whether the input is a scalar or vectaor,  The
inputs to the ‘Tx' and ‘B« ports must be sample-bazed scalars or
frame-bazed column vectors. The optional ‘Sel’ port must be sample
bazed scalar or column vector. The optional 'Rst' port must be a scalar.

The 'Computation mode' parameter allows the block to compare only
certain portions of each frame. For example, to compare only the first 10
and last B values in a frame of 80 symbolz, set 'Computation mode' to
‘Select zamples from mask' and zet 'Selected samples from frame' to
[1:10 75:80].

The block output iz a three-element vector conzisting of the errar rate,
followed by the number of errors detected and the tatal number of
zymbols compared.  Thiz vector can be sent to either the workspace or
an output port,

=
F

Feceive delay:
|43

Computation delay:
Jo

Computation mode: IEntire frame

=
Output data: I Part j

I~ Reset port

Cancel | Help | Lol |

Delay in Received Data

One subtlety of the Error Rate Calculation block’s configuration is the Receive
delay parameter. This parameter is nonzero because a given message bit and
its corresponding recovered bit are separated in time by a nonzero amount of
simulation time. The Receive delay parameter tells the block which elements
of its input signals to compare when checking for errors.

Tip If you build your own model using the Error Rate Calculation block and
get an error rate close to .5 for binary data, then you should check whether the
Receive delay value is the correct delay for the model.

In this case, the Receive delay value is 49 samples, which is one more than the
Traceback depth value (48) in the Viterbi Decoder block. The extra
one-sample delay comes from the initial delay in the Buffer block. Because the
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Buffer block must collect two scalar samples before it can output one vector, its
first meaningful output occurs at time 1 second, not time O.

Displaying the Error Rate

The Display block, in Simulink’s Sinks library, receives the length-three
output of the Error Rate Calculation block and displays it while the simulation
runs. The three fields represent the error rate, the total number of errors, and
the total number of comparisons that the Error Rate Calculation block made
during the simulation. The total number of comparisons depends on how long
you let the simulation run. The simulation runs until you end it.

Other Blocks

The Terminator and Info blocks do not perform a function during the
simulation, yet they serve other purposes.

Terminator Blocks

The Terminator blocks, from Simulink’s Signals & Systems library, attach to
output ports whose signals are not used in the rest of the model. Simulink
warns you if it finds an output port that is not attached to another block.
Terminator blocks prevent warnings from occurring.

Info Block

The block marked “Info” is a customized version of Simulink’s Model Info block.
It is customized so that double-clicking on it displays the HTML version of this
documentation in the Help browser.
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Learning More About the Example

After you understand how the model works, you can learn even more about it
and about how the Communications Blockset works by modifying the model or
by reading other sources of information. This section suggests modifications
and reference sources that might be helpful.

Modifying the Model

The table below describes some changes that you can make in the model and
how to implement such changes. Changes that require a greater understanding
of the blocks or techniques involved appear towards the end of the table.

Table 1-2: Ideas for Modifying the Example Model

Description of
Change

Modification of Model

Change sequences of
random numbers

Change distribution
of random numbers
in message signal

Change amount of
noise in channel

Change traceback
depth in decoder

Change the Initial seed parameter in the Bernoulli Random Binary
Generator block and/or the AWGN Channel block to another positive
integer.

Change the Probability of a zero parameter in the Bernoulli Random
Binary Generator block to another number between 0 and 1.

Change the Es/No parameter in the AWGN Channel block to another
real number. Alternatively, change the Mode parameter to Signal to
noise ratio (SNR) or Variance from mask and set the associated SNR
or Variance parameter, respectively.

Change the Traceback depth parameter in the Viterbi Decoder block
to another positive integer, and also change the Receive delay
parameter in the Error Rate Calculation block to that integer plus one.
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Table 1-2: lIdeas for Modifying the Example Model (Continued)

Description of
Change

Modification of Model

Changeconvolutional
code

Change number of
soft-decision bits

Change the Trellis structure parameters in both the Convolutional
Encoder and Viterbi Decoder blocks. For example, change it to
poly2trellis(9,[753 561]).

Note that if the new code rate is not 1/2, then you might need to change
other parts of the model to ensure that the signal sizes and sample
times are appropriate throughout the model.

Change the Number of soft decision bits in the Viterbi Decoder block,
and also change the Quantization partition and Quantization
codebook parameters in the Sampled Quantizer Encode block. For
example, change these three parameters to 2, [-.5 0 .5], and

[3 2 1 0], respectively.

More generally, the length of Quantization partition must be one less
than the length of Quantization codebook, and the values in
Quantization codebook must be between 0 and 2b-1, where b is the
Number of soft decision bits parameter.

For Further Study

For more information about the communications techniques in this example,
see a reference text such as the ones listed below. The book by Clark and Cain
is particularly useful for convolutional coding.

[1] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital
Communications. New York: Plenum Press, 1981.

[2] Couch, Leon W. I1. Digital and Analog Communication Systems. New York:
Macmillan Publishing Company, 1990.

[3] Jeruchim, Michel C., Philip Balaban, and K. Sam Shanmugan. Simulation
of Communication Systems. New York: Plenum Press, 1992.

[4] Sklar, Bernard. Digital Communications: Fundamentals and Applications.
Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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To learn more about how to use the Communications Blockset, continue
reading this guide. “Using the Communications Blockset” covers each of the
core blockset libraries in turn.

To learn more about a particular block in this model, see its block reference
page. Communications Blockset reference pages make up the “Block
Reference” chapter in this document. If you have the model open, then you can
click on the Help button in the block’s dialog box to display the reference page.
You can also click on a Communications Blockset block name below to see its
reference page:

< Bernoulli Random Binary Generator

= Convolutional Encoder

< BPSK Modulator Baseband

< AWGN Channel

< Sampled Quantizer Encode

= Viterbi Decoder

= Error Rate Calculation

< Display (Simulink)
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2 Using the Communications Blockset

This chapter describes and illustrates how to implement communication
techniques using the blocks in the Communications Blockset. The first
section, “Signal Support,” discusses the types of signals that this blockset
supports. Each subsequent section corresponds to one of the core
libraries within the Communications Blockset. These sections are:

= “Communications Sources” on page 2-6

= “Communications Sinks” on page 2-12

= “Source Coding” on page 2-16

= “Block Coding” on page 2-27

< “Convolutional Coding” on page 2-40

= “Interleaving” on page 2-46

= “Analog Modulation” on page 2-53

<« “Digital Modulation” on page 2-64

= “Channels” on page 2-84

= “Synchronization” on page 2-90

For descriptions of individual blocks, see their entries in Chapter 4,
“Block Reference.” For background or theoretical information about

communications techniques, see the works listed in the “Selected
Bibliography...” sections that appear in this chapter.
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Signal Support

As of Release 12, Simulink supports matrix signals in addition to
one-dimensional arrays, and frame-based signals in addition to sample-based
signals. This section describes how the Communications Blockset processes
certain kinds of matrix and frame-based signals. To learn the terminology that
this document uses to describe signal attributes, see “Technical Conventions”
on page xviii.

Processing Vectors and Matrices

These rules indicate the shapes of sample-based signals that Communications
Blockset blocks can process:

= Most blocks do not process matrix signals that have more than one row and
more than one column.

= In their numerical computations, blocks that process scalars do not
distinguish between one-dimensional scalars and one-by-one matrices. If the
block produces a scalar output from a scalar input, then the block preserves
dimension.

= If a block can process sample-based vectors, then:

- The numerical computations do not distinguish between one-dimensional
arrays, M-by-1 matrices, and 1-by-N matrices.

- The block output preserves dimension and orientation.

- The block treats elements of the input vector as a collection that arises
naturally from the block’s operation (for example, a collection of symbols
that jointly represent a codeword), or as samples from independent
channels. The block does not assume that the elements of the input vector
are successive samples from a single time series.

Some blocks process vectors but require them to be frame-based. For more
information about processing frame-based signals, see “Processing
Frame-Based and Sample-Based Signals” on page 2-4.

To find out whether a block processes scalar signals, vector signals, or both,
refer to its entry in the reference section.
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Illustrations of Scalar and Vector Processing

The figures below depict the preservation of dimension and orientation when a
block processes scalars (without oversampling) and vectors. To display signal
dimensions in your model, turn on the Signal dimensions option in the model
window’'s Format menu.
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Processing Frame-Based and Sample-Based Signals

All one-dimensional arrays are sample-based, but a matrix signal can be either
frame-based or sample-based. A frame-based signal in the shape of an N-by-1
matrix represents a series of N successive samples from a single time series.
The Communications Blockset processes some frame-based signals and is
compatible with the DSP Blockset. However, the Communications Blockset
omits some frame-based features, and many blocks are not specifically
optimized for frame-based processing.
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These rules indicate how most Communications Blockset blocks handle
frame-based matrix signals:

= Most blocks do not process frame-based matrix signals that have more than
one row and more than one column.

= Most blocks do not process frame-based row vectors and do not support
multichannel functionality.

=« Blocks that process continuous-time signals do not process frame-based
inputs. Such blocks include the analog modulation blocks and the analog
phase-locked loop blocks.

= Blocks for which a frame-based multichannel operation would make sense,
even if the blocks do not currently support such operation, reject
sample-based vectors because their interpretation is ambiguous.

Frame-based vectors, however, have an unambiguous interpretation. Blocks
interpret a frame-based row vector as multiple channels at a single instant
of time, and interpret a frame-based column vector as multiple samples from
a single time series (that is, a single channel).

= Some blocks, such as the digital baseband modulation blocks, can produce
multiple output values for each value of a scalar input signal. In such cases,
a frame-based one-by-one matrix input results in a frame-based column
vector output. By contrast, a sample-based scalar input results in a
sample-based scalar output with a smaller sample time.
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Communications Sources

Every communication system contains one or more sources. You can find
sources in Simulink’s Sources library, in the DSP Blockset’'s DSP Sources
library, and in the Communication Blockset's Comm Sources library.

You can open the Comm Sources library by double-clicking on its icon in the
main Communications Blockset library (commlib), or by typing

commsource2

at the MATLAB prompt.

Source Features of the Blockset
Blocks in this library can:

= Generate random or pseudorandom signals

= Generate nonrandom signals by reading from a file or by simulating a
voltage-controlled oscillator (VCO)

This section describes these capabilities, considering first random and then
nonrandom signals.

Random or Pseudorandom Signals

Random signals are useful for simulating noise, errors, or signal sources.
Besides using built-in Simulink blocks such as the Random Number block, you
can also use blocks in the Comm Sources library of the Communications
Blockset to generate:

= Random bits

= Random integers

< Pseudorandom integers

= Random real numbers

This section discusses the sample time parameter, seed parameter and signal

attribute parameters that are common to many random source blocks, and
then discusses each category of random source.



Communications Sources

Sample Time Parameter for Random Sources

Each of the random source blocks requires you to set a Sample time parameter
in the block mask. If you configure the block to produce a sample-based signal,
then this parameter is the time interval between successive updates of the
signal. If you configure the block to produce a frame-based matrix signal, then
the Sample time parameter is the time interval between successive rows of the
frame-based matrix.

If you use a Simulink Probe block to query the period of a frame-based output
from a random source block in the Comm Sources library, then note that the
Probe block reports the period of the entire frame, not the period of each sample
in a given channel of the frame. The equation below relates the quantities
involved for a single-channel signal.

A seconds/frame = (B seconds/sample)*(S samples/frame)
where:

= A is the number shown in the Probe block after the Tf notation.
= B is the random source block’s Sample time parameter.
= S is the random source block’s Samples per frame parameter.

Seed Parameter for Random Sources

Each of the random source blocks requires you to set a seed in the block mask.
This is the initial seed that the random number generator uses when forming
its sequence of numbers. If you choose a constant seed, then the block produces
the same noise sequence each time you start the simulation. The sequence will
be different from that produced with a different constant seed. If you want the
noise to be different each time you start the simulation, then you can use a
varying seed such as cputime.

Signal Attribute Parameters for Random Sources

In most random source blocks, the output can be a frame-based matrix, a
sample-based row or column vector, or a sample-based one-dimensional array.
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The table below indicates how to set certain block parameters depending on the
kind of signal you want to generate.

Signal Attributes Parameter Settings

Sample-based,

h A = | Eranie-tiased cutputs
one-dimensional

S e HENTETE:
[

¥ Interpret vector parameters az 1-01

Sample-based row
vector

[ Frame-based outputs

Samples pen Mame!
[

[ Interpret vector parameters as 1-00

Also, any vector parameters in the block should
be rows, not columns.

Sample-based column
vector

[ Frame-based outputs

Samples pen Mame!
[

[ Interpret vector parameters as 1-00

Also, any vector parameters in the block should
be columns, not rows.

Frame-based ¥ Frame-based outputs

Samples per frame:

Inumber_nf_mws

[T | [Fterpret vECton parameters & 1 -

Also, set Samples per frame to the number of
samples in each output frame, that is, the
number of rows in the signal.
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The Frame-based outputs and Interpret vector parameters as 1-D check
boxes are mutually exclusive, because frame-based signals and
one-dimensional signals are mutually exclusive. The Samples per frame
parameter field is active only if the Frame-based outputs check box is
checked.

Example. The model in the figure below illustrates that one random source
block can produce various kinds of signals. The annotations in the model
indicate how each copy of the block is configured. Notice how each block’s
configuration affects the type of connector line (single or double) and the signal
dimensions that appear above each connector line. In the case of the Rayleigh
Noise Generator block, the first two block parameters (Sigma and Initial seed)
determine the number of channels in the output; for analogous indicators in
other random source blocks, see their individual reference entries.

2 1.528
Rayleigh 2 =11 Interpret vectars as 1-0 bow is checked.
Rayleigh Haise Dizplay
Genearator
Vil ¥ .
Rayleigh 12 | 7535 | 771 Interpret wectors az 1-0 box iz unchecked.
First two black parameters are row vechors.
Lrisplay
Rayleigh Moise
Ganeratord
TEon Interpret vectors ag 1-0 bow iz unchecked,
Rayleigh [2x1] - First bwo block parameters are column vectors.
Rayleigh Haise Dizplawz
Generator?
Rayleigh 182 [ 1528 | 1717 Frame-bazed outputs bow iz checked,
Samples per frame parameter iz 1.
Crizpla
Rayleigh Moise Playd
Generatord
1.44 01027 .
[3:7] l || | Frame-bazed outputz bow iz checked,
Ravleigh ! | 1.074] | 1.424] Samples per frame parameter iz 3.
[ 2] | 7377
Rayleigh Moise -
Generatord Dizplayd
Random Bits

The Bernoulli Random Binary Generator and Binary Vector Noise Generator
blocks both generate random bits, but differ in the way that you specify the
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distribution of 1s. As a result, the Bernoulli Random Binary Generator block is
suitable for representing sources, while the Binary Vector Noise Generator
block is more appropriate for modeling channel errors.

The Bernoulli Random Binary Generator block considers each element of the
signal to be an independent Bernoulli random variable. Also, different
elements need not be identically distributed.

The Binary Vector Noise Generator block constructs a random binary signal
using a two-stage process. First, using information that you provide in the
block mask, it determines how many 1s will appear. Then it determines where
to place the required number of 1s, so that each possible arrangement has
equal probability.

For example, if you set the Binary vector length parameter to 4, set the
Probabilities parameter to 1, and uncheck the Frame-based outputs check
box, then the block generates binary vectors of length 4, each of which contains
exactly one 1. You might use these parameters to perturb a binary code that
consists of four-bit codewords. Adding the random vector to your code vector
(modulo 2) would introduce exactly one error into each codeword. Alternatively,
to perturb each codeword by introducing one error with probability 0.4 and two
errors with probability 0.6, set the Probabilities parameter to [0.4, 0.6]
instead of 1.

Note that the Probabilities parameter of the Binary Vector Noise Generator
block affects only the number of 1s in each vector, not their placement.

Random Integers

The Random-Integer Generator and Poisson Int Generator blocks both
generate vectors containing random nonnegative integers. The
Random-Integer Generator block uses a uniform distribution on a bounded
range that you specify in the block mask. The Poisson Int Generator block uses
a Poisson distribution to determine its output. In particular, the output can
include any nonnegative integer.

Pseudorandom Symbols

The PN Sequence Generator block generates a sequence of pseudorandom
symbols. Such a sequence can be used in a pseudorandom scrambler and
descrambler, or in a direct-sequence spread-spectrum system.
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Random Real Numbers

You can use one of several blocks to generate random real numbers, depending
on what distribution you want to use. The choices are listed in the table below.

Distribution Block

Gaussian Gaussian Noise Generator
Rayleigh Rayleigh Noise Generator
Rician Rician Noise Generator
Uniform on a bounded interval Uniform Noise Generator

The particular mask parameters depend on the block. See each block’s
individual entry in the reference section for details.

Nonrandom Signals

Blocks in the Comm Sources library can create nonrandom signals by reading
from a file or by simulating a voltage-controlled oscillator (VCO):

= The Triggered Read from File block reads a record from a file whenever an
input trigger signal has a rising edge. You can set up the block to read at
every rising edge of the trigger, or every kth rising edge of the trigger for a
positive number k.

= A voltage-controlled oscillator is one part of a phase-locked loop. The
Voltage-Controlled Oscillator and Discrete-Time VCO blocks implement
voltage-controlled oscillators. These blocks produce continuous-time and
discrete-time output signals, respectively. Each block’s output signal is
sinusoidal, and changes its frequency in response to the amplitude
variations of the input signal.
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Communications Sinks

The Communications Blockset provides sinks and display devices that
facilitate analysis of communication system performance. You can open the
Comm Sinks library by double-clicking on its icon in the main Communications
Blockset library (commlib), or by typing

commsink?2

at the MATLAB prompt.

Sink Features of the Blockset
Blocks in this library can:

< Write to a file when trigger events occur
= Compute error statistics

<« Plot an eye diagram

= Generate a scatter diagram

This section describes these capabilities. Other sinks are in Simulink’s Sinks
library and in the DSP Blockset's DSP Sinks library.

Writing to a File

The Triggered Write to File block writes data to a file whenever an input
trigger signal has arising edge. You can set up the block to write at every rising
edge of the trigger, or every kth rising edge of the trigger for a positive number
k. The data can have an ASCII, integer, or floating-point format. If the
destination file already exists, then this block overwrites it. For more details,
see the reference page for the Triggered Write to File block.

For untriggered writing of MAT files, use Simulink’s To File block.

Error Statistics

The Error Rate Calculation block compares input data from a transmitter with
input data from a receiver. It calculates these error statistics:

« The error rate
= The number of error events
= The total number of input events
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The block reports these statistics either as final values in the workspace or as
running statistics at an output port.

You can use this block either with binary inputs to compute the bit error rate,
or with symbol inputs to compute the symbol error rate. You can use
frame-based or sample-based data. Also, if you use frame-based data, then you
can have the block consider certain samples and ignore others.

The example in the section “Examples of Convolutional Coding” on page 2-42
illustrates the use of the Error Rate Calculation block.

Eye Diagrams

An eye diagram is a simple and convenient tool for studying the effects of
intersymbol interference and other channel impairments in digital
transmission. When this blockset constructs an eye diagram, it plots the
received signal against time on a fixed-interval axis. At the end of the fixed
interval, it wraps around to the beginning of the time axis. Thus the diagram
consists of many overlapping curves. One way to use an eye diagram is to look
for the place where the “eye” is most widely opened, and use that point as the
decision point when demapping a demodulated signal to recover a digital
message.

The two blocks, Continuous-Time Eye and Scatter Diagrams and
Discrete-Time Eye and Scatter Diagrams, both produce eye diagrams. One
processes continuous-time signals and the other processes discrete-time
signals. The blocks also differ in the way you determine the decision timing: the
Continuous-Time Eye and Scatter Diagrams block draws a vertical line to
indicate a decision every time a trigger signal has a rising edge, whereas the
Discrete-Time Eye and Scatter Diagrams block draws a similar line
periodically according to a mask parameter.

An example appears in “Example: Using Eye and Scatter Diagrams” on
page 2-14.

Scatter Diagrams

A scatter diagram of a signal plots the signal’s value at a given decision point.
In the best case, the decision point should be at the time when the eye of the
signal’s eye diagram is the most widely open.
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The two blocks, Continuous-Time Eye and Scatter Diagrams and
Discrete-Time Eye and Scatter Diagrams, both produce scatter diagrams. One
processes continuous-time signals and the other processes discrete-time
signals. They also differ in the way you determine the decision timing: the
Continuous-Time Eye and Scatter Diagrams block plots a new point every time
a trigger signal has a rising edge, whereas the Discrete-Time Eye and Scatter
Diagrams block plots new points periodically according to a mask parameter.

Example: Using Eye and Scatter Diagrams

The model below creates an eye diagram and scatter diagram from a complex
sinusoidal signal. Because the decision time interval is almost, but not exactly,
an integer multiple of the period of the sinusoid, the diagram exhibits drift over
time. More specifically, successive traces in the eye diagram and successive
points in the scatter diagram are near each other but do not overlap.

¥

o[
[ =l FEE

Sine Wave

Lriscrete-Time
Eye and Scatter
Diagrams

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

=« Sine Wave, in the DSP Blockset DSP Sources library (not the Sine Wave
block in the Simulink Sources library)
- Set Frequency to .502
- Set Output complexity to Complex
=« Discrete-Time Eye and Scatter Diagrams
- Set Diagram type to Eye and Scatter Diagrams
- Set Sample time for plot update to 1/30
Running the model produces the plots below. In the eye diagram, one set of

traces represents the real part of the signal and the other set of traces
represents the imaginary part of the signal.



Communications Sinks

4|Discrete-Time Eye and Scatter Diagrams [_ (O x]
Eile Edit Yiew Insert Tools Window Help

[IsE=N=T=20 W AN

15F 15~
1 1+ -
05 05F
ok
05 051
-1 1+ -
1.5 : : : . ) -1.5 : ' : ' ; !
0.2 0.4 0.6 08 1 1.5 -1 05 1] o0& 1 1.5

2-15



2 Using the Communications Blockset

2-16

Source Coding

Source coding, also known as quantization or signal formatting, is a way of
processing data in order to reduce redundancy or prepare it for later
processing. Analog-to-digital conversion and data compression are two
categories of source coding.

Source coding divides into two basic procedures: source encoding and source
decoding. Source encoding converts a source signal into a digital signal using a
guantization method. The symbols in the resulting signal are nonnegative
integers in some finite range. Source decoding recovers the original
information from the source coded signal.

For background material on the subject of source coding, see the works listed
in “Selected Bibliography for Source Coding” on page 2-26.

Source Coding Features of the Blockset

This blockset supports scalar quantization, predictive quantization,
companders, and differential coding. It does not support vector quantization.
You can open the Source Coding library by double-clicking on its icon in the
main Communications Blockset library (commlib), or by typing

commsrccod2

at the MATLAB prompt.

Blocks in the Source Coding library can:

< Use a partition and codebook to quantize a signal

< Implement differential pulse code modulation (DPCM)

= Compand a signal using a p-law or A-law compressor or expander
= Encode or decode a signal using differential coding

Supporting functions in the Communications Toolbox also allow you to
optimize source coding parameters for a set of training data. See the sections
“Optimizing Quantization Parameters” and “Optimizing DPCM Parameters”
in the Communications Toolbox User’s Guide for more information about such
capabilities.
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Representing Quantization Parameters

Scalar quantization is a process that maps all inputs within a specified range
to a common value. It maps inputs in a different range of values to a different
common value. In effect, scalar quantization digitizes an analog signal. Two
parameters determine a quantization: a partition and a codebook. This section
describes how blocks represent these parameters.

Partitions

A quantization partition defines several contiguous, nonoverlapping ranges of
values within the set of real numbers. To specify a partition as a parameter,
list the distinct endpoints of the different ranges in a vector.

For example, if the partition separates the real number line into the sets

= {x: x< 0}

- {x:0<x<1}

«{x:1<x<3}

- {x:3<x}

then you can represent the partition as the three-element vector
[0,1,3]

Notice that the length of the partition vector is one less than the number of
partition intervals.

Codebooks

A codebook tells the quantizer which common value to assign to inputs that fall
into each range of the partition. Represent a codebook as a vector whose length
is the same as the number of partition intervals. For example, the vector

[-1,0.5,2,3]

is one possible codebook for the partition [0,1,3].

Quantizing a Signal

This section shows how the Sampled Quantizer Encode, Enabled Quantizer
Encode, and Quantizer Decode blocks use the partition and codebook
parameters. (The Enabled Quantizer Encode block does not appear in an
example, but its behavior is similar to that of the Sampled Quantizer Encode
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block.) The examples here are analogous to “Scalar Quantization Example 1”
and “Scalar Quantization Example 2” in the Communications Toolbox User’s
Guide.

Scalar Quantization Example 1

The figure below shows how the Sampled Quantizer Encode block uses the
partition and codebook as defined above to map a real vector to a new vector
whose entries are either -1, 0.5, 2, or 3. In the Scope window, the bottom signal
is the quantization of the (original) top signal.

/
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
= Signal From Workspace, in the DSP Blockset DSP Sources library
- Set Signal to [-2.4,-1,-.2,0,.2,1,1.2,1.9,2,2.9,3,3.5]"
= Sampled Quantizer Encode
- Set Quantization partition to [0, 1, 3]
Set Quantization codebook to [-1, 0.5, 2, 3]
Set Input signal vector length to 1

Set Sample time to 1
= Terminator, in the Simulink Signals & Systems library
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= Scope, in the Simulink Sinks library

- After double-clicking on the block to open it, click on the Properties icon
and set Number of axes to 2.

Connect the blocks as shown in the figure. Also, from the model window’s
Simulation menu, choose Simulation parameters; then in the Simulation
Parameters dialog box, set Stop time to 12. Running the model produces a
scope image similar to the one in the figure. (To make the axis ranges and title
exactly match those in the figure, right-click on each plot area in the scope and
select Axes properties.)

Scalar Quantization Example 2

This example, shown in the figure below, illustrates the nature of scalar
quantization more clearly. It quantizes a sampled sine wave and plots the
original (top) and quantized (bottom) signals. The plot contrasts the smooth
sine curve with the polygonal curve of the quantized signal. The vertical
coordinate of each flat part of the polygonal curve is a value in the
Quantization codebook vector.
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

= Sine Wauve, in the Simulink Sources library (not the Sine Wave block in the
DSP Blockset DSP Sources library)
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= Sampled Quantizer Encode

- Set Quantization partition to [-1:.2:1]

- Set Quantization codebook to [-1.2:.2:1]

- Set Input signal vector length to 1
< Terminator, in the Simulink Signals & Systems library
=« Scope, in the Simulink Sinks library

- After double-clicking on the block to open it, click on the Properties icon
and set Number of axes to 2.

Connect the blocks as shown in the figure. Also, from the model window’s
Simulation menu, choose Simulation parameters; then in the Simulation
Parameters dialog box, set Stop time to 2*pi. Running the model produces the
scope image as shown in the figure. (To make the axis ranges and title exactly
match those in the figure, right-click on each plot area in the scope and select
Axes properties.)

Determining Which Interval Each Input Is in

The Sampled Quantizer Encode block also returns a signal, at the first output
port, that tells which interval each input is in. For example, the model below
shows that the input entries lie within the intervals labeled 0, 6, and 5,
respectively. Here, the Oth interval consists of real numbers less than or equal
to 3; the 6th interval consists of real numbers greater than 8 but less than or
equal to 9; and the 5th interval consists of real numbers greater than 7 but less
than or equal to 8.

1™

Scal >
calar
asg —>.
quantizer =
Terminator
Constant Sampled Display
Quantizer Encode

Terminatord

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
= Constant, in the Simulink Sources library
- Set Constant value to [2, 9, 8]
< Sampled Quantizer Encode
- Set Quantization partitionto [3, 4, 5, 6, 7, 8, 9]
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- Set Quantization codebook to any vector whose length exceeds the
length of Quantization Partition by one

- Set Input signal vector length to 3
= Terminator, in the Simulink Signals & Systems library
= Display, in the Simulink Sinks library

- Drag the bottom edge of the icon to make the display big enough for three
entries

Connect the blocks as shown above. Running the model produces the display
numbers as shown in the figure.

You can continue this example by branching the first output of the Sampled
Quantizer Encode block, connecting one branch to the input port of the
Quantizer Decode block, and connecting the output of the Quantizer Decode
block to another Display block. If the two source coding blocks’ Quantization
codebook parameters match, then the output of the Quantizer Decode block
will be the same as the second output of the Sampled Quantizer Encode block.
Thus the Quantizer Decode block partially duplicates the functionality of the
Sampled Quantizer Encode block, but requires different input data and fewer
parameters.

Implementing Differential Pulse Code Modulation

The quantization in the section “Quantizing a Signal” on page 2-17 requires no
a priori knowledge about the transmitted signal. In practice, you can often
make educated guesses about the present signal based on past signal
transmissions. Using such educated guesses to help quantize a signal is known
as predictive quantization. The most common predictive quantization method
is differential pulse code modulation (DPCM). The DPCM Encoder and DPCM
Decoder blocks can help you implement a DPCM predictive quantizer.

DPCM Terminology

To determine an encoder for such a quantizer, you must supply not only a
partition and codebook as described in “Representing Quantization
Parameters” on page 2-17, but also a predictor. The predictor is a function that
the DPCM encoder uses to produce the educated guess at each step. Instead of
guantizing x itself, the encoder quantizes the predictive error, which is the
difference between the educated guess and the actual value. The special case
when the numerator is linear and the denominator is 1 is called delta
modulation.
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For more information about how DPCM works, see [1] in “Selected
Bibliography for Source Coding” on page 2-26, or look underneath the masks of
the DPCM Encoder and DPCM Decoder blocks.

Representing Predictors

This blockset implements predictors using an IIR filter. Just as you can specify
a filter using a rational function of z', you specify the predictor by giving its
numerator and denominator. In block masks, the numerator and denominator
are vectors that list the coefficients in order of ascending powers of z1.

The numerator’'s constant term must be zero. This makes sense conceptually
because the filter's output is meant to predict the present signal without
actually knowing its value.

In most applications, the denominator is the constant function 1.

Coded and Decoded Signals

If you encode a given signal using DPCM, then two resulting signals are the
guantization index and the quantization-encoded signal. These correspond
exactly to the two outputs of an ordinary quantization encoder. In both
instances, the quantization index tells which partition interval a signal lies in,
and the quantization-encoded signal tells which codebook values correspond to
those partition intervals.

To use the DPCM Decoder block to recover a message that has been through
the DPCM Encoder block, connect the quantization index signal, not the
guantization-encoded signal, to the input port of the DPCM Decoder block.

The DPCM Decoder block outputs two signals. The first output is the
attempted recovery of the message that first entered the DPCM encoder
(assuming the encoder and decoder have matching parameters). The second
output comes directly from the underlying quantization decoder. It represents
the quantized predictive error, not the recovered message itself.

Example: Using DPCM Encoding and Decoding

A simple special case of DPCM quantizes the difference between the signal’s
current value and its value at the previous step. Thus the predicted value
equals the actual value at the previous step. The model below implements this
scheme. It encodes a sine wave, decodes it, and plots both the original and
decoded signals.
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

= Sine Wave, in the DSP Blockset DSP Sources library (not the Sine Wave
block in the Simulink Sources library)

- Set Frequency to 3

- Set Sample time to .01
< DPCM Encoder
Set Predictor numerator to [0, 1]
Set Quantization partition to [-10:9]/10
Set Quantization codebook to [-10:10]/10
Set Sample time to .01
< DPCM Decoder

- Set Predictor numerator, Quantization codebook, and Sample time to
the values given for the DPCM Encoder block

= Terminator, in the Simulink Signals & Systems library
= Scope, in the Simulink Sinks library

- After double-clicking on the block to open it, click on the Properties icon
and set Number of axes to 2.

Connect the blocks as shown in the figure. Also, from the model window's
Simulation menu, choose Simulation parameters; then in the Simulation
Parameters dialog box, set Stop time to 1.

Running the model produces scope images similar to those below. (To make the
axis ranges and titles exactly match those below, right-click on each plot area
in the scope and select Axes properties.)
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Companding a Signal

In certain applications, such as speech processing, it is common to use a
logarithm computation, called a compressor, before quantizing. The inverse
operation of a compressor is called an expander. The combination of a
compressor and expander is called a compander.

This blockset supports two kinds of companders: p-law and A-law companders.
The reference pages for the A-Law Compressor, A-Law Expander, Mu-Law
Compressor, and Mu-Law Expander blocks list the relevant expander and
compressor laws.

Example: Using a p-Law Compander

This example quantizes an exponential signal in two ways and compares the
resulting mean square distortions. To create the signal in the MATLAB
workspace, execute these commands:

sig=-4:.1:4;
sig = exp(sig"); % Exponential signal to quantize

Now, the model in the figure below performs two computations. One
computation uses the Sampled Quantizer Encode block with a partition
consisting of length-one intervals. The second computation uses the Mu-Law
Compressor block to implement a p-law compressor, the Sampled Quantizer
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Encode block to quantize the compressed data and, finally, the Mu-Law
Expander block to expand the quantized data.

nocompander
Terminator

To Watspace

Scalar -
: L mu-law i
quantizer I withcompander
expander
Terminator1

Signal From
Matepace

Sampled To Wodkepace!
Quantizer Encode hdu-Law
Expander

mu-law
compressor

hu-Law
Compressor

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
= Signal From Workspace, in the DSP Blockset DSP Sources library
- Set Signal to sig
< Mu-Law Compressor
- Set Peak signal magnitude to max(sig)
= Mux, in the Simulink Signals & Systems library
< Sampled Quantizer Encode, in the Source Coding library
- Set Quantization partition to 0: floor(max(sig))
- Set Quantization codebook to 0:ceil(max(sig))
- Set Sample timeto 1
= Terminator, in the Simulink Signals & Systems library
< Demux, in the Simulink Signals & Systems library
= Mu-Law Expander
- Set Peak signal magnitude to ceil(max(sig))
= Two copies of To Workspace, in the Simulink Sinks library

- Set Variable name to nocompander and withcompander, respectively, in
the two copies of this block

- Set Save format to Array in each of the two copies of this block

Connect the blocks as shown above. Also, from the model window’s Simulation
menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to 80. Run the model, then execute these commands:
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distor = sum((nocompander-sig).”"2)/length(sig);
distor2 = sum((withcompander-sig)."2)/length(sig);
[distor distor2]

ans =

0.5348 0.0397

This output shows that the distortion is smaller for the second scheme. This is
because equal-length intervals are well suited to the logarithm of the data but
not as well suited to the data itself.

Selected Bibliography for Source Coding
[1] Kondoz, A. M. Digital Speech. Chichester, England: John Wiley & Sons,
1994,

[2] Sklar, Bernard. Digital Communications: Fundamentals and Applications.
Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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Block Coding

Error-control coding techniques detect and possibly correct errors that occur
when messages are transmitted in a digital communication system. To
accomplish this, the encoder transmits not only the information symbols but
also extra redundant symbols. The decoder interprets what it receives, using
the redundant symbols to detect and possibly correct whatever errors occurred
during transmission. You might use error-control coding if your transmission
channel is very noisy or if your data is very sensitive to noise. Depending on the
nature of the data or noise, you might choose a specific type of error-control
coding.

Block coding is a special case of error-control coding. Block coding techniques
maps a fixed number of message symbols to a fixed number of code symbols. A
block coder treats each block of data independently and is a memoryless device.

Organization of This Section
These topics provide background information:

= “Accessing Block Coding Blocks” on page 2-27

= “Block Coding Features of the Blockset” on page 2-28

= “Communications Toolbox Support Functions” on page 2-29
= “Channel Coding Terminology” on page 2-29

These topics describe how to simulate linear block coding:

< “Data Formats for Block Coding” on page 2-29

= “Using Block Encoders and Decoders Within a Model” on page 2-32
= “Examples of Block Coding” on page 2-32

= “Notes on Specific Block Coding Techniques” on page 2-35

For background material on the subject of block coding, see the works listed in
“Selected Bibliography for Block Coding” on page 2-39.

Accessing Block Coding Blocks

You can open the Channel Coding library by double-clicking on its icon in the
main Communications Blockset library (commlib), or by typing

commfeccod?2
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at the MATLAB prompt.

Then you can open the Block sublibrary by double-clicking on its icon in the
Channel Coding library, or by typing

commblkcod?2

at the MATLAB prompt.

Block Coding Features of the Blockset

The class of block coding techniques includes categories shown in the diagram
below.

Linear block codes

Cyclic codes

BCH codes

PN

Hamming codes Reed-Solomon codes

The Communications Blockset supports general linear block codes. It also
includes blocks that process cyclic, BCH, Hamming, and Reed-Solomon codes
(which are all special kinds of linear block codes). Blocks in the blockset can
encode or decode a message using one of the techniques mentioned above. The
Reed-Solomon and BCH decoders indicate how many errors they detected
while decoding. The Reed-Solomon coding blocks also let you decide whether to
use symbols or bits as your data.

Note The blocks in this blockset are designed for error-control codes that use
an alphabet having 2 or 2™ symbols.
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Communications Toolbox Support Functions

Functions in the Communications Toolbox can support the Communications

Blockset simulation blocks by:

= Determining characteristics of a technique, such as error-correction
capability or possible message lengths

= Performing lower-level computations associated with a technique, such as:

Computing a truth table

Computing a generator or parity-check matrix
Converting between generator and parity-check matrices
Computing a generator polynomial

For more information about error-control coding capabilities of the
Communications Toolbox, see the section “Block Coding” in the
Communications Toolbox User's Guide.

Channel Coding Terminology

Throughout this section, the information to be encoded consists of message
symbols and the code that is produced consists of codewords.

Each block of K message symbols is encoded into a codeword that consists of N
message symbols. K is called the message length, N is called the codeword
length, and the code is called an [N,K] code.

Data Formats for Block Coding

Each message or codeword is an ordered grouping of symbols. Each block in the
Block Coding sublibrary processes one word in each time step, as described in
“Binary Format (All Coding Methods)” below. Reed-Solomon coding blocks also
let you choose between binary and integer data, as described in “Integer
Format (Reed-Solomon only)” on page 2-31.

Binary Format (All Coding Methods)

You can structure messages and codewords as binary vector signals, where
each vector represents a message word or a codeword. At a given time, the

encoder receives an entire message word, encodes it, and outputs the entire
codeword. The message and code signals share the same sample time.
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The figure below illustrates this situation. In this example, the encoder
receives a four-bit message and produces a five-bit codeword at time 0. It
repeats this process with a new message at time 1.
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For all coding techniques except Reed-Solomon, the message vector must have
length K and the corresponding code vector has length N. For Reed-Solomon
codes, the message vector must have length M*K and the corresponding code
vector has length M*N. Here M is an integer greater than or equal to 3 that
satisfies N = 2M-1.

If the input to a block coding block is a frame-based vector, then it must be a
column vector instead of a row vector.

To produce sample-based messages in the binary format, you can configure the
Bernoulli Random Binary Generator block so that its Probability of a zero
parameter is a vector whose length is that of the signal you want to create. To
produce frame-based messages in the binary format, you can configure the
same block so that its Probability of a zero parameter is a scalar and its
Samples per frame parameter is the length of the signal you want to create.

Using Serial Signals. If you prefer to structure messages and codewords as scalar
signals, where several samples jointly form a message word or codeword, then
you can use the Buffer and Unbuffer blocks in the DSP Blockset. Be aware that
buffering involves latency and multirate processing. See the reference page for
the Buffer block for more details. If your model computes error rates, then the
initial delay in the coding-buffering combination influences the Receive delay
parameter in the Error Rate Calculation block. If you are unsure about the
sample times of signals in your model, then selecting Sample time colors from
the model’'s Format menu, or attaching Probe blocks (from the Simulink
Signals & Systems library) to connector lines might help.
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Integer Format (Reed-Solomon only)

A message word for an [N,K] Reed-Solomon code consists of M*K bits, which
you can interpret as K symbols between 0 and 2M. Here N = 2M-1 and M is an
integer greater than or equal to 3. The integer format for Reed-Solomon codes
lets you structure messages and codewords as integer signals instead of binary
signals. (If the input is a frame-based vector, then it must be a column vector
instead of a row vector.)

Note In this context, Simulink expects the first bit to be the least significant
bit in the symbol. “First” means the smallest index in a vector or the smallest
time for a series of scalars.

The figure below illustrates the equivalence between binary and integer
signals for a Reed-Solomon encoder. The case for the decoder would be similar.
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To produce sample-based messages in the integer format, you can configure the
Random-Integer Generator block so that M-ary number and Initial seed
parameters are vectors of the desired length and all entries of the M-ary
number vector are 2M. To produce frame-based messages in the integer
format, you can configure the same block so that its M-ary number and Initial
seed parameters are scalars and its Samples per frame parameter is the
length of the signal you want to create.
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Using Block Encoders and Decoders Within a Model

Once you have configured the coding blocks, a few tips will help you place them
correctly within your model:

= If a block has multiple outputs, then the first one is always the stream of
coding data.

The Reed-Solomon and BCH blocks have an error counter as a second output.

=« Be sure the signal sizes are appropriate for the mask parameters. For
example, if you use the Binary Cyclic Encoder block and set Message
length K to 4, then the input signal must be a vector of length 4.

If you are unsure about the size of signals in your model, then selecting
Signal dimensions from the model's Format menu may help.

Examples of Block Coding

This section presents two example models. The first example processes a
Hamming code using the binary format and the second example processes a
Reed-Solomon code using the integer format.

Example: Hamming Code in Binary Format

This example shows very simply how to use an encoder and decoder. It
illustrates the appropriate vector lengths of the code and message signals for
the coding blocks. Also, because the Error Rate Calculation block accepts only
scalars or frame-based column vectors as the transmitted and received signals,
this example uses frame-based column vectors throughout. (It thus avoids
having to change signal attributes using a block such as Convert 1-D to 2-D.)

L Ta Error Rate
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

=« Bernoulli Random Binary Generator, in the Comm Sources library
- Set Probability of a zero to .5
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- Set Initial seed to any positive integer scalar

- Check the Frame-based outputs check box

- Set Samples per frame to 4
< Hamming Encoder, with default parameter values
< Hamming Decoder, with default parameter values

= Error Rate Calculation, in the Comm Sinks library, with default parameter
values

Connect the blocks as in the figure above. Also, use the Signal dimensions
feature from the model window’s Format menu. After possibly updating the
diagram if necessary (Update diagram from the Edit menu), the connector
lines show relevant signal attributes. The connector lines are double lines to
indicate frame-based signals, and the annotations next to the lines show that
the signals are column vectors of appropriate sizes.

Example: Reed-Solomon Code in Integer Format

This example uses a Reed-Solomon code in integer format. It illustrates the
appropriate vector lengths of the code and message signals for the coding
blocks. It also exhibits error correction, using a very simplistic way of
introducing errors into each codeword.
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
< Random-Integer Generator, in the Comm Sources library

- Set M-ary number to 15

- Set Initial seed to any vector containing 5 positive integers

- Check the Interpret vector parameters as 1-D check box
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= Integer-Input RS Encoder
- Set Codeword length N to 15
= Gain, in the Simulink Math library
- SetGainto[0 0 0 0 0, ones(1,10)]
= Integer-Output RS Decoder
- Set Codeword length N to 15
=« Scope, in the Simulink Sinks library. Get two copies of this block.
= Sum, in the Simulink Math library
- Set List of signs to |-+

Connect the blocks as in the figure above. Also, from the model window’s
Simulation menu, choose Simulation parameters; then in the Simulation
Parameters dialog box, set Stop time to 500.

The vector length numbers appear on the connecting lines only if you select
Signal dimensions from the model’'s Format menu. Notice that the encoder
accepts a vector of length 5 (which is K in this case) and produces a vector of
length 15 (which is N in this case). The decoder does the opposite. Also, the
Initial seed parameter in the Random-Integer Generator block is a vector of
length 5 because it must generate a message word of length 5.

Running the model produces the scope images below. Your plot of the error
counts might differ somewhat, depending on your Initial seed value in the
Random-Integer Generator block. (To make the axis range exactly match that
of the left scope in the figure, right-click on the plot area in the scope and select
Axes properties.)
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The plot on the right is the number of errors that the decoder detected while
trying to recover the message. Often the number is five because the Gain block
replaces the first five symbols in each codeword with zeros. However, the
number of errors is less than five whenever a correct codeword contains one or
more zeroes in the first five places.

The plot on the left is the difference between the original message and the
recovered message; since the decoder was able to correct all errors that
occurred, each of the five data streams in the plot is zero.

Notes on Specific Block Coding Techniques

Although the Block Coding sublibrary is somewhat uniform in its look and feel,
the various coding techniques are not identical. This section describes special
options and restrictions that apply to parameters and signals for the coding
technique categories in this sublibrary. You should read the part that applies
to the coding technique you want to use: generic linear block code, cyclic code,
Hamming code, BCH code, or Reed-Solomon code.
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Generic Linear Block Codes

Encoding a message using a generic linear block code requires a generator
matrix. Decoding the code requires the generator matrix and possibly a truth
table. In order to use the Binary Linear Encoder and Binary Linear Decoder
blocks, you must understand the Generator matrix and Error-correction
truth table parameters.

Generator Matrix. The process of encoding a message into an [N,K] linear block
code is determined by a K-by-N generator matrix G. Specifically, a 1-by-K
message vector v is encoded into the 1-by-N codeword vector vG. If G has the
form [l, P] or [P, I, ], where P is some K-by-(N-K) matrix and I is the K-by-K
identity matrix, then G is said to be in standard form. (Some authors, such as
Clark and Cain [1], use the first standard form, while others, such as Lin and
Costello [2], use the second.) The linear block coding blocks in this blockset
require the Generator matrix mask parameter to be in standard form.

Decoding Table. A decoding table tells a decoder how to correct errors that might
have corrupted the code during transmission. Hamming codes can correct any
single-symbol error in any codeword. Other codes can correct, or partially
correct, errors that corrupt more than one symbol in a given codeword.

The Binary Linear Decoder block allows you to specify a decoding table in the
Error-correction truth table parameter. Represent a decoding table as a
matrix with N columns and 2N rows. Each row gives a correction vector for
one received codeword vector.

If you do not want to specify a decoding table explicitly, then set that parameter
to 0. This causes the block to compute a decoding table using the syndtable
function in the Communications Toolbox.

Cyclic Codes

For cyclic codes, the codeword length N must have the form 2M-1, where M is
an integer greater than or equal to 3.

Generator Polynomials. Cyclic codes have special algebraic properties that allow
a polynomial to determine the coding process completely. This so-called
generator polynomial is a degree-(N-K) divisor of the polynomial xN-1. Van Lint
[4] explains how a generator polynomial determines a cyclic code.

The Binary Cyclic Encoder and Binary Cyclic Decoder blocks allow you to
specify a generator polynomial as the second mask parameter, instead of
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specifying K there. The blocks represent a generator polynomial using a vector
that lists the polynomial’s coefficients in order of ascending powers of the
variable. You can find generator polynomials for cyclic codes using the
cyclpoly function in the Communications Toolbox.

If you do not want to specify a generator polynomial, then set the second mask
parameter to the value of K.

Hamming Codes

For Hamming codes, the codeword length N must have the form 2M-1, where
M is an integer greater than or equal to 3. The message length K must equal
N-M.

Primitive Polynomials. Hamming codes rely on algebraic fields that have 2M
elements (or, more generally, pM elements for a prime number p). Elements of
such fields are named relative to a distinguished element of the field that is
called a primitive element. The minimal polynomial of a primitive element is
called a primitive polynomial. The Hamming Encoder and Hamming Decoder
blocks allow you to specify a primitive polynomial for the finite field that they
use for computations. If you want to specify this polynomial, then do so in the
second mask parameter field. The blocks represent a primitive polynomial
using a vector that lists the polynomial’s coefficients in order of ascending
powers of the variable. You can find generator polynomials for Galois fields
using the gfprimfd function in the Communications Toolbox.

If you do not want to specify a primitive polynomial, then set the second mask
parameter to the value of K.

BCH Codes

For BCH codes, the codeword length N must have the form 2M-1, where M is
an integer greater than or equal to 3. The message length K can have only
particular values. To see which values of K are valid for a given N, use the
bchpoly function in the Communications Toolbox. For example, in the output
below, the second column lists all possible message lengths that correspond to
a codeword length of 31. The third column lists the corresponding
error-correction capabilities.

params = bchpoly(31)
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params =
31 26 1
31 21 2
31 16 3
31 11 5
31 6 7

No known analytic formula describes the relationship among the codeword
length, message length, and error-correction capability for BCH codes.

Error Information. The BCH Decoder block allows you to state the
error-correction capability of the code, as the Error-correction capability T
parameter. Providing the value here speeds the computation. If you do not
know the code’s error-correction capability, then setting this parameter to zero
causes the block to calculate the error-correction capability when initializing.
You can find out the error-correction capability using the bchpoly function in
the Communications Toolbox.

The BCH Decoder block also returns error-related information during the
simulation. The second output signal indicates the number of errors that the
block detected in the input codeword. A negative integer in the second output
indicates that the block detected more errors than it could correct using the
coding scheme.

Reed-Solomon Codes

Reed-Solomon codes are useful for correcting errors that occur in bursts. The
codeword length N of a Reed-Solomon code must have the form 2M-1, where M
is an integer greater than or equal to 3. The error correction capability of a
Reed-Solomon code is floor ((N-K)/2). Since N is an odd number, the coding
is more efficient when the message length K is also odd.

Effect of Nonbinary Symbols. One difference between Reed-Solomon codes and the
other codes supported in this blockset is that Reed-Solomon codes process
symbols in GF(2M) instead of GF(2). Each such symbol is specified by M bits.
The nonbinary nature of the Reed-Solomon code symbols causes the
Reed-Solomon blocks to differ from other coding blocks in these ways:

= You can use the integer format, via the Integer-Input RS Encoder and
Integer-Output RS Decoder blocks.
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= The binary format forms a message from M*K (not K) samples and a
codeword from M*N (not N) samples.

= The binary format expects the vector lengths to be M*K (not K) for messages
and M*N (not N) for codewords.

Error Information. The Reed-Solomon decoding blocks (Binary-Output RS
Decoder and Integer-Output RS Decoder) return error-related information
during the simulation. The second output signal indicates the number of errors
that the block detected in the input codeword. A negative integer in the second
output indicates that the block detected more errors than it could correct using
the coding scheme.

Selected Bibliography for Block Coding
[1] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital
Communications. New York: Plenum Press, 1981.

[2] Lin, Shu and Daniel J. Costello, Jr. Error Control Coding: Fundamentals
and Applications. Englewood Cliffs, N.J.: Prentice-Hall, 1983.

[3] Peterson, W. Wesley and E. J. Weldon, Jr. Error-correcting Codes, 2nd ed.
Cambridge, Mass.: MIT Press, 1972.

[4] van Lint, J. H. Introduction to Coding Theory. New York: Springer-Verlag,
1982.
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Convolutional Coding

Convolutional coding is a special case of error-control coding. Unlike a block
coder, a convolutional coder is not a memoryless device. Even though a
convolutional coder accepts a fixed number of message symbols and produces a
fixed number of code symbols, its computations depend not only on the current
set of input symbols but on some of the previous input symbols.

Organization of This Section

= Describes how to access the Convolutional sublibrary of Channel Coding
= Summarizes the software’s capabilities

=« Discusses parameters for convolutional coding (polynomial description and
trellis description)

= Gives examples of convolutional coding

For background material on the subject of convolutional coding, see the works
listed in “Selected Bibliography for Convolutional Coding” on page 2-45.

Accessing Convolutional Coding Blocks

You can open the Channel Coding library by double-clicking on its icon in the
main Communications Blockset library (commlib), or by typing

commfeccod?2

at the MATLAB prompt.

Then you can open the Convolutional sublibrary by double-clicking on its icon
in the Channel Coding library, or by typing

commconvcod?2

at the MATLAB prompt.

Convolutional Coding Features of the Blockset

The Communications Blockset supports feedforward or feedback binary
convolutional codes that can be described by a trellis structure or a set of
generator polynomials. It uses the Viterbi algorithm to implement
hard-decision and soft-decision decoding.
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The blockset also includes an a posteriori probability decoder, which can be
useful for processing turbo codes.

Parameters for Convolutional Coding

To process convolutional codes (including turbo codes), use the Convolutional
Encoder, Viterbi Decoder, and/or APP Decoder blocks in the Convolutional
sublibrary. If a mask parameter is required in both the encoder and the
decoder, then use the same value in both blocks.

The blocks in the Convolutional sublibrary assume that you use one of two
different representations of a convolutional encoder:

= |fyou design your encoder using a diagram with shift registers and modulo-2
adders, then you can compute the code generator polynomial matrix and
subsequently use the poly2trellis function (in the Communications
Toolbox) to generate the corresponding trellis structure mask parameter
automatically. For an example, see “Example: A Rate 2/3 Feedforward
Convolutional Encoder” on page 2-42.

= |f you design your encoder using a trellis diagram, then you can construct the
trellis structure in MATLAB and use it as the mask parameter.

Details about these representations are in the sections, “Polynomial
Description of a Convolutional Encoder” and “Trellis Description of a
Convolutional Encoder,” in the Communications Toolbox User’s Guide.

Using the Polynomial Description in Blocks

To use the polynomial description with the Convolutional Encoder, Viterbi
Decoder, or APP Decoder blocks, you can use the utility function poly2trellis,
from the Communications Toolbox. This function accepts a polynomial
description and converts itinto a trellis description. For example, the command
below computes the trellis description of an encoder whose constraint length is
five and whose generator polynomials are 35 and 31.

trellis = poly2trellis(5,[35 31]);

To use this encoder with one of the convolutional coding blocks, simply place a
poly2trellis command such as

poly2trellis(5,[35 31]);

in the Trellis structure parameter field.
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Examples of Convolutional Coding

The model below uses a rate 2/3 feedforward encoder, and the accompanying
description explains how to determine the coding blocks’ parameters from a
schematic of the encoder. It also illustrates the use of the Error Rate
Calculation block with a receive delay.

Another example using blocks from the Convolutional Coding library is the
model in “Getting Started with the Communications Blockset” on page 1-1,
which uses a quantizer and the Viterbi Decoder block to implement
soft-decision Viterbi decoding. This model also illustrates the use of the Error
Rate Calculation block with a receive delay.

Example: A Rate 2/3 Feedforward Convolutional Encoder

This example uses the rate 2/3 feedforward convolutional encoder depicted in
the figure below.

v

v

v

How to Determine Coding Parameters. The Convolutional Encoder and Viterbi
Decoder blocks can implement this code if their parameters have the
appropriate values.

The encoder’s constraint length is a vector of length 2 since the encoder has two
inputs. The elements of this vector indicate the number of bits stored in each
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shift register, including the current input bits. Counting memory spaces in
each shift register in the diagram and adding one for the current inputs leads
to a constraint length of [5 4].

To determine the code generator parameter as a 2-by-3 matrix of octal
numbers, use the element in the ith row and jth column to indicate how the ith
input contributes to the jth output. For example, to compute the element in the
second row and third column, notice that the leftmost and two rightmost
elements in the second shift register of the diagram feed into the sum that
forms the third output. Capture this information as the binary number 1011,
which is equivalent to the octal number 13. The full value of the code generator
matrix is [27 33 0; 05 13].

To use the constraint length and code generator parameters in the
Convolutional Encoder and Viterbi Decoder blocks, use the poly2trellis
function to convert those parameters into a trellis structure.

How to Simulate the Encoder. Below is a model that simulates this encoder.

L 05021
261 ¥ ErorRste |3
— [2x1 Comwalutianal [3=1] [3x1] [2:-;']][ Calculation
B i b : : 3 F:
Sfnoull bin 217 Encoder e = Witerbi Decader s kil
Error Rate Calculation
Bernoulli Randam - - - -
Binary Generater Convolutional (2] Witerbi Decoder Dizplay
Encoder

Bernoulli Random

B i bi
Sfnoulil bin Binary Feneratord

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

= Bernoulli Random Binary Generator, in the Comm Sources library

Set Probability of a zero to .5

Set Initial seed to any positive integer scalar

Set Sample time to .5
Check the Frame-based outputs check box
Set Samples per frame to 2

« Convolutional Encoder
- Set Trellis structure to poly2trellis([5 4],[27 33 0; 0 5 13])
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= An additional copy of the Bernoulli Random Binary Generator, in the Comm
Sources library

- Set Probability of a zero to .05

Set Initial seed to any positive integer scalar

Set Sample time to 1/3

Check the Frame-based outputs check box

Set Samples per frame to 3
< Sum, in the Simulink Math library, with default parameter values
= Viterbi Decoder
- Set Trellis structure to poly2trellis([5 4],[27 33 0; 0 5 13])
- Set Decision type to Hard Decision
= Error Rate Calculation, in the Comm Sinks library
- Set Receive delay to 68
- Set Output data to Port
=« Display, in the Simulink Sinks library

- Drag the bottom edge of the icon to make the display big enough for three
entries

Connect the blocks as in the figure, using the first Bernoulli Random Binary
Generator block at the far left. Also, from the model window’s Simulation
menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to 500.

Notes on the Model. The matrix size annotations appear on the connecting lines
only if you select Signal Dimensions from the model's Format menu. Notice
that the encoder accepts a 2-by-1 frame-based vector and produces a 3-by-1
frame-based vector, while the decoder does the opposite. The Samples per
frame parameter in the first Bernoulli Random Binary Generator block is 2
because the block must generate a message word of length 2, while that
parameter in the second Bernoulli Random Binary Generator block is 3
because the block must perturb a codeword of length 3.

Also notice that the Receive delay parameter in the Error Rate Calculation
block is 68, which is the vector length (2) of the recovered message times the
Traceback depth value (34) in the Viterbi Decoder block. If you examined the
transmitted and received signals as matrices in the MATLAB workspace, then
you would see that the first 34 rows of the recovered message consists of zeros,
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while subsequent rows are the decoded messages. Thus the delay in the
received signal is 34 vectors of length 2, or 68 samples.

Running the model produces display output similar to that shown in the figure.
The three numbers in the Display block indicate the error rate, the total
number of errors, and the total number of comparisons that the Error Rate
Calculation block made during the simulation. (The first two numbers vary
depending on your Initial seed value in the Bernoulli Random Binary
Generator blocks.) Because the simulation runs from time 0 to time 500, the
block compares 501 pairs of vectors of length 2, hence 1002 pairs of samples.
However, 68 of the received samples constitute the initial delay, so the total
number of comparisons by the end of the simulation is 934.

Selected Bibliography for Convolutional Coding

[1] Benedetto, Sergio and Guido Montorsi. “Performance of Continuous and
Blockwise Decoded Turbo Codes.” IEEE Communications Letters, vol. 1, May
1997. 77-79.

[2] Benedetto, S., G. Montorsi, D. Divsalar, and F. Pollara. “A Soft-Input
Soft-Output Maximum A Posterior (MAP) Module to Decode Parallel and
Serial Concatenated Codes.” JPL TMO Progress Report, vol. 42-127, November
1996. [This electronic journal is available at http://tmo.jpl.nasa.gov/tmo/
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[3] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital
Communications. New York: Plenum Press, 1981.
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on Selected Areas in Communications, vol. 16, February 1998. 260-264.
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Interleaving

An interleaver permutes symbols according to a mapping. A corresponding
deinterleaver uses the inverse mapping to restore the original sequence of
symbols. Interleaving and deinterleaving can be useful for reducing errors
caused by burst errors in a communication system.

You can open the Interleaving library by double-clicking on its icon in the main
Communications Blockset library (commlib), or by typing

comminterleave2

at the MATLAB prompt.

Then you can open the interleaving sublibraries by double-clicking on their
icons in the Interleaving library, or by typing these commands at the MATLAB
prompt.

commblkintriv2
commcnvintriv2

Interleaving Features of the Blockset
This blockset provides interleavers in two broad categories:

= Block interleavers. This category includes matrix, random, algebraic, and
helical scan interleavers as special cases.

= Convolutional interleavers. This category includes a helical interleaver as a
special case, as well as a general multiplexed interleaver.

In typical usage of all interleaver/deinterleaver pairs in this blockset, the
parameters of the deinterleaver match those of the interleaver.

For background information about interleavers, see the works listed in
“Selected Bibliography for Interleaving” on page 2-51.

Block Interleavers

A block interleaver accepts a set of symbols and rearranges them, without
repeating or omitting any of the symbols in the set. The number of symbols in
each set is fixed for a given interleaver. The interleaver’s operation on a set of
symbols is independent of its operation on all other sets of symbols.
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Types of Block Interleavers

The set of block interleavers in this library includes a general
interleaver/deinterleaver pair as well as several special cases. Each
special-case block uses the same computational code that its more general
counterpart uses, but provides an interface that is more suitable for the special
case.

The Matrix Interleaver block accomplishes block interleaving by filling a
matrix with the input symbols row by row and then sending the matrix
contents to the output port column by column. For example, if the interleaver
uses a 2-by-3 matrix to do its internal computations, then for an input of

[1 2 3 4 5 6] the block produces an outputof [1 4 2 5 3 6].

The Random Interleaver block chooses a permutation table randomly using the
Initial seed parameter that you provide in the block mask. By using the same
Initial seed value in the corresponding Random Deinterleaver block, you can
restore the permuted symbols to their original ordering.

The Algebraic Interleaver block uses a permutation table that is algebraically
derived. It supports Takeshita-Costello interleavers and Welch-Costas
interleavers. These interleavers are described in [4].

Convolutional Interleavers

A convolutional interleaver consists of a set of shift registers, each with a fixed
delay. In a typical convolutional interleaver, the delays are nonnegative
integer multiples of a fixed integer (although a general multiplexed interleaver
allows arbitrary delay values). Each new symbol from the input signal feeds
into the next shift register and the oldest symbol in that register becomes part
of the output signal. The schematic below depicts the structure of a
convolutional interleaver by showing the set of shift registers and their delay
values D(1), D(2),...,D(N). The blocks in this library have mask parameters that
indicate the delay for each shift register. The delay is measured in samples.
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i
7\ ._m_. N The kth shift register holds D(k) symbols,
Input v - v Output where k=1, 2,...,N.

e e

This section discusses:

= The types of convolutional interleavers included in the library
= The delay between the original sequence and the restored sequence
= An example that uses a convolutional interleaver

Types of Convolutional Interleavers

The set of convolutional interleavers in this library includes a general
interleaver/deinterleaver pair as well as several special cases. Each
special-case block uses the same computational code that its more general
counterpart uses, but provides an interface that is more suitable for the special
case.

The most general block in this library is the General Multiplexed Interleaver
block, which allows arbitrary delay values for the set of shift registers. To
implement the schematic above using this block, you would use an Interleaver
delay parameter of [D(1); D(2); ...; D(N)].

More specific is the Convolutional Interleaver block, in which the delay value
for the kth shift register is (k-1) times the block’s Register length step
parameter. The number of shift registers in this block is the value of the Rows
of shift registers parameter.

Finally, the Helical Interleaver block supports a special case of convolutional
interleaving that fills an array with symbols in a helical fashion and empties
the array row by row. To configure this interleaver, use the Number of
columns of helical array parameter to set the width of the array, and use the
Group size and Helical array step size parameters to determine how symbols
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are placed in the array. See the reference page for the Helical Interleaver block
for more details and an example.

Delay Between Original and Restored Sequences

After a sequence of symbols passes through a convolutional interleaver and a
corresponding convolutional deinterleaver, the restored sequence lags behind
the original sequence. The delay, measured in symbols, between the original
and restored sequences is

(Number of shift registers) * (Maximum delay among all shift registers)

for the most general multiplexed interleaver. If your model incurs an
additional delay between the interleaver output and the deinterleaver input,
then the restored sequence lags behind the original sequence by the sum of the
additional delay and the amount in the formula above.

Note For proper synchronization, the delay in your model between the
interleaver output and the deinterleaver input must be an integer multiple of
the number of shift registers. You can use the Integer Delay block in the DSP
Blockset to adjust delays manually, if necessary.

Convolutional Interleaver block. In the special case implemented by the
Convolutional Interleaver/Convolutional Deinterleaver pair, note that the
number of shift registers is the Rows of shift registers parameter, while the
maximum delay among all shift registers is

(Register length step)*(Rows of shift registers-1)

Helical Interleaver block. In the special case implemented by the Helical
Interleaver/Helical Deinterleaver pair, the delay between the restored
sequence and the original sequence is

NS

where C is the Number of columns in helical array parameter, N is the
Group size parameter, and s is the Helical array step size parameter.
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Example: Convolutional Interleavers

The example below illustrates convolutional interleaving and deinterleaving
using a sequence of consecutive integers. It also illustrates the inherent delay
and the effect of the interleaving blocks’ initial conditions.

I intarleaved

To Wiatkspace
Convelutional Convolutional
L L L I restored
_/ bl J_LL bl Interleawer bl Deinterleaver bl
Famp Tero-Order To Watkspace]
Hold Convelutional Convolutional
° Interleawer Ceinterleaver

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
< Ramp, in the Simulink Sources library. Use default parameters.
= Zero-Order Hold, in the Simulink Discrete library. Use default parameters.
= Convolutional Interleaver
- Set Rows of shift registers to 3
- Set Initial conditions to [-1 -2 -3]"
< Convolutional Deinterleaver
- Set Rows of shift registers to 3
- Set Initial conditions to [-1 -2 -3]"
< Two copies of To Workspace, in the Simulink Sinks library

- Set Variable name to interleaved and restored, respectively, in the two
copies of this block

- Set Save format to Array in each of the two copies of this block

Connect the blocks as shown above. Also, from the model window's Simulation
menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to 20. Run the simulation, then execute this
command.

comparison = [[0:20]", interleaved, restored]
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comparison =
0 0 -1
1 -2 -2
2 -3 -3
3 3 -1
4 -2 -2
5 -3 -3
6 6 -1
7 1 -2
8 -3 -3
9 9 -1
10 4 -2
11 -3 -3
12 12 0
13 7 1
14 2 2
15 15 3
16 10 4
17 5 5
18 18 6
19 13 7
20 8 8

In this output, the first column contains the original symbol sequence. The
second column contains the interleaved sequence, while the third column
contains the restored sequence.

The negative numbers in the interleaved and restored sequences come from the
interleaving blocks' initial conditions, not from the original data. The first of
the original symbols appears in the restored sequence only after a delay of 12
symbols. The delay of the interleaver-deinterleaver combination is the product
of the number of shift registers (3) and the maximum delay among all shift
registers (4).

Selected Bibliography for Interleaving
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Analog Modulation

In most media for communication, only a fixed range of frequencies is available
for transmission. One way to communicate a message signal whose frequency
spectrum does not fall within that fixed frequency range, or one that is
otherwise unsuitable for the channel, is to alter a transmittable signal
according to the information in your message signal. This alteration is called
modulation, and it is the modulated signal that you transmit. The receiver
then recovers the original signal through a process called demodulation. This
section describes how to modulate and demodulate analog signals with the
Communications Blockset. After giving instructions for accessing the analog
modulation blocks, it goes on to discuss these topics:

= “Analog Modulation Features of the Blockset” on page 2-53
= “Baseband Modulated Signals Defined” on page 2-54

= “Representing Signals for Analog Modulation” on page 2-55
<« “Timing Issues in Analog Modulation” on page 2-55

= “Filter Design Issues” on page 2-59

Accessing Analog Modulation Blocks

You can open the Modulation library by double-clicking on its icon in the main
Communications Blockset library (commlib), or by typing

commmod?2

at the MATLAB prompt.

Then you can open the Analog Baseband and Analog Passband sublibraries by
double-clicking on their icons in the Modulation library, or by typing these
commands at the MATLAB prompt.

commanabbnd?2
commanapbnd?2

Analog Modulation Features of the Blockset

The figure below shows the modulation techniques that the Communications
Blockset supports for analog signals. As the figure suggests, some categories of
techniques include named special cases.
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Analog modulation methods

T

Amplitude Frequency Phase
modulation (AM) modulation (FM) modulation (PM)

N

Single-sideband Double-sideband
suppressed-carrier  suppressed-carrier
(SSB) (DSB-SC)

For a given modulation technique, two ways to simulate modulation techniques
are called baseband and passband. Baseband simulation, also known as the
lowpass equivalent method, requires less computation. This blockset supports
both baseband and passband simulation. Since baseband simulation is more
prevalent, this guide focuses more on baseband simulation.

The modulation and demodulation blocks also let you control such features as
the initial phase of the modulated signal and post-demodulation filtering.

Baseband Modulated Signals Defined

A baseband representation of a modulated signal is often more convenient for
simulation than the passband representation is. Suppose the modulated signal
has the waveform

Y, (t)cos (21if t + 8) — Y, (t) sin (271f t + B)

where Y, and Y, are amplitude terms, f. is the carrier frequency and 6 is the
carrier signal’s initial phase. A baseband simulation recognizes that this

equals

ReL(Yl(t) +jY2(t))ej9J ol 27t
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and models only the part inside the curly brackets. Here j is the square root of
-1. The complex vector y is a sampling of the complex signal (Y4(t) +jY(t)) el®,

Representing Signals for Analog Modulation

Analog modulation blocks in this blockset process only sample-based scalar
signals. The data types of inputs and outputs are depicted in the figure below.

Baseband Baseband

real complex real
Modulator : Demodulator
Passband Passband

real real real
Modulator Demodulator

Timing Issues in Analog Modulation

A few timing issues are important for simulating analog modulation with this
blockset. The sections below illustrate choices of signal sample times and
simulation step sizes.

Signal Sample Times

All analog demodulators in this blockset produce discrete-time, not
continuous-time, output. These blocks require you to specify the output sample
time as a mask parameter. In addition, some analog modulators require you to
specify the sample time as a mask parameter. Modulators in this category are
FM Modulator Baseband, FM Modulator Passband, SSB AM Modulator
Baseband, and SSB AM Modulator Passband.

Example Using a Modulator. In the figure below, both Probe blocks show a sample
time of 1 second in their icons. (The display Ts:[1 0] indicates a sample time
of 1 second and a sample time offset of 0.) Setting the Sample time parameter
in the FM Modulator Baseband block to 1 is appropriate because the input to
this block also has a sample time of 1 second.
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T=[10]
Frobe
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rLLL,_,-' P F T=[110]
Sine Mfawe
Fha Probed

fodulator
Baseband

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

=« Sine Wave, in the Simulink Sources library (not the Sine Wave block in the
DSP Blockset DSP Sources library)

- Set Sample timeto 1
= FM Modulator Baseband, in the Analog Baseband sublibrary of the
Modulation library
- Set Sample timeto 1
= Two copies of Probe, in the Simulink Signals & Systems library
- Uncheck all boxes except Probe sample time

Connect the blocks as in the figure. Then select Update diagram from the
model window’s Edit menu, which updates the display on each Probe block’s
icon. (Running the model is not instructive because it does not represent a
complete system.)

Simulation Step Sizes

If you use passband modulation with continuous-time signals, then you need to
set the simulation step size, based on the carrier frequency. By the Nyquist
theorem, the simulation sampling rate must be at least twice as large as the
modulation carrier frequency. Equivalently, the simulation step size must be
no larger than half the modulation carrier period.

When you begin a new model, Simulink automatically determines the default
step size. To change the step size from the default to a different value, use this
procedure;

1 Select Simulation parameters from the model window's Simulation menu
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2 Select the Solver panel

3 Set the Max step size and Initial step size parameters to numerical values
(that is, not auto) that are appropriate for your model.

In some situations, Simulink automatically corrects a faulty simulation step
size. For example, if a signal in your model has a sample time of .1 second and
you set the model’'s Max step size parameter to 1, then running the model
produces this response in the command window.

Warning: Maximum step size (1) is larger than the fastest discrete
sampling period (0.1) time. Setting maximum step size to 0.1.

Example Using Step Size Relative to Carrier Period. The model below illustrates why
the simulation step size in a passband simulation must be appropriate for a
given carrier frequency. The first Scope image shows the correct result of
modulating a constant signal using double-sideband suppressed-carrier
amplitude modulation, while the second Scope image shows incorrect results.
The incorrect results occur because the simulation step size is too large relative
to the modulation carrier frequency.

In this case, the DSBSC AM Modulator Passband block uses a Carrier
frequency parameter of 100. That is, the carrier’'s period is .01 second and an
appropriate simulation step size is no larger than .005. Therefore, a simulation
step size of .01 second is too large to satisfy the Nyquist criterion. However, a
simulation step size of .001 second is sufficiently small.
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather these blocks with their default parameters:

= Constant, in the Simulink Sources library

< DSBSC AM Modulator Passband, in the Analog Passband sublibrary of the
Modulation library

=« Scope, in the Simulink Sinks library
Connect the blocks as in the figure. Also, from the model window’s Simulation

menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to 1.
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To generate the correct results as in the first Scope image in the figure, return
to the Simulation Parameters dialog box and set both the Max step size and
Initial step size parameters to .001. Then run the model and use the Scope
window’s zooming tools to study the sinusoidal output curve. You can also
generate incorrect results as in the second Scope image in the figure, by
changing the Max step size and Initial step size parameters to .01 and
running the model again.

Filter Design Issues

After demodulating, you might want to filter out the carrier signal, especially
if you are using passband simulation. The Signal Processing Toolbox provides
functions that can help you design your filter, such as butter, chebyl, cheby?,
and el lip. Different demodulation methods have different properties, and you
might need to test your application with several filters before deciding which is
most suitable. This section mentions two issues that relate to the use of filters:
cutoff frequency and time lag.

Example: Varying the Filter’s Cutoff Frequency

In many situations, a suitable cutoff frequency is half the carrier frequency.
Since the carrier frequency must be higher than the bandwidth of the message
signal, a cutoff frequency chosen in this way limits the bandwidth of the
message signal. If the cutoff frequency is too high, then the carrier frequency
may not be filtered out. If the cutoff frequency is too low, then it might narrow
the bandwidth of the message signal.

The example below modulates a sawtooth message signal, demodulates the
resulting signal using a Butterworth filter, and plots the original and recovered
signals. The Butterworth filter is implemented within the SSB AM
Demodulator Passband block.

AR LT
oooo
o2+ J_LL S5B Al L S5B AM L |:|
Si | »
lgna Zaro-Order
S50 AM S5B A Scope
Fenerator
Hold hModulator Lemodulatar
Fazsband Faszband

Before building the model, first execute this command at the MATLAB prompt.

[num,den] = butter(2,25*.01); % Design Butterworth filter.
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Here, 2 is the order of the Butterworth filter, 25 is the carrier signal frequency
and .01 is the sample time of the signal in Simulink. The variables num and den
represent the numerator and denominator, respectively, of the filter's transfer
function. These variables reside in the MATLAB workspace, where Simulink
can access them during the simulation. The butter function is in the Signal
Processing Toolbox.

Now to open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
=« Signal Generator, in the Simulink Sources library
- Set Wave form to Sawtooth
- Set Amplitude to 4
- Set Frequency to .3
<« Zero-Order Hold, in the Simulink Discrete library
- Set Sample time to .01

= SSB AM Modulator Passband, in the Analog Passband sublibrary of the
Modulation library

- Set Carrier frequency to 25
- Set Time delay for Hilbert transform filter to .1
- Set Sample time to .01

< SSB AM Demodulator Passband, in the Analog Passband sublibrary of the
Modulation library

- Set Carrier frequency to 25
- Set Lowpass filter numerator to num
- Set Lowpass filter denominator to den
- Set Sample time to .01
=« Scope, in the Simulink Sinks library

- After double-clicking on the block to open it, click on the Properties icon
and set Number of axes to 2
Connect the blocks as in the figure. Running the model produces the scope

image below. The image reflects the original and recovered signals, with a
moderate filter cutoff.
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Other Filter Cutoffs. To see the effect of a lowpass filter with a higher cutoff
frequency, type

[num,den] = butter(2,25*.01*3.9); % Design Butterworth filter.

at the MATLAB prompt and then run the simulation again. The new result is
the left image in the figure below. The higher cutoff frequency allows the
carrier signal to interfere with the demodulated signal.

To see the effect of a lowpass filter with a lower cutoff frequency, type

[num,den] = butter(2,25*.01/4); % Design Butterworth Ffilter.

at the MATLAB prompt and then run the simulation again. The new result is
the right image in the figure below. The lower cutoff frequency narrows the
bandwidth of the demodulated signal.
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Example: Time Lag from Filtering

There is invariably a 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. The example below illustrates the delay by plotting a
signal before modulation and after demodulation. The curve with amplitude
one is the original sine wave and the other curve is the recovered signal.
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Baseband Basezband

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:

= Sine Wave, in the DSP Blockset DSP Sources library (not the Sine Wave
block in the Simulink Sources library)

- Set Frequency to 1
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= PM Modulator Baseband, in the Analog Baseband sublibrary of the
Modulation library. Use default parameters.

< PM Demodulator Baseband, in the Analog Baseband sublibrary of the
Modulation library. Use default parameters.
= Mux, in the Simulink Signhals & Systems library

=« Scope, in the Simulink Sinks library

Connect the blocks as in the figure. Also, from the model window’s Simulation
menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to 5. Running the model produces the scope image
below.

#|Scope M=l E3

lpep ABES
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Digital Modulation

Like analog modulation, digital modulation alters a transmittable signal
according to the information in a message signal. However, in this case, the
message signal is a discrete-time signal that can assume finitely many values.
This section describes how to modulate and demodulate digital signals with the
Communications Blockset. After giving instructions for accessing the digital
modulation blocks, it goes on to discuss these topics:

=« “Digital Modulation Features of the Blockset” on page 2-65

= “Representing Signals for Digital Modulation” on page 2-68

=« “Delays in Digital Modulation” on page 2-69

= “Upsampled Signals and Rate Changes” on page 2-72

= “Examples of Digital Modulation” on page 2-75

For background material on the subject of digital modulation, see the works
listed in “Selected Bibliography for Digital Modulation” on page 2-83.

Accessing Digital Modulation Blocks

You can open the Modulation library by double-clicking on its icon in the main
Communications Blockset library (commlib), or by typing

commmod?2

at the MATLAB prompt.

Then you can open the Digital Baseband and Digital Passband sublibraries by
double-clicking on their icons in the Modulation library, or by typing these
commands at the MATLAB prompt.

commdigbbnd?2
commdigpbnd?2
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The Digital Baseband and Digital Passband libraries have sublibraries of their
own. You can open each of these sublibraries by double-clicking on the icon
listed in the table below, or by typing its name at the MATLAB prompt.

Table 2-1: Sublibraries of Digital Baseband and Digital Passband

Kind of Modulation Icon in Digital Name of Sublibrary
Baseband or Digital Model
Passband Library

Amplitude modulation AM commdigbbndam2,
commdigpbndam2
Phase modulation PM commdigbbndpm2,
commdigpbndpm2
Frequency modulation FM commdigbbndfm2,
commdigpbndfm2
Continuous phase CPM commdigbbndcpm2,
modulation commdigpbndcpm2

Digital Modulation Features of the Blockset

The figure below shows the modulation techniques that the Communications
Blockset supports for digital data. All of the methods at the far right are
implemented in both passband and baseband blocks.
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General and Specific Modulation Methods

Some digital modulation sublibraries contain blocks that implement special
cases of a more general technique and are, in fact, special cases of a more
general block. These special-case blocks use the same computational code that
their general counterparts use, but provide an interface that is either simpler
or more suitable for the special case. The table below lists special-case
modulators, their general counterparts, and the conditions under which the
two are equivalent. The situation is analogous for demodulators.

Table 2-2: General and Specific Blocks

General Modulator Specific Modulator Specific Conditions
General QAM Rectangular QAM Predefined constellation
Modulator Baseband,  Modulator Baseband,  containing 2X points on a
General QAM Rectangular QAM rectangular lattice

Modulator Passband Modulator Passband
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Table 2-2: General and Specific Blocks

General Modulator

Specific Modulator

Specific Conditions

M-PSK Modulator
Baseband

M-DPSK Modulator
Baseband

CPM Modulator
Baseband, CPM
Modulator Passband

BPSK Modulator
Baseband

QPSK Modulator
Baseband

DBPSK Modulator
Baseband

DQPSK Modulator
Baseband

GMSK Modulator
Baseband, GMSK
Modulator Passband

MSK Modulator
Baseband, MSK
Modulator Passband

CPFSK Modulator
Baseband, CPFSK
Modulator Passband

M-ary number
parameter is 2.

M-ary number
parameter is 4.

M-ary number
parameter is 2.

M-ary number
parameter is 4.

M-ary number
parameter is 2,
Frequency pulse shape
parameter is Gaussian.

M-ary number
parameter is 2,
Frequency pulse shape
parameter is
Rectangular, Pulse
length parameter is 1.

Frequency pulse shape
parameter is
Rectangular, Pulse
length parameter is 1.

Furthermore, the CPFSK Modulator Baseband and CPFSK Modulator
Passband blocks are similar to the M-FSK Modulator Baseband and M-FSK
Modulator Passband blocks, respectively, when the M-FSK blocks use
continuous phase transitions. However, the M-FSK features of this blockset
differ from the CPFSK features in their mask interfaces and in the
demodulator implementations.
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Representing Signals for Digital Modulation

All digital modulation blocks process only discrete-time signals. The data types
of inputs and outputs are depicted in the figure below.

Baseband Baseband

real complex real
Modulator : Demodulator
Passband Passband

real real real
Modulator Demodulator

Note If you are simulating baseband modulation using a method that
produces real-valued data (such as pulse amplitude modulation) and if you
want the modulated signal to be a real Simulink signal instead of a complex
Simulink signal, then you can use the corresponding passband block with a
Carrier frequency parameter of zero.

Binary-Valued and Integer-Valued Signals

Some digital modulation blocks can accept either integers or binary
representations of such integers. The corresponding demodulation blocks can
output either integers or their binary representations. This section describes
how modulation blocks process binary inputs; the case for demodulation blocks
is the reverse.

If a modulator block’s Input type parameter is set to Bit, then the block
accepts binary representations of integers between 0 and M-1. It modulates
each group of K bits, called a binary word. Also, these rules apply to the binary
input mode:

= For baseband modulation, the input vector length must be an integer
multiple of K. If the input is frame-based, then it must be a column vector.

= For passband modulation, the input must have length K and must be
sample-based.
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In binary input mode, the Constellation ordering (or Symbol set ordering,
depending on the type of modulation) parameter indicates how the block maps
a group of K input bits to a corresponding integer. If this parameter is set to
Binary, then the block maps [u(1) u(2) ... u(K)] to the integer

K
3 u(i)2K-i

i=1

and subsequently behaves as if this integer were the input value. Notice that
u(1) is the most significant bit.

For example, if M = 8, Constellation ordering (or Symbol set ordering) is set
to Binary, and the binary input word is [1 1 0], then the block internally
converts [1 1 0] to the integer 6. The block produces the same output as in the
case when the input is 6 and the Input type parameter is Integer.

If Constellation ordering (or Symbol set ordering) is set to Gray, then the
block uses a Gray-coded arrangement. The explicit mapping is described in
“Algorithm” on the reference page for the M-PSK Modulator Baseband block.

Delays in Digital Modulation

Digital modulation and demodulation blocks sometimes incur delays between
their inputs and outputs, depending on their configuration and on properties of
their signals. The table below lists sources of delay and the situations in which
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they occur. If more than one situation applies to a given model, then the
separate delays are additive.

Table 2-3: Delays Resulting from Digital Modulation or Demodulation

Modulation or Situation in Which Amount of Delay
Demodulation Type Delay Occurs
All demodulators in Samples per symbol One output period
AM, PM, and FM parameter is greater
sublibraries, except than 1, and the input is
OQPSK sample-based.
All demodulators in Sample-based input, D+1 output periods
CPM sublibrary D = Traceback length

parameter

Frame-based input, D output periods

D = Traceback length

parameter
All passband Always One output period
demodulators
OQPSK Modulator Always One output symbol,
Baseband, OQPSK which is half the
Modulator Passband input period
OQPSK Demodulator Always Three input
Baseband, OQPSK symbols, which is 3/2
Demodulator Passband times the output

period

As a result of delays, data that enters a modulation or demodulation block at
time T appears in the output at time T+delay. In particular, if your simulation
computes error statistics or compares transmitted with received data, then it
must take the delay into account when performing such computations or
comparisons.

First Output Sample in DPSK Demodulation. In addition to the delays mentioned
above, the DPSK, DQPSK, and DBPSK demodulators produce output whose
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first sample is unrelated to the input. This is related to the differential
modulation technique, not the particular implementation of it.

Example: Delays From Demodulation

Demodulation in the model below causes the demodulated signal to lag,
compared to the unmodulated signal. This delay is typical for sample-based
data that the modulator upsamples. When computing error statistics, the
model accounts for the delay by setting the Error Rate Calculation block’s
Receive delay parameter to 1. If the Receive delay parameter had a different
value, then the error rate showing at the top of the Display block would be close
to 1/2.

Note If this model used the OQPSK method instead of DBPSK, then the
proper Receive delay parameter would be 2 instead of 1.

.,
_I_I_M(\M. Wﬂd—u_ T Error Rate
[ro—ru ™ b Caloul ot -
Randoem int DBPSK — ANGH - DBPSK R -alculation
Error Rate Caleulation
Random-Intager RGN Display

DEFSK DBPSK
Channel
Generator todulator Demodulator

Baseband Baseband

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
= Random-Integer Generator, in the Comm Sources library

- Set M-ary number to 2

- Set Initial seed to any positive integer scalar

= DBPSK Modulator Baseband, in the PM sublibrary of the Digital Baseband
sublibrary of Modulation

- Set Samples per symbol to 8
= AWGN Channel, in the Channels library
- Set Es/No to 4

= DBPSK Demodulator Baseband, in the PM sublibrary of the Digital
Baseband sublibrary of Modulation

- Set Samples per symbol to 8
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= Error Rate Calculation, in the Comm Sinks library
- Set Receive delay to 1
- Set Computation delay to 1
- Set Output data to Port

=« Display, in the Simulink Sinks library

- Drag the bottom edge of the icon to make the display big enough for three
entries

Connect the blocks as shown above. Also, from the model window's Simulation
menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to 100. Then run the model and observe the error rate
at the top of the Display block’s icon. Your error rate will vary depending on
your Initial seed value in the Random-Integer Generator block.

Upsampled Signhals and Rate Changes

Digital baseband modulation blocks can output an upsampled version of the
modulated signal, while digital baseband demodulation blocks can accept an
upsampled version of the modulated signal as input. Each block’s Samples per
symbol parameter, S, is the upsampling factor in both cases. It must be a
positive integer. Depending on whether the signal is frame-based or
sample-based, the block either changes the signal’s vector size or its sample
time, as the table below indicates. Only the OQPSK blocks deviate from the
information in the table, in that S is replaced by 2S in the scaling factors.

Table 2-4: Processing of Upsampled Modulated Data (Except OQPSK Method)

Computation Input Frame Result

Type Status

Modulation Frame-based Output vector length is S times the number of integers or
binary words in the input vector. Output sample time equals
the input sample time.

Modulation Sample-based  Output vector is a scalar. Output sample time is 1/S times the

input sample time.
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Table 2-4: Processing of Upsampled Modulated Data (Except OQPSK Method)

Computation Input Frame Result
Type Status

Demodulation  Frame-based Number of integers or binary words in the output vector is 1/S
times the number of samples in the input vector. Output
sample time equals the input sample time.

Demodulation Sample-based  Output signal contains one integer or one binary word.
Output sample time is S times the input sample time.

Furthermore, if S > 1 and the demodulator is from the AM,
PM, or FM sublibrary, then the demodulated signal is delayed
by one output sample period. There is no delay if S =1 or if
the demodulator is from the CPM sublibrary.

Digital passband blocks can also process upsampled data, but only as an
intermediate internal format. For more information about this, see the
description of the Baseband samples per symbol parameter on the reference
page for any digital passband modulation block. Also note that passband blocks
process only sample-based data, not frame-based data.

Illustrations of Size or Rate Changes

The schematics below illustrate how a baseband modulator (other than
OQPSK) upsamples a triplet of frame-based and sample-based integers. In
both cases, the Samples per symbol parameter is 2.
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Frame-Based Upsampling

Modulator -1 QOutput sample time = Input sample time
-1 QOutput length = 2* (# of input integers)
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Frame-based column vectors——!

Sample-Based Upsampling

= = QOutput sample time = (Input sample time)/2
Modulator =l t =
e I Output length = # of input integers

t=2 t=1 t=0 t=2 t=1 | t=0
Sample-based scalars in input and output =172
The schematics below illustrate how a demodulator (other than OQPSK or one
from the CPM sublibrary) processes three doubly-sampled symbols using both
frame-based and sample-based inputs. In both cases, the Samples per symbol
parameter is 2. Notice that the sample-based schematic includes an output

delay of one sample period.

Frame-Based Upsampled Input

1
1

-1
Demodulator
-1

1

J
L Frame-based column vectors
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QOutput length = (# of input samples)/2
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Scalar input and output

‘ ‘ ‘ ‘ ‘ First output element represents delay
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t=1/2 (delay)
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Examples of Digital Modulation

This section builds a few simple example models to illustrate the modulation
methods and how the Communications Blockset allows you to implement them.
The examples are:

= “DQPSK Signal Constellation Points and Transitions” on page 2-75

=« “Rectangular QAM Modulation and Scatter Diagram” on page 2-76

= “Phase Tree for Continuous Phase Modulation” on page 2-78

= “Passband Digital Modulation” on page 2-81

DQPSK Signal Constellation Points and Transitions

The model below plots the output of the DQPSK Modulator Baseband block.
The image shows the possible transitions from each symbol in the DQPSK
signal constellation to the next symbol.

| Tl S _L'_W Felu) =I§|

Random int o DQPSK =n‘n(uj
Ll
Complaxte X Graph
Random-Integer DOPsSkK Real-lmag
Generator tlodulatar

Baseband

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
= Random-Integer Generator, in the Comm Sources library

- Set M-ary number to 4

- Set Initial seed to any positive integer scalar

- Set Sample time to .01

< DQPSK Modulator Baseband, in the PM sublibrary of the Digital Baseband
sublibrary of Modulation

< Complex to Real-Imag, in the Simulink Math library
= XY Graph, in the Simulink Sinks library
Use the blocks’ default parameters unless otherwise instructed. Connect the

blocks as in the figure. Running the model produces the plot below. The plot
reflects the transitions among the eight DQPSK constellation points.
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This plot illustrates 174-DQPSK modulation, because the default Phase offset
parameter in the DQPSK Modulator Baseband block is pi/4. To see how the
phase offset influences the signal constellation, change the Phase offset
parameter in the DQPSK Modulator Baseband block to pi/8 or another value.
Run the model again and observe how the plot changes.

Rectangular QAM Modulation and Scatter Diagram

The model below uses the M-QAM Modulator Baseband block to modulate
random data. After passing the symbols through a noisy channel, the model
produces a scatter diagram of the noisy data. The diagram suggests what the
underlying signal constellation looks like and shows that the noise distorts the
modulated signal from the constellation.

LI o] o3
[ e
Random int | Rectangular I AN . el vl
LA
Random-Integer Rectangular QA RGN Dizcrete-Time
Generator Madulatar Channel Eve and Scatter

Baseband Ciagrams
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To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
< Random-Integer Generator, in the Comm Sources library

- Set M-ary number to 16

- Set Initial seed to any positive integer scalar

- Set Sample timeto .1

=< Rectangular QAM Modulator Baseband, in the AM sublibrary of the Digital
Baseband sublibrary of Modulation

- Set Normalization method to Peak Power
= AWGN Channel, in the Channels library
- Set Es/No to 20
- Set Symbol period to .1
=« Discrete-Time Eye and Scatter Diagrams, in the Comm Sinks library

Set Trace period to .1

Set Decision point to .07

Set Lower and upper bounds of diagram to [-1.1 1.1]

Set Diagram type to Scatter Diagram

Running the model produces a scatter diagram like the one below. Your plot
might look somewhat different, depending on your Initial seed value in the
Random-Integer Generator block. Because the modulation technique is
16-QAM, the plot shows 16 clusters of points. If there were no noise, then the
plot would show the 16 exact constellation points instead of clusters around the
constellation points.
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Phase Tree for Continuous Phase Modulation

This example plots a phase tree associated with a continuous phase modulation
scheme. A phase tree is a diagram that superimposes many curves, each of
which plots the phase of a modulated signal over time. The distinct curves

result from different inputs to the modulator.

This example uses the CPM Modulator Baseband block for its numerical
computations. The block is configured so that it uses a raised cosine filter pulse
shape. The example also illustrates how you can use Simulink and MATLAB
together. The example uses MATLAB commands to run a series of simulations
with different input signals, to collect the simulation results, and to plot the

full data set.
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The first step of this example is to build the model. To open the completed
model, click here in the MATLAB Help browser. To build the model, gather and
configure these blocks:

< DSP Constant, in the DSP Sources library
- Set Constant value to s (which will be in the MATLAB workspace)
- Check the Frame-based output check box
< CPM Modulator Baseband
- Set M-ary number to 2
- Set Modulation index to 2/3
- Set Frequency pulse shape to Raised Cosine
- Set Pulse length to 2
= To Workspace, in the Simulink Sinks library
- Set Variable name to x
- Set Save format to Array

Do not run the model, since the variable s is not yet defined in the MATLAB
workspace. Instead, save the model to a directory on your MATLAB path, using
the filename doc_phasetree.

The second step of this example is to execute these commands in MATLAB.

% Parameters from the CPM Modulator Baseband block

M_ary_number = 2;

modulation_index = 2/3;

pulse_length = 2;

samples_per_symbol = 8;

opts = simset("SrcWorkspace~®,"Current”, ...
"DstWorkspace®, "Current®);

L = 5; % Symbols to display
pmat = [];
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for ip_sig = 0:(M_ary_number”~L)-1
s = de2bi(ip_sig,L,M_ary number, "left-msb");
% Apply the mapping of the input symbol to the CPM
% symbol 0 -> -(M-1), 1 -> -(M-2), etc.
s = 2*s"+1-M_ary_number;
sim("doc_phasetree®™, .9, opts); % Run model to generate x.
pmat(:,ip_sig+l) = unwrap(angle(x(:))); % Next column of pmat
end;
pmat = pmat/(pi*modulation_index);
t = (O:L*samples_per_symbol-1)"/samples_per_symbol;
plot(t,pmat); figure(gcf); % Plot phase tree.

The resulting plot is below. Each curve represents a different instance of
simulating the CPM Modulator Baseband block with a distinct (constant) input
signal.
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Passband Digital Modulation

The example below uses passband phase shift keying modulation and displays
the spectrum of the modulated signal. The M-PSK Modulator Passband block’s
parameters satisfy necessary requirements for passband simulation because:

= The input signal’'s sampling rate of 10 is less than the carrier frequency of
100.

< The modulated signal’'s sampling rate of 3000 exceeds the sum of twice the
carrier frequency and twice the input sampling rate.

= The input sample time of 1/10 is an integer multiple of the output sample
time of 1/3000, while the modulated signal is not oversampled.

These requirements are mentioned on the reference page for the M-PSK
Modulator Passband block.
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Binary Generator Maodulatar FFT Scope

Faszshand

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
< Bernoulli Random Binary Generator, in the Comm Sources library.

- Set Probability of a zeroto [.5, .5]

- Set Initial seed to any row vector containing 2 positive integers

- Set Sample timeto .1

< M-PSK Modulator Passband, in the PM sublibrary of the Digital Passband
sublibrary of Modulation

Set M-ary number to 4
Set Input type to Bit
Set Symbol period to .1

Set Carrier frequency to 1000

Set Carrier initial phase to pi/Z4
Set Output sample time to 1/3000
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=« Buffer, in the DSP Blockset Buffers sublibrary of the Signal Management
library

- Set Output buffer size to 1024

= Magnitude FFT, in the DSP Blockset Power Spectrum Estimation sublibrary
of the Estimation library

- Check the Inherit FFT length from input dimensions check box
< Mean, in the DSP Blockset Statistics library
- Check the Running mean check box
- Set Reset port to None
= Vector Scope, in the DSP Blockset DSP Sinks library
Set Input domain to Frequency
Check the Axis properties check box

Set Frequency range to [-Fs/2...Fs/2]
- Set Maximum Y-limit to 100

Connect the blocks as in the figure above. Running the model produces the
spectral plot below.
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You might want to vary the modulation technique to see how this plot would
change. For example, you can try replacing the M-PSK Modulator Passband
block with the M-DPSK Modulator Passband or OQPSK Modulator Passband
block.

Selected Bibliography for Digital Modulation
[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.

[2] Jeruchim, Michel C., Philip Balaban, and K. Sam Shanmugan. Simulation
of Communication Systems. New York: Plenum Press, 1992.

[3] Pawula, R. F. "On M-ary DPSK Transmission Over Terrestrial and Satellite
Channels." IEEE Transactions on Communications, vol. COM-32, July 1984.
752-761.

[4] Smith, Joel G. "Odd-Bit Quadrature Amplitude-Shift Keying." IEEE
Transactions on Communications, vol. COM-23, March 1975. 385-389.
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Channels

Communication channels introduce noise, fading, interference, and other
distortions into the signals that they transmit. Simulating a communication
system involves modeling a channel based on mathematical descriptions of the
channel. Different transmission media have different properties and are
modeled differently. In a simulation, the channel model usually fits directly
between the transmitter and receiver, as shown below.

— - Transmitter —®» Channel —® Receiver —p»

Channel Features of the Blockset

This blockset provides several channel models for binary, real, and complex
signals. You can open the Channels library by double-clicking on its icon in the
main Communications Blockset library (commlib), or by typing

commchan?2

at the MATLAB prompt.

This section describes the capabilities of the Channels library’s blocks, by
considering these channels:
< Additive white Gaussian noise (AWGN) channel

= Rayleigh and Rician fading channels that model real-world mobile
communication effects

<« Binary symmetric channel (BSC)

AWGN Channel

An AWGN channel adds white Gaussian noise to the signal that passes
through it. Gaussian noise is discussed on the reference page for the Gaussian
Noise Generator block. The AWGN Channel block can process either
sample-based or frame-based data, and it lets you specify the variance of the
noise in one of four ways:

=« Directly as a mask parameter
= Directly as an input signal
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= Indirectly via a signal-to-noise ratio parameter
= Indirectly via an E;//N, parameter

An example using the AWGN Channel block is in “Getting Started with the
Communications Blockset” on page 1-1.

Fading Channels

The Channels library includes Rayleigh and Rician fading blocks that can
simulate real-world phenomena in mobile communications. These phenomena
include multipath scattering effects in the Rayleigh case, as well as Doppler
shifts that arise from relative motion between the transmitter and receiver.
This section discusses:

= How to categorize the possible paths along which a signal can travel from the
transmitter to the receiver in the situation that you want to model

< How to choose and configure a fading channel block based on the
categorization

= An example that uses fading channels

Categorizing Signal Paths

The figure below depicts the two types of paths between a moving transmitter
and a stationary receiver. The solid line is a direct line-of-sight path, which
might or might not exist in your situation. Each dotted line is a reflected path
that the signal travels when it reflects from one of the shaded shapes. The
shaded shapes represent obstacles such as buildings or trees.

Receiver

Transmitter

The situation in the figure is just an example. In general, you should analyze
your system by considering these questions:
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= Are there any reflected paths along which a signal can travel from
transmitter to receiver? If so, how many?

= |Is there a direct path from transmitter to receiver?
= What is the relative motion between the transmitter and receiver?

The first two questions will help you choose which fading channel block(s) to
use in your simulation, while the third question will help you choose
appropriate parameters for the blocks.

Choosing and Configuring a Fading Channel Block

Once you categorize the types of signal paths in the situation you want to
model, use the table below to determine the appropriate block (or blocks) for
your simulation.

Table 2-5: Choosing a Fading Channel Block Based on Signal Paths

Signal Path(s) Channel Block

Direct line-of-sight path from transmitter to  Rician Fading Channel
receiver

One or more reflected paths from Multipath Rayleigh Fading
transmitter to receiver Channel

If a signal can use more than one reflected path, then a single instance of the
Multipath Rayleigh Fading Channel block can model all of them
simultaneously. The number of paths that the block uses is the length of either
the Delay vector or the Gain vector parameter, whichever length is larger. (If
both of these parameters are vectors, then they must have the same length; if
exactly one of these parameters is a scalar, then the block expands it into a
vector whose size matches that of the other vector parameter.)

The relative motion between the transmitter and receiver influences the values
of the blocks’ parameters. For more details, see their reference pages, as well
as the works listed in “Selected Bibliography for Channels” on page 2-89 if
necessary.

Example: Using Fading Channels

The reference page for the Multipath Rayleigh Fading Channel block includes
an example that illustrates the channel’s effect on a constant signal.
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Another example is the model below, which uses both the Multipath Rayleigh
Fading Channel and the Rician Fading Channel blocks in parallel. This
combination of blocks simulates a mobile communication link in which the
transmitted signal can travel to the receiver along a direct path as well as along
three indirect paths. (The number of indirect paths is three because the
Multipath Rayleigh Fading Channel block’s Gain vector parameter is a vector
of length three. Although the Delay vector parameter is a scalar, its value is
applied to each of the three paths.)

T g A

Rician
Fading s h

L J

v
o
r

Fones10000,17 simaut

DEP To Woksp ace

Rician Fading
Constant

Channel

i h il
M ultipath
Rayleigh Fading

Multipath Ravleigh
Fading Channel

To open the completed model, click here in the MATLAB Help browser. To
build the model, gather and configure these blocks:
= DSP Constant, in the DSP Blockset DSP Sources library
- Set Constant value to j*ones(10000,1)
- Check the Frame-based output check box
- Set Frame period to .01
= Rician Fading Channel, with default parameter values
< Multipath Rayleigh Fading Channel
- Set Delay vector to [0 2e-6 3e-6]
- Set Gain vector to [0 -3 1]
< Sum, in the Simulink Math library
= To Workspace, in the Simulink Sinks directory
- Set Save format to Array

Connect the blocks as shown above. Also, from the model window’s Simulation
menu, choose Simulation parameters; then in the Simulation Parameters
dialog box, set Stop time to0 0.6.
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Tip To reduce execution time by logging less data to the workspace, set the
Decimation parameter in the To Workspace block to 100. Then the variable
simout will contain fewer entries, but its graph will look similar.

Run the model. After the simulation stops, plot the faded signal’s power (versus
sample number) by executing this command at the MATLAB prompt.

simout = simout.”; plot(20*logl0(abs(simout(:))))

The resulting figure is below.
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Binary Symmetric Channel

Binary error channels process binary signals by adding noise modulo 2. This
library contains the Binary Symmetric Channel block, which either preserves
or perturbs each vector element independently. It requires a probability that
applies independently to each noise element. An example using the Binary
Symmetric Channel block is in the section “Example: A Rate 2/3 Feedforward
Convolutional Encoder” on page 2-42.
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Selected Bibliography for Channels

[1] Fechtel, Stefan A. “A Novel Approach to Modeling and Efficient Simulation
of Frequency-Selective Fading Radio Channels.” IEEE Journal on Selected
Areas in Communications, vol. 11, April 1993. 422-431.

[2] Jakes, William C., ed. Microwave Mobile Communications. New York: IEEE
Press, 1974.

[3] Lee, William C. Y. Mobile Communications Design Fundamentals, 2nd ed.
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Synchronization

In order to interpret information correctly, a communication receiver must be
synchronized with the corresponding transmitter. A phase-locked loop, or PLL,
can help accomplish this synchronization when used in conjunction with other
components. A PLL is an automatic control system that adjusts the phase of a
local signal to match the phase of the received signal. The PLL design works
best for narrowband signals.

Synchronization Features of the Blockset

This blockset contains four phase-locked loop blocks in its Synchronization
library. You can open the Synchronization library by double-clicking on its icon
in the main Communications Blockset library (comml ib), or by typing

commsync2
at the MATLAB prompt.
The table below indicates which block in the Synchronization library

implements each supported type of PLL.

Table 2-6: Supported PLLs in Synchronization Library

Type of PLL Block

Analog passband PLL Phase-Locked Loop
Analog baseband PLL Baseband PLL
Linearized analog baseband PLL Linearized Baseband PLL

Digital PLL using a charge pump Charge Pump PLL

This section discusses these topics:

= “Overview of PLL Simulation” on page 2-91
= “Implementing an Analog Baseband PLL” on page 2-91
= “Implementing a Digital PLL" on page 2-92

For details about phase-locked loops, see the works listed in “Selected
Bibliography for Synchronization” on page 2-92.
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Overview of PLL Simulation

A simple PLL consists of a phase detector, a loop filter, and a voltage-controlled
oscillator (VCO). For example, the figure below shows how these components
are arranged for an analog passband PLL. In this case, the phase detector is
just a multiplier. The signal e(t) is often called the error signal.

ﬂ»( : >—>e(t) Filter
dbso yeoe

Different PLLs use different phase detectors, filters, and VCO characteristics.
Some of these attributes are built into the PLL blocks in this blockset, while
others depend on parameters that you set in the block mask:

= You specify the filter's transfer function in the block mask using the
Lowpass filter numerator and Lowpass filter denominator parameters.
Each of these parameters is a vector that lists the coefficients of the
respective polynomial in order of descending exponents of the variable s. To
design a filter, you can use functions such as butter, chebyl, and cheby?2 in
the Signal Processing Toolbox.

= You specify the key VCO characteristics in the block mask. All four PLL
blocks use a VCO input sensitivity parameter. Some blocks also use VCO
quiescent frequency, VCO initial phase, and VCO output amplitude
parameters.

= The phase detector for each of the PLL blocks is a feature that you cannot
change from the block mask.

Implementing an Analog Baseband PLL

Unlike passband models for a phase-locked loop, a baseband model does not
depend on a carrier frequency. This allows you to use a lower sampling rate in
the simulation. These two blocks implement analog baseband PLLs:

« Baseband PLL
=« |inearized Baseband PLL
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The linearized model and the nonlinearized model differ in that the linearized
model uses the approximation

sin(A6(t)) DAB(t)

to simplify the computations. This approximation is close when AB(t) is near

zero. Thus, instead of using the input signal and the VCO output signal
directly, the linearized PLL model uses only their phases.

Implementing a Digital PLL

The charge pump PLL is a classical digital PLL. Unlike the analog PLLs
mentioned above, the charge pump PLL uses a sequential logic phase detector,
which is also known as a digital phase detector or a phase/frequency detector.

Selected Bibliography for Synchronization
[1] Gardner, F. M. “Charge-pump Phase-lock Loops.” IEEE Trans. on
Communications, vol. 28, November 1980. 1849-1858.

[2] Gardner, F. M. “Phase Accuracy of Charge Pump PLLs.” IEEE Trans. on
Communications, vol. 30, October 1982. 2362-2363.

[3] Gupta, S. C. “Phase Locked Loops.” Proceedings of the IEEE, vol. 63.
February 1975. 291-306.

[4] Lindsay, W. C. and C. M. Chie. “A Survey on Digital Phase-Locked Loops.”
Proceedings of the IEEE, vol. 69, April 1981. 410-431.

[5] Meyr, Heinrich and Ascheid, Gerd. Synchronization in Digital
Communications, vol. 1. New York: John Wiley & Sons, 1990.
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Alphabetical List of Functions

comm_liNKS ...
commlib .. e
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comm_links

Purpose

Syntax

Description

See Also

Display library link information for Communications Blockset blocks

comm_links
comm_links(sys)
comm_links(sys,mode)

comm_links displays library link information for blocks in the current model
that are linked to the Communications Blockset. For each block in the current
model, comm_links replaces the block name with the full pathname to the
block’s library link in the Communications Blockset. Blocks linked to the
current Communications Blockset libraries are highlighted in blue. Blocks
linked to older versions of the Simulink portion of the Communications Toolbox
are highlighted in red. Blocks at all levels of the model are analyzed.

A summary report indicating the number of blocks linked to each blockset
version is also displayed in the MATLAB command window. The highlighting
and link display are disabled when the model is executed or saved, or when
comm_links is executed a second time from the MATLAB command line.

comm_links(sys) toggles the display of block links in system sys. If sys is the
current model (gcs), this is the same as the earlier comm_Iinks syntax.

comm_links(sys,mode) directly sets the link display state, where mode can be
‘on', 'off', or 'toggle'. The default is 'toggle'.

liblinks (DSP Blockset)
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commlib

Purpose

Syntax

Description

See Also

3-4

Open the main Communications Blockset library

commlib
commlib(n)
commlib n

commlib opens the current version of the main Communications Blockset
library.

commlib(n) opens version number n of the main Communications Blockset
library, where n can be either 1.3, 1.5, or 2.0. Version 2.0 refers to the Release
12 Communications Blockset. Version 1.5 refers to the Simulink portion of the
Communications Toolbox 1.5 (Release 11.1). Version 1.3 refers to the Simulink
portion of the Communications Toolbox 1.3 (Release 10).

commlib n is the same as commlib(n).

simulink3 (Simulink), dsplib (DSP Blockset)
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This chapter contains detailed descriptions of all Communications Blockset
blocks. It first shows the libraries and lists their contents, and then presents
the block reference entries in alphabetical order. More detailed discussions of
the core libraries’ capabilities are in the previous chapter.

Below is the Communications Blockset. You can open it by typing commlib at
the MATLAB prompt. Each yellow icon in this window represents a library. In
Simulink, double-clicking on a library icon opens the library. In this document,
clicking on one of the yellow icons below jumps to an overview of that library.

E!Library: commlibw2 =] 3
FEile Edit ¥iew Format Help
19101401
~IAl |l et
e 0 t=mG
4 PR Lot
Comm Comm Source Channel
Sources Sinks Coding Coding
0 3 P P
1 2 x mfx =
2%0 TR o %
3 1
Interleaving Maodulation Channels  Synchronization
151
2§;1 1014 5
Iﬂ sz Demos
482 dB < lin
5\1 3
Basic Comm Liility
Functions Functions
Communications Blockset Library 2.0
Copyright () 1996-2000 The Mathiniods, Ine.

To access an older version of the library (for example, if you are modifying one
of your legacy models), then you should use one of these alternative syntaxes
of the commlib command.

commlib 1.3 % To open version 1.3
commlib 1.5 % To open version 1.5
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Communications Sources

Every communication system contains one or more sources. You can open the
Comm Sources library by double-clicking on its icon in the main
Communications Blockset library (commlib), or by typing commsource?2 at the
MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.

ElLibrary: commsource? =] E3
File Edit ¥iew Formzai Help
B . -
£ hdiile Unifarm Random int
Triggered Read Uniform Moize Random-Intager
from File Generator Generator
Discrete-Time 4“"% i —
weo aussian
Dizcrete-Time aussian Noise Poisson Int
weo Generator Generator
Jart S VLT
wCo Rayleigh B-wector
Waoltage-Controlled Rayleigh Noize Binany Wector
Oseillator Generator Noise Generator
FH Sequence Rician Bermnoulli bin
Generator
FH Sequence Rician Noize Bernoulli Random
Generatar Generatar Binary Generator

The table below lists and describes the blocks in the Comm Sources library. For
information about a specific block, see the reference pages that follow; for a

4-3



4 Block Reference

discussion of this library’s capabilities, see “Communications Sources” on page

2-6.
Block Name Purpose
Bernoulli Random Binary Generate Bernoulli-distributed random
Generator binary numbers

Binary Vector Noise Generator = Generate a binary vector while
controlling the number of 1s

Discrete-Time VCO Implement a voltage-controlled
oscillator in discrete time

Gaussian Noise Generator Generate Gaussian distributed noise
with given mean and variance values

PN Sequence Generator Generate pseudonoise sequence

Poisson Int Generator Generate Poisson-distributed random
integers

Random-Integer Generator Generate integers randomly distributed
in the range [0, M-1]

Rayleigh Noise Generator Generate Rayleigh distributed noise

Rician Noise Generator Generate Rician distributed noise

Triggered Read From File Read from a file, refreshing the output

at rising edges of an input signal

Uniform Noise Generator Generate uniformly distributed noise
between the upper and lower bounds

Voltage-Controlled Oscillator Implement a voltage-controlled
oscillator
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Communications Sinks

The Comm Sinks library provides sinks and display devices that facilitate
analysis of communication system performance. You can open the Comm Sinks
library by double-clicking on its icon in the main Communications Blockset
library (commlib), or by typing commsink2 at the MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.

ElLibrary: commsink? =] 3
File Edit ¥iew Formzai Help

L : 5
& Wtfile

Triggered Wirite ContinuousTime
to File Eve and Scatter
Diagrams

T Errar Rate
Caleulation
R

Error Rate Calculation Dizcrete-Time
Eye and Scatter
Diagrams

The table below lists and describes the blocks in the Comm Sinks library. For
information about a specific block, see the reference pages that follow; for a
discussion of this library’s capabilities, see “Communications Sinks” on page

2-12.
Block Name Purpose
Error Rate Calculation Compute the bit error rate or symbol error

rate of input data

Continuous-Time Eye and  Produce eye diagram, scatter, or x-y plots,
Scatter Diagrams using trigger to set decision timing
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Block Name (Continued)

Purpose (Continued)

Discrete-Time Eye and
Scatter Diagrams

Triggered Write to File

Produce an eye diagram and/or scatter
diagram

Write to a file at each rising edge of an input
signal




Source Coding

Source Coding

This blockset supports companders, scalar quantization and predictive
quantization. You can open the Source Coding library by double-clicking on its
icon in the main Communications Blockset library (commlib), or by typing

commsrccod?2 at the MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on

its icon below.

E!Library: commsrccod?

IS[=] E3

File Edit ¥iew Formzai Help
Scalar Quantizer
quantizer decode
Sampled Quantizer

Quantizer Encode Decode
Quantizer

Enabled

Quantizer Encode
CPCMW CPCMW
encoder decoder
CPCMW CPCMW
Encoder Decader
mu-law mu-law
compressor expander
hu-Law hu-Law
Compressor Expander
Aelaw Aelaw
compressor expander
A-Law A-Law
Compressor Expander
Differential Differential
encoder decoder

Differential Encoder

Differential Decoder
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The table below lists and describes the blocks in the Source Coding library. For
information about a specific block, see the reference pages that follow; for a

4-8

discussion of this library’s capabilities, see “Source Coding” on page 2-16.

Block Name

Purpose

A-Law Compressor

A-Law Expander

Differential Decoder

Differential Encoder

DPCM Decoder
DPCM Encoder

Mu-Law Compressor

Mu-Law Expander

Quantizer Decode

Sampled Quantizer Encode

Enabled Quantizer Encode

Implement A-law compressor for source
coding

Implement A-law expander for source
coding

Decode a binary signal using differential
coding technique.

Encode a binary signal using differential
coding technique.

Decode differential pulse code modulation

Encode using differential pulse code
modulation

Implement m-law compressor for source
coding

Implement m-law expander for source
coding

Decode quantization index according to
codebook

Quantize a signal, indicating quantization
index, coded signal, and distortion

Quantize a signal, using trigger to control
processing
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Channel Coding

The Channel Coding library contains two sublibraries:

< Block, which contains blocks that implement the encoding and decoding of
linear, cyclic, BCH, Hamming, and Reed-Solomon codes

= Convolutional, which contains blocks that implement convolutional encoding
and decoding

The main Channel Coding library appears below. You can open it by
double-clicking on its icon in the main Communications Blockset library
(comml ib), or by typing commfeccod2 at the MATLAB prompt. Each icon in the
Channel Coding window represents a sublibrary. In Simulink, double-clicking
on one of these icons opens the sublibrary. In this document, clicking on one of
the icons below jumps to an overview of that sublibrary.

ElLibrary: commfeccod? =] E3
File Edit ¥iew Formzai Help

Communications Blockset 2.0
Channel Coding Library

Block Convolutional

Block Coding

You can open the Block sublibrary by double-clicking on the Block icon in the
main Channel Coding library, or by typing conmblkcod2 at the MATLAB
prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.
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ZlLibrary: commblkcod? =] E3
File Edit ¥iew Formzai Help
Linear Codes BCH Codes
B B= = = B =
Linear en Linear de BCH en BCH de
Binany Binany BCH Encoder BCH Decoder
Linear Encoder Linear Decoder
Cyclic Codes
Cyelic en Coyelic de
Reed-Solomon Codes
Binany Binany
Cyelic Encoder Cyelic Decoder B E =]
Int RS en Int RS de
. Integerinput Integer-Output
Hamming Codes RS Encoder RS Decoder
= B = = B =
Hamming &n Hamming de B-RS &n B-RS de

Hamming Encoder  Hamming Decoder

Binan-Input
RS Encoder

Binan-Output
RS Decoder

The table below lists and describes the blocks in the Block sublibrary of the
Channel Coding library. For information about a specific block, see the
reference pages that follow; for a discussion of this library’s capabilities, see

“Block Coding” on page 2-27.

Block Name

Purpose

BCH Decoder

BCH Encoder

Binary Cyclic Decoder

Binary Cyclic Encoder

Decode a BCH code to recover binary
vector data

Create a BCH code from binary vector
data

Decode a systematic cyclic code to
recover binary vector data

Create a systematic cyclic code from
binary vector data
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Block Name (Continued)

Purpose (Continued)

Binary-Output RS Decoder

Binary-Input RS Encoder

Binary Linear Decoder

Binary Linear Encoder

Hamming Decoder

Hamming Encoder

Integer-Output RS Decoder

Integer-Input RS Encoder

Decode a Reed-Solomon code to
recover binary vector data

Create a Reed-Solomon code from
binary vector data

Decode a linear block code to recover
binary vector data

Create a linear block code from binary
vector data

Decode a Hamming code to recover
binary vector data

Create a Hamming code from binary
vector data

Decode a Reed-Solomon code to
recover integer vector data

Create a Reed-Solomon code from
integer vector data

Convolutional Coding

You can open the Convolutional sublibrary by double-clicking on the
Convolutional icon in the main Channel Coding library, or by typing
commcnvcod?2 at the MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on

its icon below.
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E!Library: commcnvcod?
File Edit ¥iew Formzai Help

Conwvolutional
Encoder

IS[=] E3
Liw) Liw)
APP Decoder
Lie) Lie)

Conwvolutional Viterbi Decoder APP Decoder

Encoder

The table below lists and describes the blocks in the Convolutional sublibrary
of the Channel Coding library. For information about a specific block, see the
reference pages that follow; for a discussion of this library’s capabilities, see
“Convolutional Coding” on page 2-40.

Block Name

Purpose

APP Decoder

Convolutional Encoder

Viterbi Decoder

Decode a convolutional code using the a
posteriori probability (APP) method

Create a convolutional code from binary data

Decode convolutionally encoded data using the
Viterbi algorithm




Interleaving

Interleaving
The Interleaving library contains two sublibraries:

« Block
« Convolutional

The main Interleaving library appears below. You can open it by
double-clicking on its icon in the main Communications Blockset library
(comml ib), or by typing comminterleave2 at the MATLAB prompt. Each iconin
the Interleaving window represents a sublibrary. In Simulink, double-clicking
on one of these icons opens the sublibrary. In this document, clicking on one of
the icons below jumps to an overview of that sublibrary.

ElLibrary: comminterleave? [MEE

File Edit ¥iew Formzai Help

Communications Blockset 2.0
Interleaving Library

Block Convolutional

Block Interleaving

You can open the Block sublibrary by double-clicking on the Block icon in the
main Interleaving library, or by typing commblkintriv2 at the MATLAB
prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.
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ZlLibrary: commblkintrlv2 [H[=] B3
File Edit ¥iew Formzai Help
General General
Block Block
Interleaver Deinterleaver
General Blodk General Blodk
Interleaver Deinterleaver
M atriz M atriz
Interleaver Deinterleaver
M atriz M atriz
Interleaver Deinterleaver
M atriz M atriz
Helical Secan Helical Secan
Interleaver Deinterleaver
M atriz M atriz
Helical Secan Helical Secan
Interleaver Deinterleaver
Algebraic Algebraic
Interleaver Deinterleaver
Algebraic Algebraic
Interleaver Deinterleaver
Random Random
Interleaver Deinterleaver
Random Random
Interleaver Deinterleaver

The table below lists and describes the blocks in the Block sublibrary of the
Interleaving library. For information about a specific block, see the reference
pages that follow; for a discussion of this library’'s capabilities, see “Block
Interleavers” on page 2-46.

Block Name Purpose

Algebraic Deinterleaver Restore ordering of the input symbols
using algebraically derived
permutation

Algebraic Interleaver Reorder the input symbols using
algebraically derived permutation
table

4-14



Interleaving

Block Name (Continued)

Purpose (Continued)

General Block Deinterleaver

General Block Interleaver

Matrix Deinterleaver

Matrix Helical Scan
Deinterleaver
Matrix Helical Scan Interleaver

Matrix Interleaver

Random Deinterleaver

Random Interleaver

Restore ordering of the symbols in the
input vector

Reorder the symbols in the input
vector

Permute input symbols by filling a
matrix by columns and emptying it by
rows

Restore ordering of input symbols by
filling a matrix along diagonals

Permute input symbols by selecting
matrix elements along diagonals

Permute input symbols by filling a
matrix by rows and emptying it by
columns

Restore ordering of the input symbols
using a random permutation

Reorder the input symbols using a
random permutation

Convolutional Interleaving

You can open the Convolutional sublibrary by double-clicking on the
Convolutional icon in the main Interleaving library, or by typing
commcnvintrlv2 at the MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on

its icon below.
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ElLibrary: commenvintrihve =] E3
File Edit ¥iew Formzai Help

General General
Multiplexed Multiplexed
Interleaver Deinterleaver

General General
Multiplexed Multiplexed
Interleaver Deinterleaver

Conwvolutional Conwvolutional
Interleaver Deinterleaver

Conwvolutional Conwvolutional
Interleaver Deinterleaver

Helical Helical
Interleaver Deinterleaver

Helical Helical
Interleaver Deinterleaver

The table below lists and describes the blocks in the Convolutional sublibrary
of the Interleaving library. For information about a specific block, see the
reference pages that follow; for a discussion of this library’s capabilities, see
“Convolutional Interleavers” on page 2-47.

Block Name Purpose

Convolutional Deinterleaver Restore ordering of symbols that were
permuted using shift registers

Convolutional Interleaver Permute input symbols using a set of
shift registers

General Multiplexed Restore ordering of symbols using
Deinterleaver specified-delay shift registers

General Multiplexed Interleaver Permute input symbols using a set of
shift registers with specified delays
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Block Name (Continued) Purpose (Continued)

Helical Deinterleaver Restore ordering of symbols permuted
by a helical interleaver

Helical Interleaver Permute input symbols using a helical
array
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Modulation

The Modulation library contains four sublibraries, each of which addresses a
category of modulation:

=« Digital Baseband Modulation

= Analog Baseband Modulation

< Digital Passband Modulation

=< Analog Passband Modulation

The main Modulation library appears below. You can open it by double-clicking
on its icon in the main Communications Blockset library (commlib), or by
typing commmod?2 at the MATLAB prompt. Each icon in the Modulation window
represents a sublibrary. In Simulink, double-clicking on one of these icons

opens the sublibrary. In this document, clicking on one of the icons below jumps
to an overview of that sublibrary.

ElLibrary: commmod? =] 3

File Edit ¥iew Formzi Help

Communications Blockset 2.0
Modulation Library

Digital Digital
Baseband Passband

Analog Analog
Baseband Passband

The first column shows the sublibraries for baseband simulation; the second
column shows the sublibraries for passband simulation. The first row shows
the sublibraries for digital modulation and demodulation. The second row
shows the sublibraries for analog modulation and demodulation.

Digital Baseband Modulation

You can open the Digital Baseband sublibrary of Modulation by double-clicking
on the Digital Baseband icon in the main Modulation library, or by typing



Modulation

commdigbbnd2 at the MATLAB prompt. clicking on one of the icons below jumps
to an overview of that sublibrary.

ZlLibrary: commdigbbnd? =] E3
File Edit ¥iew Formzai Help

Communications Blockset 2.0
Digital Baseband Modulation Library

AM PM FM CPM
(PAM, QAM) (PEK, DPSK) (FSK) (MSK, GMSK)

Digital Baseband is further divided into sublibraries according to specific
modulation techniques:

< Amplitude modulation (PAM, QAM)

< Phase modulation (PSK, DPSK)

= Frequency modulation (FSK)

= Continuous phase modulation (MSK, GMSK)

The figures and tables below show and list the blocks in the method-specific
sublibraries. For information about a specific block, see the reference pages

that follow; for a discussion of digital baseband modulation capabilities, see
“Digital Modulation” on page 2-64.
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AM Sublibrary

ZlLibrary: commdigbbndam? M=l E3

File Edit ¥iew Formzai Help
hd-P A hd-P A
hd-P A hd-P A
Modulatar Demodulator
Baseband Baseband
Rectangular Rectangular
QAM QAM

Rect, lar QAWM Rect, lar QAWM
Modulatar Demodulator
Baseband Baseband
General General
QAM QAM

General QAM General QAM
Modulatar Demodulator
Baseband Baseband

Block Name

Purpose

General QAM Demodulator
Baseband

General QAM Modulator
Baseband

M-PAM Demodulator Baseband
M-PAM Modulator Baseband

Rectangular QAM Demodulator
Baseband

Rectangular QAM Modulator
Baseband

Demodulate QAM-modulated data

Modulate using quadrature amplitude
modulation

Demodulate PAM-modulated data

Modulate using M-ary pulse amplitude
modulation

Demodulate QAM-modulated data

Modulate using M-ary quadrature
amplitude modulation




Modulation

PM Sublibrary

iZ]Library: commdigbbndpm?2 =] 3

File Edit ¥iew Formzai Help
M-PSkK M-PSkK M-DF Sk M-DF Sk
M-PSkK M-FSk M-DF Sk M-DF Sk
Modulatar Demodulator Modulatar Demodulator
Baseband Baseband Baseband Baseband
BPSK BPSK DBPSK DBPSK
BPSK BPSK DBPSK DBPSK
Modulatar Demodulator Modulatar Demodulator
Baseband Baseband Baseband Baseband
QPSK QPSK DQPSK DQPSK
QPSK QPSK DOPSK DQPSK
Modulatar Demodulator Modulatar Demodulator
Baseband Baseband Baseband Baseband
OQPsK OQPsK
OQPsK OQPsK
Modulatar Demodulator
Baseband Baseband

Block Name Purpose

BPSK Demodulator Baseband

BPSK Modulator Baseband

DBPSK Demodulator Baseband

DBPSK Modulator Baseband

DQPSK Demodulator Baseband

DQPSK Modulator Baseband

Demodulate BPSK-modulated data

Modulate using the binary phase shift
keying method

Demodulate DBPSK-modulated data

Modulate using the differential binary
phase shift keying method

Demodulate DQPSK-modulated data

Modulate using the differential
guaternary phase shift keying method
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Block Name (Continued)

Purpose (Continued)

M-DPSK Demodulator
Baseband

M-DPSK Modulator Baseband

M-PSK Demodulator Baseband
M-PSK Modulator Baseband

OQPSK Demodulator Baseband
OQPSK Modulator Baseband

QPSK Demodulator Baseband
QPSK Modulator Baseband

Demodulate DPSK-modulated data

Modulate using the M-ary differential
phase shift keying method

Demodulate PSK-modulated data

Modulate using the M-ary phase shift
keying method

Demodulate OQPSK-modulated data

Modulate using the offset quadrature
phase shift keying method

Demodulate QPSK-modulated data

Modulate using the quaternary phase
shift keying method

FM Sublibrary

ZlLibrary: commdigbbndfm?2 =] 3

File Edit ¥iew Formzai Help

w0 [aean

hi-F Sk hi-F Sk

M-FSK hd-F Sk
Modulatar Demodulator
Baseband Baseband

Block Name

Purpose

M-FSK Demodulator Baseband
M-FSK Modulator Baseband

Demodulate FSK-modulated data

Modulate using the M-ary frequency
shift keying method
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CPM Sublibrary

ZlLibrary: commdigbbndcpm?2 =] 3

File Edit ¥iew Formzai Help
CPM CPM
CPM CPM
Modulatar Demodulator
Baseband Baseband
GMEK GMEK
GMEK GMEK
Modulatar Demodulator
Baseband Baseband
MSK MSK
MSK MSK
Modulatar Demodulator
Baseband Baseband
CPFSK CPFSK
CPFSK Modulater CPFSK Demodulatar
Baseband Baseband

Block Name

Purpose

CPFSK Demodulator Baseband
CPFSK Modulator Baseband

CPM Demodulator Baseband
CPM Modulator Baseband

GMSK Demodulator Baseband

Demodulate CPFSK-modulated data

Modulate using the continuous phase
frequency shift keying method

Demodulate CPM-modulated data

Modulate using continuous phase
modulation

Demodulate GMSK-modulated data
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Block Name (Continued) Purpose (Continued)

GMSK Modulator Baseband Modulate using the Gaussian
minimum shift keying method

MSK Demodulator Baseband Demodulate MSK-modulated data

MSK Modulator Baseband Modulate using the minimum shift

keying method

Analog Baseband Modulation

You can open the Analog Baseband sublibrary of Modulation by double-clicking
on the Analog Baseband icon in the main Modulation library, or by typing
commanabbnd2 at the MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.




Modulation

IZlLibrary: commanabbnd? =] E3
File Edit ¥iew Formzai Help
e AR A
DESBSC AM DESBSC AM
DESBSC AM DESBSC AM
Modulatar Demodulator
Baseband Baseband
e AR A
Frd Frd
Frd Frd
Modulatar Demodulator
Baseband Baseband
e AR A
Fhd Fhd
Fhd Fhd
Modulatar Demodulator
Baseband Baseband
e AR A
S5B AM S5B AM
S5B AM S5B AM
Modulatar Demodulator
Baseband Baseband
0SB AM 0SB AM
0SB AM 0SB AM
tadulatar Demodulator
Baseband Baseband

The table below lists and describes the blocks in the Analog Baseband
sublibrary of the Modulation library. For information about a specific block, see
the reference pages that follow; for a discussion of this library’s capabilities, see
“Analog Modulation” on page 2-53.

Block Name

Purpose

DSB AM Demodulator
Baseband

DSB AM Modulator
Baseband

DSBSC AM Demodulator
Baseband

Demodulate DSB-AM-modulated data

Modulate using double-sideband
amplitude modulation

Demodulate DSBSC-AM-modulated data
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Block Name (Continued) Purpose (Continued)

DSBSC AM Modulator Modulate using double-sideband
Baseband suppressed-carrier amplitude modulation
FM Demodulator Baseband Demodulate FM-modulated data

FM Modulator Baseband Modulate using frequency modulation
PM Demodulator Baseband Demodulate PM-modulated data

PM Modulator Baseband Modulate using phase modulation
SSB AM Demodulator Demodulate SSB-AM-modulated data
Baseband

SSB AM Modulator Modulate using single-sideband
Baseband amplitude modulation

Digital Passband Modulation

You can open the Digital Passband sublibrary of Modulation by double-clicking
on the Digital Passband icon in the main Modulation library, or by typing
commdigpbnd2 at the MATLAB prompt. clicking on one of the icons below jumps
to an overview of that sublibrary.

ElLibrary: commdigpbnd? =] E3
File Edit ¥iew Formzai Help

Communications Blockset 2.0
Digital Passhand Modulation Library

AM PM FM CPM
(PAM, QAM) (PEK, DPSK) (FSK) (MSK, GMSK)

Digital Passband is further divided into sublibraries according to specific
modulation techniques:

= Amplitude modulation (PAM, QAM)
< Phase modulation (PSK, DPSK)
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= Frequency modulation (FSK)

=« Continuous phase modulation (MSK, GMSK)

The figures and tables below show and list the blocks in the method-specific
sublibraries. For information about a specific block, see the reference pages

that follow.

AM Sublibrary

ZlLibrary: commdigpbndam? M=l B3

File Edit ¥iew Formzai Help
hd-P A hd-P A
hd-P A hd-P A
Modulatar Demodulator
Passband Passband
Rectangular Rectangular

QAM QAM
Rectangular QAM Rectangular QAM
Modulatar Demodulator
Passband Passband
General General
QAM QAM
General QAM General QAM
Modulatar Demodulator
Passband Passband

Block Name

Purpose

General QAM Demodulator
Passband

General QAM Modulator
Passband

M-PAM Demodulator Passband
M-PAM Modulator Passband

Demodulate QAM-modulated data

Modulate using the pulse amplitude
modulation phase shift keying method

Demodulate PAM-modulated data

Modulate using M-ary pulse amplitude
modulation
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Block Name (Continued)

Purpose (Continued)

Rectangular QAM Demodulator
Passband

Rectangular QAM Modulator
Passband

Demodulate QAM-modulated data

Modulate using M-ary quadrature
amplitude modulation

PM Sublibrary

ElLibrary: commdigpbndpm? M=l E3

File Edit ¥iew Formzai Help

M-PSkK M-PSkK
M-PSkK M-PSkK
Modulatar Demodulator
Passband Passband
OQPsK OQPsK
OQPsK OQPsK

Modulatar Demodulator
Passband Passband

Lt | [anaaL

h-DF Sk h-DF Sk

M-DF Sk M-DF Sk
Modulatar Demodulator
Passband Passband

Block Name

Purpose

M-DPSK Demodulator Passband
M-DPSK Modulator Passband

M-PSK Demodulator Passband
M-PSK Modulator Passband

Demodulate DPSK-modulated data

Modulate using the M-ary differential
phase shift keying method

Demodulate PSK-modulated data

Modulate using the M-ary phase shift
keying method




Modulation

Block Name (Continued)

Purpose (Continued)

OQPSK Demodulator Passband
OQPSK Modulator Passband

Demodulate OQPSK-modulated data

Modulate using the offset quadrature
phase shift keying method

FM Sublibrary

ZlLibrary: commdigpbndfm?2 =] 3
File Edit ¥iew Formzai Help

AL
h-F 5k h-F 5k
h-F 5k h-F 5k

Modulatar Demodulator
Passband Passband

Block Name

Purpose

M-FSK Demodulator Passband

M-FSK Modulator Passband

Modulate using the M-ary frequency
shift keying method

Modulate using the M-ary frequency
shift keying method
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CPM Sublibrary

ZlLibrary: commdigpbndcpm?2 =] 3

File Edit ¥iew Formzai Help
CPM CPM
CPM CPM

Modulatar Demodulator
Passband Passband
GMEK GMEK
GMEK GMEK
Modulatar Demodulator
Passband Passband
MSK MSK
MSK MSK
Modulatar Demodulator
Passband Passband
CPFSK CPFSK
CPFSK CPFSK
Modulatar Demodulator
Passband Passband

Block Name

Purpose

CPFSK Demodulator Passband
CPFSK Modulator Passband

CPM Demodulator Passband
CPM Modulator Passband

GMSK Demodulator Passband
GMSK Modulator Passband

Demodulate CPFSK-modulated data

Modulate using the continuous phase
frequency shift keying method

Demodulate CPM-modulated data

Modulate using continuous phase
modulation

Demodulate GMSK-modulated data

Modulate using the Gaussian
minimum shift keying method




Modulation

Block Name (Continued) Purpose (Continued)
MSK Demodulator Passband Demodulate MSK-modulated data
MSK Modulator Passband Modulate using the minimum shift

keying method

Analog Passband Modulation

You can open the Analog Passband sublibrary of Modulation by double-clicking
on the Analog Passband icon in the main Modulation library, or by typing
commanapbnd2 at the MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.
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IZlLibrary: commanapbnd? =] 3
File Edit ¥iew Formzai Help
e AR A
DESBSC AM DESBSC AM
DESBSC AM DESBSC AM
Modulatar Demodulator
Passband Passband
g Y LU g
Frd Frd
Frd Frd
Modulatar Demodulator
Passband Passband
e AR A
Fhd Fhd
Fhd Fhd
Modulatar Demodulator
Passband Passband
e AR A
S5B AM S5B AM
S5B AM S5B AM
Modulatar Demodulator
Passband Passband
0SB AM 0SB AM
0SB AM 0SB AM
Modulatar Demodulator
Passband Passband

The table below lists and describes the blocks in the Analog Passband
sublibrary of the Modulation library. For information about a specific block, see
the reference pages that follow; for a discussion of this library’s capabilities, see
“Analog Modulation” on page 2-53.

Block Name

Purpose

DSB AM Demodulator
Passband

DSB AM Modulator
Passband

DSBSC AM Demodulator
Passband

Demodulate DSB-AM-modulated data

Modulate using double-sideband amplitude
modulation

Demodulate DSBSC-AM-modulated data




Modulation

Block Name (Continued)

Purpose (Continued)

DSBSC AM Modulator
Passband

FM Demodulator Passband
FM Modulator Passband
PM Demodulator Passband
PM Modulator Passband

SSB AM Demodulator
Passband

SSB AM Modulator
Passband

Modulate using double-sideband
suppressed-carrier amplitude modulation

Demodulate FM-modulated data
Modulate using frequency modulation
Demodulate PM-modulated data
Modulate using phase modulation

Demodulate SSB-AM-modulated data

Modulate using single-sideband amplitude
modulation
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Channels

The Channels library provides passband and baseband channels. You can open
the Channels library by double-clicking on its icon in the main
Communications Blockset library (commlib), or by typing commchan2 at the
MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on
its icon below.

ZlLibrary: commchan2 =] E3
File Edit Miew Formal Help
AMGH BsC
BTG M Binary Symmetric
Channel Channel
w4
Multipath
Fayleigh Fading
Multip ath Rayleigh
Fading Channel
o
Rician
Fading
Rician Fading
Channel

The table below lists and describes the blocks in the Channels library. For
information about a specific block, see the reference pages that follow; for a
discussion of this library’s capabilities, see “Channels” on page 2-84.

Block Name Purpose

AWGN Channel Add white Gaussian noise to the input signal
Binary Symmetric Introduce binary errors

Channel
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Block Name (Continued) Purpose (Continued)

Multipath Rayleigh Fading  Simulate a multipath Rayleigh fading

Channel propagation channel
Rician Fading Channel Simulate a Rician fading propagation
channel
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Synchronization

The Synchronization library provides four phase-locked loop models. You can
open the Synchronization library by double-clicking on its icon in the main
Communications Blockset library (commlib), or by typing commsync2 at the

MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on

its icon below.

ElLibrary: commsync? =] 3

File Edit ¥iew Formzai Help

Baseband

FLL PLL

Phase-Lodked Baseband
Loap FLL

Charge Linearized
Fump Baseband
FLL FLL

Charge Pump Linearized Baseband
FLL FLL

The table below lists and describes the blocks in the Synchronization library.
For information about a specific block, see the reference pages that follow; for
a discussion of this library’s capabilities, see “Synchronization” on page 2-90.

Block Name

Purpose

Baseband PLL
Charge Pump PLL

Linearized Baseband PLL

Phase-Locked Loop

Implement a baseband phase-locked loop

Implement a charge pump phase-locked loop
using a digital phase detector

Implement a linearized version of a
baseband phase-locked loop

Implement a phase-locked loop to recover the
phase of the input signal




Basic Communications Functions

Basic Communications Functions

The Basic Comm Functions library contains these sublibraries:

= Integrators

= Sequence Operations

The main Basic Comm Functions library appears below. You can open it by
double-clicking on its icon in the main Communications Blockset library
(comml ib), or by typing commbasic2 at the MATLAB prompt. Each icon in the
Basic Comm Functions window represents a sublibrary. In Simulink,
double-clicking on one of these icons opens the sublibrary. In this document,
clicking on one of the icons below jumps to an overview of that sublibrary.

ZlLibrary: commbasic? =] E3

File Edit ¥iew Formzai Help

Integratars

Seqguence
Operations

Integrators

You can open the Integrators sublibrary by double-clicking on the Integrators
icon in the main Basic Comm Functions library, or by typing comminteg?2 at the
MATLAB prompt.

Tip In this document, you can jump to a block’s reference page by clicking on

its icon below.
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ZlLibrary: comminteg? =] 3
File Edit ¥iew Formzai Help

Modulo
Integratar

Dizcrete
Modulo
Integratar

Modulo
Integratar

Dizcrete Modula
Integratar

Wiindovee d
Integratar

Integrate
and Dump

Wiindovee d
Integratar

Integrate and Dump

The table below lists and describes the blocks in the Integrators library. For
information about a specific block, see the reference pages that follow.

Block Name

Purpose

Discrete Modulo Integrator

Integrate and Dump

Modulo Integrator

Windowed Integrator

Integrate in discrete time and reduce by a
modulus

Integrate, resetting to zero periodically and
reducing by a modulus

Integrate in continuous time and reduce by a
modulus

Integrate over a time window of fixed length

Sequence Operations

You can open the Sequence Operations sublibrary by double-clicking on the
Sequence Operations icon in the main Basic Comm Functions library, or by
typing commsequence?2 at the MATLAB prompt.

Tip In this document, you can jump to a Communications Blockset block’s
reference page by clicking on its icon below. (The Repeat block is in the DSP
Blockset, not the Communications Blockset; the icon in the Sequence
Operations sublibrary is merely a link to the DSP Blockset.)




Basic Communications Functions

ElLibrary: commsequence? M= E3

File Edit ¥iew Formzai Help

Repeat
Sx

Derapeat
]

Repeat

Derapeat

Scrambler

Descrambler

Scrambler

Descrambler

Puncture

Insert Zero

Puncture

Insert Zero

Interlacer

Deinterlacer

Interlacer

Deinterlacer

n Complex

PhPhase Shift

Complex Phase
Difference

Complex Phase
Shift

Complex Phase
Difference

The table below lists and describes the blocks in the Sequence Operations
library. For information about a specific block, see the reference pages that

follow.

Block Name

Purpose

Complex
Phase
Difference

Complex
Phase Shift

Deinterlacer

Derepeat

Descrambler

Output the phase difference between the two complex
input signals

Shift the phase of the complex input signal by the second
input value

Distribute elements of input vector alternately between
two output vectors

Reduce sampling rate by averaging consecutive samples

Descramble the input signal
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Block Name Purpose (Continued)
Insert Zero Distribute input elements in output vector
Interlacer Alternately select elements from two input vectors to

generate output vector

Puncture Output the elements which correspond to 1s in the binary
Puncture vector

Repeat Repeat input samples N times

Scrambler Scramble the input signal
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Utility Functions

You can open the Utility Functions library by double-clicking on its icon in the
main Communications Blockset library (commlib), or by typing commutil2 at
the MATLAB prompt.

Tip In this document, you can jump to a Communications Blockset block’s
reference page by clicking on its icon below. (The dB Conversion block is in the
DSP Blockset, not the Communications Blockset; the icon in the Utility
Functions library is merely a link to the DSP Blockset.)

ElLibrary: commutil2 =] E3

File Edit ¥iew Formzai Help

Data dB
Mapper 1 ahm)

Cata Mapper dB Conversion

Integer to Bit Bit to Integer
Conwerter Conwerter

Integer to Bit Bit to Integer
Conwerter Conwerter

The table below lists and describes the blocks in the Utility Functions library.
For information about a specific block, see the reference pages that follow.

Block Name Purpose

Bit to Integer Converter Map a vector of bits to a corresponding vector of

integers
dB Conversion Convert input of Watts or Volts to decibels
Data Mapper Map integer symbols from one coding scheme to
another

Integer to Bit Converter Map a vector of integers to a vector of bits
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A-Law Compressor

Purpose
Library

Description

A-lam
COMpressar

Dialog Box

Implement A-law compressor for source coding
Source Coding

The A-Law Compressor block implements an A-law compressor for the input
signal. The formula for the A-law compressor is

Alx| \Y%

_ TT100A IOgAsgn(x) for0< x| < Y
V(1 +log(Alx|/V)) \

L 1+ 1ogA sgn(x) for A< IX| <V

where A is the A-law parameter of the compressor, V is the peak signal
magnitude for x, log is the natural logarithm, and sgn is the signum function
(sign in MATLAB).

The most commonly used A value is 87.6.

The input can have any shape or frame status. This block processes each vector
element independently.

Block Parameters: A-Law Comy

—&-Law Compressor [mazk]

Compress the input signal using A-law compressor. The A-daw
compressor uges logarithm computation.

The input can have any shape or frame status. This block processes
each vector element independently

A value:

Peak signal magnitude:

|1
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A value
The A-law parameter of the compressor.
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Peak signal magnitude
The peak value of the input signal. This is also the peak value of the output

signal.
Pair Block A-Law Expander
See Also Mu-Law Compressor
References [1] Sklar, Bernard. Digital Communications: Fundamentals and Applications.

Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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A-Law Expander

Purpose
Library

Description

A-law
expander

Dialog Box

Implement A-law expander for source coding

Source Coding

The A-Law Expander block recovers data that the A-Law Compressor block
compressed. The formula for the A-law expander, shown below, is the inverse
of the compressor function.

y(1+logA) forO<|y| < v

A 1+IlogA

Iyl(1+logA)/V-1V V
e Asgn(y) for T+ l0gA <lylsV

L

The input can have any shape or frame status. This block processes each vector
element independently.

Block Parameters: A-Law Expander

—&-Law Expander [mazk]

Inverse computation of A-law compressor.

The input can have any shape or frame status. This block processes
each vector element independently

=
F

A value:

Peak signal magnitude:

|1
QK I Cancel Help Lol

A value
The A-law parameter of the compressor.

Peak signal magnitude
The peak value of the input signal. This is also the peak value of the output
signal.

Match these parameters to the ones in the corresponding A-Law Compressor
block.
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Pair Block A-Law Compressor
See Also Mu-Law Expander
References [1] Sklar, Bernard. Digital Communications: Fundamentals and Applications.

Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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Algebraic Deinterleaver

Purpose
Library

Description

Algebraic
Leintarleawver

Dialog Box

Restore ordering of the input symbols using algebraically derived permutation
Block sublibrary of Interleaving

The Algebraic Deinterleaver block restores the original ordering of a sequence
that was interleaved using the Algebraic Interleaver block. In typical usage,
the parameters in the two blocks have the same values.

The Number of elements parameter, N, indicates how many numbers are in
the input vector.If the input is frame-based, then it must be a column vector.

The Type parameter indicates the algebraic method that the block uses to
generate the appropriate permutation table. Choices are Takeshita-Costello
and Welch-Costas. Each of these methods has parameters and restrictions
that are specific to it; these are described on the reference page for the
Algebraic Interleaver block.

ebraic D einterleaver

—Algebraic Deir [mazk]

Deinterleave the elements of the input vector uzing an algebraically
derived permutation table.

For the Takeshita-Costello type interleaver, the Mumber of elements N
muszt be a power of 2, the Multiplicative factor must be an odd integer
less than M, and the Cyclic shift must be a nonnegative integer less than
M.

For the Welch-Costas type interleaver, the Mumber of elements M must
be zpecified such that M+1 iz prime and the Primitive element must be a
primitive element from GF[M+1].

I each case, the Mumber of elements must match the input signal width.

Type:
Mumber of elements:
|258

Multiplicative factor:
K

Cyclic shift:

Jo

QK I Cancel Help Lol

Type
The type of permutation table that the block uses for deinterleaving.
Choices are Takeshita-Costello and Welch-Costas.
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Pair Block
See Also

References

4-52

Number of elements
The number of elements, N, in the input vector.

Multiplicative factor
The factor used to compute the corresponding interleaver’s cycle vector.
This field appears only if Type is set to Takeshita-Costello.

Cyclic shift

The amount by which the block shifts indices when creating the
corresponding interleaver’s permutation table. This field appears only if
Type is set to Takeshita-Costello.

Primitive element

An element of order N in the finite field GF(N+1). This field appears only
if Type is set to Welch-Costas.

Algebraic Interleaver
General Block Deinterleaver

[1] Heegard, Chris and Stephen B. Wicker. Turbo Coding. Boston: Kluwer
Academic Publishers, 1999.

[2] Takeshita, O. Y. and D. J. Costello, Jr. “New Classes Of Algebraic
Interleavers for Turbo-Codes.” Proc. 1998 IEEE International Symposium on
Information Theory, Boston, Aug. 16-21, 1998. 419.



Algebraic Interleaver

Purpose
Library

Description

Algebraic
Interleawver

Reorder the input symbols using algebraically derived permutation table
Block sublibrary of Interleaving

The Algebraic Interleaver block rearranges the elements of its input vector
using a permutation that is algebraically derived. The Number of elements
parameter, N, indicates how many numbers are in the input vector.If the input
is frame-based, then it must be a column vector.

The Type parameter indicates the algebraic method that the block uses to
generate the appropriate permutation table. Choices are Takeshita-Costello
and Welch-Costas. Each of these methods has parameters and restrictions
that are specific to it:

= If Type is set to Welch-Costas, then N+1 must be prime. The Primitive
element parameter is an integer, A, between 1 and N that represents a
primitive element of the finite field GF(N+1). This means that every nonzero
element of GF(N+1) can be expressed as A raised to some integer power.

In a Welch-Costas interleaver, the permutation maps the integer k to
mod(AK N+1) - 1.

= If Type is set to Takeshita-Costello, then N must be 2™ for some integer m.
The Multiplicative factor parameter, h, must be an odd integer less than N.
The Cyclic shift parameter, k, must be a nonnegative integer less than N.

A Takeshita-Costello interleaver uses a length-N cycle vector whose nth
element is

mod(k*(n-1)*n/2, N)

for integers n between 1 and N. The block creates a permutation vector by
listing, for each element of the cycle vector in ascending order, one plus the
element’s successor. The interleaver’s actual permutation table is the result
of shifting the elements of the permutation vector left by the Cyclic shift
parameter. (The block performs all computations on numbers and indices
modulo N.)
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Dialog Box
— Algebraic Interl [mazk]
Interleave the elements of the input vector uging an algebraically derived
permutation table.
For the Takeshita-Costello type interleaver, the Mumber of elements N
muszt be a power of 2, the Multiplicative factor must be an odd integer
less than M, and the Cyclic shift must be a nonnegative integer less than
M.
For the Welch-Costas type interleaver, the Mumber of elements M must
be zpecified such that M+1 iz prime and the Primitive element must be a
primitive element from GF[M+1].
I each case, the Mumber of elements must match the input signal width.
Type:
Mumber of elements:
|258
Multiplicative factor:
K
Cyclic shift:
Jo
QK I Cancel Help Lol
Type
The type of permutation table that the block uses for interleaving.
Number of elements
The number of elements, N, in the input vector.
Multiplicative factor
The factor used to compute the interleaver’s cycle vector. This field appears
only if Type is set to Takeshita-Costello.
Cyclic shift
The amount by which the block shifts indices when creating the
permutation table. This field appears only if Type is set to
Takeshita-Costello.
Primitive element
An element of order N in the finite field GF(N+1). This field appears only
if Type is set to Welch-Costas.
Pair Block Algebraic Deinterleaver
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See Also General Block Interleaver
References [1] Heegard, Chris and Stephen B. Wicker. Turbo Coding. Boston: Kluwer
Academic Publishers, 1999.

[2] Takeshita, O. Y. and D. J. Costello, Jr. “New Classes Of Algebraic
Interleavers for Turbo-Codes.” Proc. 1998 IEEE International Symposium on
Information Theory, Boston, Aug. 16-21, 1998. 419.
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APP Decoder

Purpose

Library

Description

L)

Lie)

APP Decoder

L)

Lo
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Decode a convolutional code using the a posteriori probability (APP) method
Convolutional sublibrary of Channel Coding

The APP Decoder block performs a posteriori probability (APP) decoding of a
convolutional code. You can use this block to build a turbo decoder.

Inputs and Outputs

The input L(u) represents the sequence of log-likelihoods of encoder input bits,
while the input L(c) represents the sequence of log-likelihoods of code bits. The
outputs L(u) and L(c) are updated versions of these sequences, based on
information about the encoder.

If the convolutional code uses an alphabet of 2" possible symbols, then this
block’s L(c) vectors have length Q*n for some positive integer Q. Similarly, if
the decoded data uses an alphabet of 2k possible output symbols, then this
block’s L(u) vectors have length Q*k. The integer Q is the number of frames
that the block processes in each step.

The inputs can be either:

< Sample-based vectors having the same dimension and orientation, with
Q=1

=< Frame-based column vectors with any positive integer for Q

If you only need the input L(c) and output L(u), then you can attach a Simulink
Ground block to the input L(u) and a Simulink Terminator block to the output
L(c).

Specifying the Encoder

To define the convolutional encoder that produced the coded input, use the
Trellis structure parameter. This parameter is a MATLAB structure whose
format is described in the section, “Trellis Description of a Convolutional
Encoder,” in the Communications Toolbox User’'s Guide. You can use this
parameter field in two ways:

= If you have a variable in the MATLAB workspace that contains the trellis
structure, then enter its name as the Trellis structure parameter. This way
is preferable because it causes Simulink to spend less time updating the
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diagram at the beginning of each simulation, compared to the usage in the
next bulleted item.

= |f you want to specify the encoder using its constraint length, generator
polynomials, and possibly feedback connection polynomials, then use a
poly2trellis command within the Trellis structure field. For example, to
use an encoder with a constraint length of 7, code generator polynomials of
171 and 133 (in octal numbers), and a feedback connection of 171 (in octal),
set the Trellis structure parameter to

poly2trellis(7,[171 133],171)

To indicate how the encoder treats the trellis at the beginning and end of each
frame, set the Termination method parameter to either Truncated or
Terminated. The Truncated option indicates that the encoder resets to the
all-zeros state at the beginning of each frame, while the Terminated option
indicates that the encoder forces the trellis to end each frame in the all-zeros
state. If you use the Convolutional Encoder block with the Reset parameter set
to On each frame, then use the Truncated option in this block.

Specifying Details of the Algorithm

You can control part of the decoding algorithm using the Algorithm
parameter. The True APP option implements a posteriori probability. To gain
speed, both the Max* and Max options approximate expressions like

Iogz expa,;
i

by other quantities. The Max option uses max{a;} as the approximation, while
the Max* option uses max{a;} plus a correction term.

The Max* option enables the Scaling bits parameter in the mask. This
parameter is the number of bits by which the block scales the data it processes
internally. You can use this parameter to avoid losing precision during the
computations. It is especially appropriate if your implementation uses
fixed-point components. For more information about the Max* option, see the
article by Viterbi in the “References” section below.
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Dialog Box
Block Parameters: APP Decoder
—&PP Decoder [mask)
A posterion probability [APP) decoder. Use the polyZtrellis function ta
create a trellis using the constraint length, code generator [octal], and
feedback connection [octal).
r Trellis structure:
Termination method: ITruncated j
Algarithm: I Maw® j
Mumber of zzaling bits:
IE
QK I Cancel | Help Lol
Trellis structure
MATLAB structure that contains the trellis description of the
convolutional encoder.
Termination method
Either Truncated or Terminated. This parameter indicates how the
convolutional encoder treats the trellis at the beginning and end of frames.
Algorithm
Either True APP, Max*, or Max.
Number of scaling bits
An integer between 0 and 8 that indicates by how many bits the decoder
scales data in order to avoid losing precision. This field is active only when
Algorithm is set to Max*.
See Also Viterbi Decoder, Convolutional Encoder; poly2trellis (Communications
Toolbox)
References [1] Benedetto, Sergio and Guido Montorsi. “Performance of Continuous and
Blockwise Decoded Turbo Codes.” IEEE Communications Letters, vol. 1, May
1997. 77-79.

[2] Benedetto, S., G. Montorsi, D. Divsalar, and F. Pollara. “A Soft-Input
Soft-Output Maximum A Posterior (MAP) Module to Decode Parallel and
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Serial Concatenated Codes.” JPL TMO Progress Report, vol. 42-127, November
1996. [This electronic journal is available at

http://tmo.jpl.nasa.gov/tmo/progress_report/index.html.]

[3] Viterbi, Andrew J. “An Intuitive Justification and a Simplified
Implementation of the MAP Decoder for Convolutional Codes.” IEEE Journal
on Selected Areas in Communications, vol. 16, February 1998. 260-264.
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Library

Description

AN H
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Add white Gaussian noise to the input signal
Channels

The AWGN Channel block adds white Gaussian noise to a real or complex
input signal. When the input signal is real, this block adds real Gaussian noise
and produces a real output signal. When the input signal is complex, this block
adds complex Gaussian noise and produces a complex output signal. This block
inherits its sample time from the input signal.

This block uses the DSP Blockset's Random Source block to generate the noise.
The Initial seed parameter in this block initializes the noise generator. Initial
seed can be either a scalar or a vector whose length matches the number of
channels in the input signal. For details on Initial seed, see the Random
Source block reference page in the DSP Blockset User's Guide.

Frame-Based Processing and Input Dimensions

This block can process multichannel signals that are frame-based or
sample-based. The guidelines below indicate how the block interprets your
data, depending on the data’s shape and frame status:

< If your input is a sample-based scalar, then the block adds scalar Gaussian
noise to your signal.

= If your input is a sample-based vector or a frame-based row vector, then the
block adds independent Gaussian noise to each channel.

= |f your input is a frame-based column vector, then the block adds a frame of
Gaussian noise to your single-channel signal.

= |fyour input is a frame-based m-by-n matrix, then the block adds a length-m
frame of Gaussian noise independently to each of the n channels.

The input cannot be a sample-based m-by-n matrix if both m and n are greater
than 1.

Specifying the Variance Directly or Indirectly

You can specify the variance of the noise generated by the AWGN Channel
block using one of four modes:

= Signal to noise ratio (Es/No), where the block calculates the variance from
these quantities that you specify in the block mask:
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- Es/No, the ratio of signal energy to noise power spectral density
- Input signal power, the power of the input symbols
- Symbol period
= Signal to noise ratio (SNR), where the block calculates the variance from
these quantities that you specify in the block mask:
- SNR, the ratio of signal power to noise power
- Input signal power, the power of the input samples

=« Variance from mask, where you specify the variance in the block mask. The
value must be positive.

=« Variance from port, where you provide the variance as an input to the
block. The variance input must be positive, and its sampling rate must equal
that of the input signal. If the first input signal is sample-based, then the
variance input must be sample-based. If the first input signal is frame-based,
then the variance input can be either frame-based with exactly one row, or
sample-based.

In both Variance from mask mode and Variance from port mode, these rules
describe how the block interprets the variance:

= If the variance is a scalar, then all signal channels are uncorrelated but
share the same variance.

= If the variance is a vector whose length is the number of channels in the
input signal, then each element represents the variance of the corresponding
signal channel.

Note If you apply complex input signals to the AWGN Channel block, then it
adds complex zero-mean Gaussian noise with the calculated or specified
variance. The variance of each of the quadrature components of the complex
noise is half of the calculated or specified value.
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Dialog Box
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—&WIGEN Channel [mask)

Add white Gauzzian noize to the input gignal. The input and output
zignals can be real or complex. This block supports multichannel input
and output signals as well as frame-based processing.

‘when using either of the variance modes with complex inputs, the
vanance values are equally divided among the real and imaginary
components of the input zsignal.

=
F

Initial seed:
Mode: ISignaI to noise ratio [Es/Ma) j
Es/Mo [dB]:

Jio

Input gignal power [wattz]:
|1
Symbol period [z]:

|1
QK I Cancel Help Lol

Initial seed
The seed for the Gaussian noise generator.

Mode
The mode by which you specify the noise variance: Signal to noise
ratio (Es/No), Signal to noise ratio (SNR), Variance from mask, or
Variance from port.

Es/No (dB)
The ratio of signal energy per symbol to noise power spectral density, in
decibels. This field appears only if Mode is set to Es/No.

SNR (dB)
The ratio of signal power to noise power, in decibels. This field appears only
if Mode is set to SNR.

Input signal power (watts)

The root mean square power of the input symbols (if Mode is Es/No) or

input samples (if Mode is SNR), in watts. This field appears only if Mode
is set to either Es/No or SNR.
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|

Symbol period (s)
The duration of a channel symbol, in seconds. This field appears only if
Mode is set to Es/No.

Variance

The variance of the white Gaussian noise. This field appears only if Mode
is set to Variance from mask.

See Also Random Source (DSP Blockset)
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Description

Baseband
FLL
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Implement a baseband phase-locked loop
Synchronization

The Baseband PLL (phase-locked loop) block is a feedback control system that
automatically adjusts the phase of a locally generated signal to match the
phase of an input signal. Unlike the Phase-Locked Loop block, this block uses
a baseband method and does not depend on a carrier frequency.

This PLL has these three components:

= An integrator used as a phase detector.

= A filter. You specify the filter’s transfer function using the Lowpass filter
numerator and Lowpass filter denominator mask parameters. Each is a
vector that gives the respective polynomial’s coefficients in order of
descending powers of s.
To design a filter, you can use functions such as butter, chebyl, and cheby?2
in the Signal Processing Toolbox. The default filter is a Chebyshev type |1
filter whose transfer function arises from the command below.

[num, den] = cheby2(3,40,100,"s")
= A voltage-controlled oscillator (VCO). You specify the sensitivity of the VCO
signal to its input using the VCO input sensitivity parameter. This

parameter, measured in Hertz per volt, is a scale factor that determines how
much the VCO shifts from its quiescent frequency.

The input signal represents the received signal. The input must be a
sample-based scalar signal. The three output ports produce:

<« The output of the filter
= The output of the phase detector
<« The output of the VCO

This model is nonlinear; for a linearized version, use the Linearized Baseband
PLL block.
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Dialog Box

See Also

References

Block Paramet aseband PLL

— Bagzeband PLL [mask)

Implement a bazeband model of a phasze-locked loop. The three outputs
are the outputs of the lowpass filker, the phase detector, and the voltage
controlled ozcillator (YCO). The input must be a sample-bazed scalar
zignal.

Lowpazs filker numeratar:

Lowpass filker denominator:
|[1 E7.46 2270.9 40002]

WO input sensitivity [Hz A

|1
QK I Cancel | Help | Lol

Lowpass filter numerator

The numerator of the lowpass filter’s transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator

The denominator of the lowpass filter's transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

VCO input sensitivity (Hz/V)

This value scales the input to the VCO and, consequently, the shift from
the VCO's quiescent frequency.

Linearized Baseband PLL, Phase-Locked Loop

For more information about phase-locked loops, see the works listed in
“Selected Bibliography for Synchronization” on page 2-92.
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Decode a BCH code to recover binary vector data
Block sublibrary of Channel Coding

The BCH Decoder block recovers a binary message vector from a binary BCH
codeword vector. For proper decoding, the first two parameter values in this
block should match the parameters in the corresponding BCH Encoder block.

The input is the binary codeword vector and the first output is the
corresponding binary message vector. If the BCH code has message length K
and codeword length N, then the input has length N and the first output has
length K. If the input is frame-based, then it must be a column vector.

The number N must have the form 2M-1, where M is an integer greater than or
equal to 3. For a given codeword length N, only specific message lengths K are
valid for a BCH code. To see which values of K are valid, use the bchpoly
function in the Communications Toolbox. No known analytic formula describes
the relationship among the codeword length, message length, and
error-correction capability.

The second output is the number of errors detected during decoding of the
codeword. A negative integer indicates that the block detected more errors
than it could correct using the coding scheme.

The sample times of all input and output signals are equal.

The Error-correction capability T parameter either:

= Indicates the error-correction capability of the code as a positive integer, or
= Tells the block to compute the error-correction capability, if you enter zero

The block runs faster in the first case above. You can use the bchpoly function
in the Communications Toolbox to calculate the error-correction capability.



BCH Decoder

Dialog Box

Pair Block

See Also

iCH Decoder

—BCH Decoder [mask]

Fecover a binary message vectaor from a binary BCH codeword vector.
The meszage is of length K and the codeword iz of length M, where M
has the form 2°M-1, for some integer M greater than or equal to 3.

Walid vwalues of K. and T are those in the second and third columns
reported in bohpolyM).

The input must contain exactly M elements. I it iz frame-bazed, then it
must be a column wectar.

The Errar-corection capability T must be specified az a positive integer.
A value of zera tells the block to compute the eror-comection capability.

=

Codeword length M:

Meszage length K:
|5

Error-comection capability T [0 for unknown]:
IE

QK I Cancel | Help | Lol

Codeword length N

The codeword length, which is also the vector length of the first input.

Message length K

The message length, which is also the vector length of the first output.

Error-correction capability T

Either the error-correction capability of the code, or zero. A zero forces the
block to calculate the error-control capability when initializing.

BCH Encoder

bchpoly (Communications Toolbox)
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BCH Encoder

Purpose
Library

Description

BCH en

Dialog Box

4-68

Create a BCH code from binary vector data
Block sublibrary of Channel Coding

The BCH Encoder block creates a BCH code with message length K and
codeword length N. You specify both N and K directly in the block mask.

The input must contain exactly K elements. If it is frame-based, then it must
be a column vector. The output is a vector of length N.

N must have the form 2M-1, where M is an integer greater than or equal to 3.
For a given codeword length N, only specific message lengths K are valid for a
BCH code. To see which values of K are valid, use the bchpoly function in the
Communications Toolbox. For example, in the output below, the second column
lists all possible message lengths that correspond to a codeword length of 15.

The third column lists the corresponding error-correction capabilities.

params = bchpoly(15)
params =
15 11 1
15 7 2
15 5 3

No known analytic formula describes the relationship among the codeword
length, message length, and error-correction capability.

Block Parameters: BCH Encoder

—BCH Encoder [mask)

Create a BCH code with meszage length K. and codeword length M. M
must have the form 2°M-1, where M is an integer greater than or equal to
3. Walid values of K. are thoze in the second column of behpaly(M).

The input must contain exactly k. elements. I it iz frame-bazed, then it
must be a column wectar.

.-
F

Codeword length M:

Meszage length K:
|5

QK I Cancel Help Lol




BCH Encoder
|

Codeword length N
The codeword length, which is also the output vector length.

Message length K
The message length, which is also the input vector length.

Pair Block BCH Decoder

See Also bchpoly (Communications Toolbox)
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Bernoulli Random Binary Generator

Purpose

Library

Description

Bernoulli bin

4-70

Generate Bernoulli-distributed random binary numbers
Comm Sources

The Bernoulli Random Binary Generator block generates random binary
numbers using a Bernoulli distribution. The Bernoulli distribution with
parameter p produces zero with probability p and one with probability 1-p. The
Bernoulli distribution has mean value 1-p and variance p(1-p). The
Probability of a zero parameter specifies p, and can be any real number
between zero and one.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The number of elements in the Initial seed and Probability of a zero
parameters becomes the number of columns in a frame-based output or the
number of elements in a sample-based vector output. Also, the shape (row or
column) of the Initial seed and Probability of a zero parameters becomes the
shape of a sample-based two-dimensional output signal.



Bernoulli Random Binary Generator

Dialog Box

Bermoulli Fandom Binary Generator

— Bemoulli B andom Binary Generator [mask)

Generate a Bernoulli random binary number.
To generate a vector output, specify the probability as a vectar.

Frobability of & zero:

Initial zeed:
|112345 54321]

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel | Help Lol

Probability of a zero
The probability with which a zero output occurs.

Initial seed

The initial seed value for the random number generator. The seed can be
either a vector of the same length as the Probability of a zero parameter,
or a scalar.

Sample time

The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.
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Bernoulli Random Binary Generator

See Also

4-72

Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

Binary Vector Noise Generator, Random-Integer Generator, Binary
Symmetric Channel; randint (Communications Toolbox), rand (built-in

MATLAB function)



Binary Cyclic Decoder

Purpose
Library

Description

Cyelic de

Dialog Box

Decode a systematic cyclic code to recover binary vector data
Block sublibrary of Channel Coding

The Binary Cyclic Decoder block recovers a message vector from a codeword
vector of a binary systematic cyclic code. For proper decoding, the parameter
values in this block should match those in the corresponding Binary Cyclic
Encoder block.

If the cyclic code has message length K and codeword length N, then N must
have the form 2M-1 for some integer M greater than or equal to 3.

The input must contain exactly N elements. If it is frame-based, then it must
be a column vector. The output is a vector of length K.

You can determine the systematic cyclic coding scheme in one of two ways:

= To create an [N,K] code, enter N and K as the first and second mask
parameters, respectively. The block computes an appropriate generator
polynomial, namely, cyclpoly(N,K, "min™®).

= To create a code with codeword length N and a particular degree-(N-K)
binary generator polynomial, enter N as the first parameter and a binary
vector as the second parameter. The vector represents the generator
polynomial by listing its coefficients in order of ascending exponents. You can
create cyclic generator polynomials using the cyclpoly function in the
Communications Toolbox.

Block Parameters: Binary Cyclic Decoder

— Binary Cyclic Decoder [mask]

Fecover a meszage vector from a codeword vector of a binary
systematic cyclic code. The meszage is of length K and the codeword iz
of length N, where M has the form 2°8-1, for some integer M areater
than or equal to 3.

The input must contain exactly M elements. I it iz frame-bazed, then it
must be a column wectar.

.-
F

Codeword length M:

[

Message length K. or generator polynamial:
J4

QK I Cancel Help Lol
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Pair Block

See Also

4-74

Codeword length N
The codeword length N, which is also the input vector length.

Message length K, or generator polynomial

Either the message length, which is also the output vector length; or a
binary vector that represents the generator polynomial for the code.

Binary Cyclic Encoder

cyclpoly (Communications Toolbox)



Binary Cyclic Encoder

Purpose
Library

Description

Cyelicen

Dialog Box

Create a systematic cyclic code from binary vector data
Block sublibrary of Channel Coding

The Binary Cyclic Encoder block creates a systematic cyclic code with message
length K and codeword length N. The number N must have the form 2M-1,
where M is an integer greater than or equal to 3.

The input must contain exactly K elements. If it is frame-based, then it must
be a column vector. The output is a vector of length N.

You can determine the systematic cyclic coding scheme in one of two ways:

= To create an [N,K] code, enter N and K as the first and second mask
parameters, respectively. The block computes an appropriate generator
polynomial, namely, cyclpoly(N,K, "min™®).

=« To create a code with codeword length N and a particular degree-(N-K)
binary generator polynomial, enter N as the first parameter and a binary
vector as the second parameter. The vector represents the generator
polynomial by listing its coefficients in order of ascending exponents. You can
create cyclic generator polynomials using the cyclpoly function in the
Communications Toolbox.

Block Parameters: Binary Cyclic Encoder

— Binary Cyclic Encoder [mazk)]

Create a spstematic cyclic code with message length K and codeword
length M. The number N must have the form 2°M-1, where M is an
integer greater than or equal to 3.

The input must contain exactly k. elements. I it iz frame-bazed, then it
must be a column wectar.

Codeword length M:
i

Message length K. or generator polynamial:
J4

QK I Cancel | Help | Lol

Codeword length N
The codeword length, which is also the output vector length.
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Message length K, or generator polynomial

Either the message length, which is also the input vector length; or a
binary vector that represents the generator polynomial for the code.

Pair Block Binary Cyclic Decoder

See Also cyclpoly (Communications Toolbox)
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Binary-Input RS Encoder

Purpose
Library

Description

B-R5 &n o

Examples

Create a Reed-Solomon code from binary vector data
Block sublibrary of Channel Coding

The Binary-Input RS Encoder block creates a Reed-Solomon code with message
length K and codeword length N. You specify both N and K directly in the block
mask. N must have the form 2M-1, where M is an integer greater than or equal
to 3. The code is more efficient if N-K is an even integer.

The input and output are binary-valued signals that represent messages and
codewords, respectively. The input must contain exactly M*K elements. Ifitis
frame-based, then it must be a column vector. The output is a vector of length
M*N.

The M*K input bits represent K integers between 0 and 2M-1, where more
significant bits are to the right. Similarly, the M*N output bits represent N
integers between 0 and 2M-1. These integers in turn represent elements of the
finite field GF(2M).

An (N,K) Reed-Solomon code can correct up to floor ((N-K)/2) symbol errors
(not bit errors) in each codeword.

Suppose M =3, N = 23-1 = 7, and K = 5. Then a message is a binary vector of
length 15 that represents 5 three-bit integers. A corresponding codeword is a
binary vector of length 21 that represents 7 three-bit integers. The figure below
shows the codeword that would result from a particular message word. The
integer format equivalents illustrate that the highest-order bit is at the right.

Message input: [01111100100000 1] [67404]

) in integer format
Binary-Input RS Encoder

withN=7,K=5

Codeoutput [L 1 001 001 11110010000 0 1] [3267404]
in integer format
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Binary-Input RS Encoder

Dialog Box

Pair Block

See Also

4-78

inary-lnput RS Encoder

~ Binary-lnput RS Encoder [mazk)]

Create a Reed-Solomon code with message length K. and codewaord
length M. M must have the form 2°M-1, where M iz an integer greater
than or equal to 3.

The input meszage is reprezented by a binary vector of length KM and
the output codeword is represented by a binary vector of length M.
The input must contain exactly KM elementz. F it is frame-based, then it
must be a column wectar.

=
F

Codeword length M:

[

Meszage length K:
|5

QK I Cancel | Help | Lol

Codeword length N
The codeword length. The output has vector length M*N.

Message length K
The message length. The input has vector length M*K.

Binary-Output RS Decoder

Integer-Input RS Encoder



Binary Linear Decoder

Purpose
Library

Description

Linear de

Dialog Box

Decode a linear block code to recover binary vector data
Block sublibrary of Channel Coding

The Binary Linear Decoder block recovers a binary message vector from a
binary codeword vector of a linear block code.

The Generator matrix parameter is the generator matrix for the block code.
For proper decoding, this should match the Generator matrix parameter in
the corresponding Binary Linear Encoder block. If N is the codeword length of
the code, then Generator matrix must have N columns. If K is the message
length of the code, then the Generator matrix parameter must have K rows.

The input must contain exactly N elements. If it is frame-based, then it must
be a column vector. The output is a vector of length K.

The decoder tries to correct errors, using the Decoding table parameter. If
Decoding table is the scalar 0, then the block defaults to the table produced by
the Communications Toolbox function syndtable. Otherwise, Decoding table
must be a 2N"K-by-N binary matrix. The rth row of this matrix is the correction
vector for a received binary codeword whose syndrome has decimal integer
value r-1. The syndrome of a received codeword is its product with the
transpose of the parity-check matrix.

— Binary Linear Decoder [mask)

Fecover a binary message vector from a binary codeword vector of a
linear block code. The meszage is of length K and the codeword iz of
length M, where K. and M are the number of rows and columng of the
generator matrix respectively. The number N must have the farm 2°8-1,
for zome integer M greater than or equal to 3.

The decoder assumes that the encoder's generator matrix has the
standard spstematic form [P 1], In other words, the input codewords must
contain parity-check bits followed by message bits.

The input must contain exactly M elements. I it iz frame-bazed, then it
must be a column wectar.

.-
F

Generator matrix [binary K-by-M matriz):

110:011:111:1071] eveld]

Decoding table [0 for table coresponding to Generator matrix]:
Jo

QK I Cancel Help Lol
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Generator matrix
Generator matrix for the code; same as in Binary Linear Encoder block.

Decoding table

Either a 2N"K-by-N matrix that lists correction vectors for each codeword’s
syndrome; or the scalar O, in which case the block defaults to the table
corresponding to the Generator matrix parameter.

Pair Block Binary Linear Encoder
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Binary Linear Encoder

Purpose
Library

Description

Linear &n

Dialog Box

Pair Block

Create a linear block code from binary vector data
Block sublibrary of Channel Coding

The Binary Linear Encoder block creates a binary linear block code using a
generator matrix that you provide in the parameter mask. If K is the message
length of the code, then the Generator matrix parameter must have K rows.
If N is the codeword length of the code, then Generator matrix must have N
columns.

The input must contain exactly K elements. If it is frame-based, then it must
be a column vector. The output is a vector of length N.

wary Linear Encoder

— Binary Linear Encoder [mask]

Create a binary linear block code with message length K. and codeward
length M, where K. and M are the number of rows and columng of the
generator matris respectively.

To uge the Binary Linear Decoder block at the decoder side, provide a
generator matrix in the standard systematic form [P 1],

The input must contain exactly k. elements. I it iz frame-bazed, then it
must be a column wectar.

.-
F

Generator matrix [binary K-by-M matriz):
110:071:111:1071] epe(d]

QK I Cancel | Help Lol

Generator matrix

A K-by-N matrix, where K is the message length and N is the codeword
length.

Binary Linear Decoder
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Binary-Output RS Decoder

Purpose

Library

Description

B-RS de

4-82

Decode a Reed-Solomon code to recover binary vector data
Block sublibrary of Channel Coding

The Binary-Output RS Decoder block recovers a binary message vector from a
binary Reed-Solomon codeword vector. For proper decoding, the parameter
values in this block should match those in the corresponding Binary-Input RS
Encoder block.

If the Reed-Solomon code has message length K and codeword length N, then
N must have the form 2M-1 for some integer M greater than or equal to 3. The
code is more efficient if N-K is an even integer.

The input and first output are binary-valued signals that represent codewords
and messages, respectively. The input must contain exactly M*N elements. If
it is frame-based, then it must be a column vector. The first output is a vector
of length M*K.

The M*N input bits represent N integers between 0 and 2M-1, where more
significant bits are to the right. Similarly, M*K output bits represent K
integers between 0 and 2M-1. These integers in turn represent elements of the
finite field GF(2M).

The second output is the number of errors detected during decoding of the
codeword. A negative integer indicates that the block detected more errors
than it could correct using the coding scheme. An (N,K) Reed-Solomon code can
correct up to floor ((N-K)/2) symbol errors (not bit errors) in each codeword.



Binary-Output RS Decoder

Dialog Box

Pair Block

See Also

Binary-Cutput S D

r— Binary-Output RS Decoder [mask)

Fecover a binary message vector from a binary Reed-Solomon
codeword wectar.

If the Reed-Solomon code has meszage length K. and codeword length
M. then M must have the form 2°M-1 for some integer Mgreater than ar
equal to 3.

The input iz a binary vector of length M and the output is a binary
wector of length KA. The input must contain exactly M*M elements. [f it
is frame-based, then it must be a column vectar.

.-
F

Codeword length M:

[

Meszage length K:
|5

QK I Cancel | Help | Lol

Codeword length N

The codeword length. The input has vector length M*N.

Message length K

The message length. The first output has vector length M*K.

Binary-Input RS Encoder

Integer-Output RS Decoder
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Binary Symmetric Channel

Purpose Introduce binary errors

Library Channels

Description The Binary Symmetric Channel block introduces binary errors to the signal
transmitted through this channel.

T |, 9
8BSt L The input port is the transmitted binary signal. The input can be either a

scalar, a sample-based vector, or a frame-based row vector. This block
processes each vector element independently, and introduces an error in a
given spot with probability Error probability.
The first output port is the binary signal that has passed through the channel.
The second output port is the vector of errors that were introduced.

Dialog Box

netric Channel

— Binary Symmetric Channel [mazk]

Add binary errors to the input signal. The errar probability can be a scalar
or & vector with the same length as the input vector length.

The gecond output iz the eror vector,

=

Error probability:

505
Input vector length:
|1

Initial seed:

J1234

Sample time:

|1
QK I Cancel | Help Lppli

Error probability
The probability that a binary error will occur. The value of this parameter
must be between zero and one.

Input vector length

Length of the input vector signal. This is the same as the vector length of
the signal at the first output port.
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Initial seed
The initial seed value for the random number generator.

Sample time
The block’s sample time.

See Also Bernoulli Random Binary Generator
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Binary Vector Noise Generator

Purpose
Library

Description

e r
B-vectar

4-86

Generate a binary vector while controlling the number of 1s
Comm Sources

The Binary Vector Noise Generator outputs a random binary vector whose
length is the Binary vector length parameter. The Probabilities parameter
helps determine how many 1s appear in each output vector. Once the number
of 1s is determined, their placement is determined according to a uniform
distribution.

If p1, Po,...Pm are the entries in the Probabilities parameter, then p; is the
probability that the output vector will have a single 1, p, is the probability that

the output vector will have exactly two 1s, and so on. Note that Probabilities
must have sum less than or equal to one, and length less than or equal to the
Binary vector length. Also, the probability of a zero vector is one minus the
sum of Probabilities.

This block is useful in testing error-control coding algorithms.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The Binary vector length parameter becomes the number of columns in a
frame-based output or the number of elements in a sample-based vector
output. Also, the shape (row or column) of the Probabilities parameter
becomes the shape of a sample-based two-dimensional output signal.



Binary Vector Noise Generator

Dialog Box

— Binary Vector Moize Generator [mazk)]

Generate a random binary vector with a limited number of ones. Usze the
"Probabilities" parameter to specify the probability that the output vector

haz a single one, two ones, three ones, etc. The sum of the elements in
Probabilities must be less than or equal to one. One minus this sum iz the
probability that the output vector containg no ones.

=
F

Binary vector length:
[
Probabilities:
Jos

Initial seed:
[12345

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel | Help | Lol

Binary vector length
The output vector length.

Probabilities

A vector whose kth entry indicates the probability that the output vector
has exactly k 1s.

Initial seed
The initial seed value for the random number generator. This must be a

Sample time

The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.
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Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.

Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

See Also Bernoulli Random Binary Generator; randerr (Communications Toolbox)
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Bit to Integer Converter

Purpose
Library

Description

Bit to Integer
Conwerter

Dialog Box

Examples

Pair Block

Map a vector of bits to a corresponding vector of integers
Utility Functions

The Bit to Integer Converter block maps groups of bits in the input vector to
integers in the output vector. If M is the Number of bits per integer
parameter, then the block maps each group of M bits to an integer between 0
and 2M-1. As a result, the output vector length is 1/M times the input vector
length.

If the input is sample-based input, then it must be a vector whose length equals
the Number of bits per integer parameter. If the input is frame-based, then
it must be a column vector whose length is an integer multiple of Number of
bits per integer.

The block interprets the first bit in each group as the most significant bit.

-~ Bit to Integer Converter [mask]

Map a vector of bits to a coresponding vector of integers. The first bit of
the input vectar is assumed to be the most significant bit [MSEB]. The
Mumber of bits per integer value defines how many bitz are mapped to
each integer.

I case of sample-bazed inputs, the input must be a vector whoze width
equals the number of bits per integer. In caze of frame-based inputs, the
input must be a column vector whoze width is an integer multiple of the
number of bits per integer.

o
f
Mumber of bits per integer:

E
QK I Cancel | Help | Lol

Number of bits per integer
The number of input bits that the block maps to each integer of the output.
This parameter must be an integer between 1 and 31.

If the input is [0; 1; 1; 1; 1; 1; O; 1] and the Number of bits per integer
parameter is 4, then the output is [7; 13]. The block maps the first group of four
bits (0, 1, 1, 1) to 7 and the second group of four bits (1, 1, 0, 1) to 13. Notice that
the output length is one-fourth of the output length.

Integer to Bit Converter
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BPSK Demodulator Baseband

Purpose
Library

Description

VAL

BPSK -

Dialog Box

4-90

Demodulate BPSK-modulated data
PM, in Digital Baseband sublibrary of Modulation

The BPSK Demodulator Baseband block demodulates a signal that was
modulated using the binary phase shift keying method. The input is a
baseband representation of the modulated signal. The input can be either a
scalar or a frame-based column vector.

The input must be a discrete-time complex signal. The block maps the points
exp(jB) and -exp(jB) to 0 and 1, respectively, where 0 is the Phase offset
parameter.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

Block Parameters Sk, Demodulator Bazeband
— BPSK Demodulator Bazeband [mazk)]
Demodulate the input signal using the binary phase shift keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

.-
F

Fhase offzet [rad):

i

Samples per symbal:

|1
QK I Cancel | Help Lol

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Samples per symbol
The number of input samples that represent each modulated symbol.



BPSK Demodulator Baseband

Pair Block BPSK Modulator Baseband

See Also M-PSK Demodulator Baseband, QPSK Demodulator Baseband, DBPSK
Demodulator Baseband
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BPSK Modulator Baseband

Purpose
Library

Description

LA

BPSK o

Dialog Box

4-92

Modulate using the binary phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The BPSK Modulator Baseband block modulates using the binary phase shift
keying method. The output is a baseband representation of the modulated
signal.

The input must be a discrete-time binary-valued signal. If the input bit is O or
1, respectively, then the modulated symbol is exp(j6) or -exp(j6) respectively,
where 6 is the Phase offset parameter.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

k. Modulator Baseband
— BPSK Modulator Baseband [mask]
Modulate the input zsignal ugsing the binary phaze shift keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

Fhase offzet [rad):

0

Samples per symbal:

|1
QK I Cancel | Help Lol

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Samples per symbol
The number of output samples that the block produces for each input bit.



BPSK Modulator Baseband
|

Pair Block BPSK Demodulator Baseband
See Also M-PSK Modulator Baseband, QPSK Modulator Baseband, DBPSK Modulator
Baseband
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Charge Pump PLL

Purpose

Library

Description

Charge
Fump
FLL

T
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Implement a charge pump phase-locked loop using a digital phase detector
Synchronization

The Charge Pump PLL (phase-locked loop) block automatically adjusts the
phase of a locally generated signal to match the phase of an input signal. It is
suitable for use with digital signals.

This PLL has these three components:

= A sequential logic phase detector, also called a digital phase detector or a
phase/frequency detector.

= Afilter. You specify the filter’s transfer function using the Lowpass filter
numerator and Lowpass filter denominator mask parameters. Each is a
vector that gives the respective polynomial’s coefficients in order of
descending powers of s.

To design a filter, you can use functions such as butter, chebyl, and cheby?2
in the Signal Processing Toolbox. The default filter is a Chebyshev type |1
filter whose transfer function arises from the command below.

[num, den] = cheby2(3,40,100,"s")

= A voltage-controlled oscillator (VCO). You specify characteristics of the VCO
using the VCO input sensitivity, VCO quiescent frequency, VCO initial
phase, and VCO output amplitude parameters.

The input signal represents the received signal. The input must be a
sample-based scalar signal. The three output ports produce:

<« The output of the filter
= The output of the phase detector
< The output of the VCO

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 1. 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.



Charge Pump PLL

Dialog Box

“harge Purnp PLL

— Charge Pump PLL [mask]

Implement a charge pump phase-locked loop uzing a digital phase
detector. The three outputs are the outputs of the lowpass filker, the
phase detector, and the voltage controlled oscillator [VCO). The input
must be a sample-bazed scalar signal.

.-
F

Lowpazs filker numeratar:

Lowpass filker denominator:

|[1 E7.46 2270.9 40002]
WO input sensitivity [Hz A

|1

WO quiescent frequency [Hz):
J100

WO initial phaze [rad]:

Jo

VO output amplitude:

|1
QK I Cancel | Help | Lol

Lowpass filter numerator

The numerator of the lowpass filter’s transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator
The denominator of the lowpass filter's transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

VCO input sensitivity (Hz/V)
This value scales the input to the VCO and, consequently, the shift from
the VCO quiescent frequency value. The units of VCO input sensitivity
are Hertz per volt.

VCO quiescent frequency (Hz)
The frequency of the VCO signal when the voltage applied to it is zero. This
should match the frequency of the input signal.

VCO initial phase (rad)
The initial phase of the VCO signal.
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VCO output amplitude
The amplitude of the VCO signal.

See Also Phase-Locked Loop

References For more information about digital phase-locked loops, see the works listed in
“Selected Bibliography for Synchronization” on page 2-92.
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Complex Phase Difference

Purpose Output the phase difference between the two complex input signals
Library Sequence Operations, in Basic Comm Functions
Description The Complex Phase Difference block accepts two complex input signals that

have the same size and frame status. The output is the phase difference from
Comples Phase the second to the first, measured in radians. The elements of the output are
Difference F between -rtand 1t

The input signals can have any size or frame status. This block processes each
pair of elements independently.

Dialog Box
Block Parameters: Complex P Nifference
Complex Phaze Difference [mask)
Output the phaze difference between the bwo complex input signals. The
range of the phase difference is from -pi to pi.
Cancel | Help Lol
See Also Complex Phase Shift
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Complex Phase Shift

Purpose
Library

Description

In Complex

P [
FhP hase Shift

Dialog Box

See Also

4-98

Shift the phase of the complex input signal by the second input value
Sequence Operations, in Basic Comm Functions

The Complex Phase Shift block accepts a complex signal at the port labeled In.
The output is the result of shifting this signal’'s phase by an amount specified
by the real signal at the input port labeled Ph. The Ph input is measured in
radians, and must have the same size and frame status as the In input.

The input signals can have any size or frame status. This block processes each
pair of corresponding elements independently.

Shift the phaze of the complex input gsignal by the "Ph' input value.

"EDmpIex Fhase Shift [mask)]

Cancel | Help Lol

Complex Phase Difference



Continuous-Time Eye and Scatter Diagrams

Purpose
Library

Description

-

Fa

AENE
EEIEE]
EEEES

Produce eye diagram, scatter, or x-y plots, using trigger to set decision timing
Comm Sinks

The Continuous-Time Eye and Scatter Diagrams block plots eye diagrams,
scatter diagrams, and X-Y diagrams from a continuous-time input signal. The
Diagram type parameter determines which plots the block produces. The
block draws the diagrams in a single window, as in the case of the eye diagram
and scatter diagram below.

4| Continuous-Time Eye and Scatter Diagrams 1= E3
File Edit ¥iew Inset Tools Window Help

DedaE|/ a2/ 220

5 L L L L 4
0 0.02 0.04 0.06 0.08 0.1 5 1} 5

The first input is a complex message signal. It must be a sample-based scalar
signal. The eye diagram and the X-Y diagram both record the trajectories of the
message signal in continuous time.

The second input is a scalar trigger signal that determines the decision timing
for the scatter diagram. At each rising edge of the trigger signal, the block plots
a vertical line in the eye diagram and adds a new point to the scatter plot.

4-99



Continuous-Time Eye and Scatter Diagrams

The Trace period parameter is the number of seconds represented by the
horizontal axis in the eye diagram. The Trace offset parameter is the time
value at the left edge of the horizontal axis of the eye diagram.

Tip This block works better if the model’s simulation step size is suitable for
your data. From the model window’s Simulation menu, choose Simulation
parameters and then choose a value for the Max step size parameter. Try
multiplying this block’s Trace period parameter by 1/8 or 1/16.

To specify the plotting color as well as the line type and/or marker type, use the
Line type parameters that appear after you select a value for the Diagram
type parameter. In the Line type for eye diagram parameter, use a slash (/)
to separate the specifications for the real and imaginary components of the
input signal. Choices for the color, marker, and line types are in the table

below.
Color Characters Marker-Type Characters Line-Type Characters
y Yellow - Point - Solid
m Magenta o] Circle : Dotted
c Cyan X Cross -. Dash-dot
r Red + Plus sign - Dashed
g Green * Asterisk
b Blue s Square
w White d Diamond
k Black \% Triangle (down)
n Triangle (up)
< Triangle (left)
> Triangle (right)
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Continuous-Time Eye and Scatter Diagrams

Dialog Box

Color Characters Marker-Type Characters Line-Type Characters
p Five-pointed star
h Six-pointed star

Block Param ntinuous-Time Epe an tter Diagrams

-~ Continuous-Time Eve and Scatter Diagrams [mask)

Create an eye diagram with or without a scatter diagram or an =7
diagram depending on Diagram type parameter. Uze the tigger input to
determine the decigion time for the scatter plot.

I Trace period:
Trace offset:
Jo

Lower and upper bounds of diagram [2-element vector]:
[i1.51.5

Mumber of saved races:
|5

Diagram type:  |Eve Diagram j
Line type for eye diagranm:
b

QK I Cancel | Help | Lol |

Trace period
The duration of the horizontal axis of the eye diagram, in seconds.

Trace offset
The time at the leftmost edge of the horizontal axis of the eye diagram.

Lower and upper bounds of diagram
A two-element vector containing the minimum and maximum signal
values in the diagrams.

Number of saved traces
The number of curves in the eye diagram, or points in the scatter plot, that
are visible after you resize or restore the figure window.

Diagram type
The diagram(s) that the block produces.
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Line type for eye diagram

A string that specifies the color and the line type for the eye diagram. This
field appears only when the Diagram type parameter is set to an option
that includes an eye diagram.

Line type for scatter diagram

A string that specifies the color and the marker type for the scatter
diagram. This field appears only when the Diagram type parameter is set
to an option that includes an scatter diagram.

Line type for X-Y diagram

A string that specifies the color and the line type for the X-Y diagram. This
field appears only when the Diagram type parameter is set to an option
that includes an X-Y diagram.

Limitations Since this block uses an M-file, you cannot generate C code for it using the
Real-Time Workshop.

See Also Discrete-Time Eye and Scatter Diagrams
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Convolutional Deinterleaver

Purpose Restore ordering of symbols that were permuted using shift registers
Library Convolutional sublibrary of Interleaving
Description The Convolutional Deinterleaver block recovers a signal that was interleaved
using the Convolutional Interleaver block. The parameters in the two blocks
Convolutional should have the same values.

Deinterlaawer

The input can be either a scalar or a frame-based column vector. It can be real
or complex. The sample times of the input and output signals are the same.

Dialog Box
— Convolutional Deinterl [mazk]
A convolutional deinterleaver consists of M shift registers. The ith register
haz delay [M-*B where B iz a specified register length step. ‘With each
new input symbol, & commutator switches to a new register and the new
zymbaol iz shifted in while the oldest symbal in that register iz shifted out.
‘when the commutator reaches the Mth register, upon the next new input,
it returnz to the first register.
F Fiows of shift registers:
Fiegister length step:
|2
Initial conditions:
Jo
QK I Cancel | Help | Lol
Rows of shift registers
The number of shift registers that the block uses internally.
Register length step
The difference in symbol capacity of each successive shift register, where
the last register holds zero symbols.
Initial conditions
The values that fill each shift register when the simulation begins.
Pair Block Convolutional Interleaver
See Also General Multiplexed Deinterleaver, Helical Deinterleaver
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References [1] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital
Communications. New York: Plenum Press, 1981.

[2] Forney, G., D., Jr. “Burst-Correcting Codes for the Classic Bursty Channel.”
IEEE Transactions on Communications, vol. COM-19, October 1971. 772-781.

[3] Ramsey, J. L. “Realization of Optimum Interleavers.” IEEE Transactions on
Information Theory, IT-16 (3), May 1970. 338-345.
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Convolutional Encoder

Purpose
Library

Description

Convolutional
Encoder

Create a convolutional code from binary data
Convolutional sublibrary of Channel Coding

The Convolutional Encoder block encodes a sequence of binary input vectors to
produce a sequence of binary output vectors. This block can process multiple
symbols at a time.

Input and Output Sizes

If the encoder takes k input bit streams (that is, can receive 2K possible input
symbols), then this block’s input vector length is L*k for some positive integer
L. Similarly, if the encoder produces n output bit streams (that is, can produce
2" possible output symbols), then this block’s output vector length is L*n.

The input can be a sample-based vector with L = 1, or a frame-based column
vector with any positive integer for L.

Specifying the Encoder

To define the convolutional encoder, use the Trellis structure parameter. This
parameter is a MATLAB structure whose format is described in the section,
“Trellis Description of a Convolutional Encoder,” in the Communications
Toolbox User’'s Guide. You can use this parameter field in two ways:

= |f you have a variable in the MATLAB workspace that contains the trellis
structure, then enter its name as the Trellis structure parameter. This way
is preferable because it causes Simulink to spend less time updating the
diagram at the beginning of each simulation, compared to the usage in the
next bulleted item.

= |f you want to specify the encoder using its constraint length, generator
polynomials, and possibly feedback connection polynomials, then use a
poly2trellis command within the Trellis structure field. For example, to
use an encoder with a constraint length of 7, code generator polynomials of
171 and 133 (in octal numbers), and a feedback connection of 171 (in octal),
set the Trellis structure parameter to

poly2trellis(7,[171 133],171)

The encoder registers begin in the all-zeros state. You can configure the
encoder so that it resets its registers to the all-zeros state during the course of
the simulation. To do this, use one of these values of the Reset parameter:
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Convolutional Encoder

Dialog Box

See Also

References
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= The value None indicates that the encoder never resets.
= The value On each frame indicates that the encoder resets at the beginning
of each frame, before processing the next frame of input data

< The value On nonzero Rst input causes the block to have a second input
port, labeled Rst. The signal at the Rst port is a scalar signal. When it is
nonzero, the encoder resets before processing the data at the first input port.

Block Parameters: Convolutional Encoder

— Convolutional Encoder [mazk]

Convolutionally encode binary data. Use the poly2trellis function to
create a trellis using the constraint length, code generator [octal] and
feedback connection [octal).

Usze the istrellis function in MATLAE to check if a structure is a valid trellis
structure.

Trellis structure:

Reset: I Mone j

QK I Cancel | Help | Lol |

Trellis structure
MATLAB structure that contains the trellis description of the
convolutional encoder.

Reset

Determines whether and under what circumstances the encoder resets to
the all-zeros state before processing the input data. Choices are None, On
each frame, and On nonzero Rst input. The last option causes the block
to have a second input port, labeled Rst.

Viterbi Decoder, APP Decoder

[1] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital
Communications. New York: Plenum Press, 1981.

[2] Gitlin, Richard D., Jeremiah F. Hayes, and Stephen B. Weinstein. Data
Communications Principles. New York: Plenum, 1992.



Convolutional Interleaver

Purpose
Library

Description

Convalutional
Interleavar

Dialog Box

Permute input symbols using a set of shift registers
Convolutional sublibrary of Interleaving

The Convolutional Interleaver block permutes the symbols in the input signal.
Internally, it uses a set of shift registers. The delay value of the kth shift
register is (k-1) times the Register length step parameter. The number of shift
registers is the value of the Rows of shift registers parameter.

The Initial conditions parameter indicates the values that fill each shift
register at the beginning of the simulation (except for the first shift register,
which has zero delay). If Initial conditions is a scalar, then its value fills all
shift registers except the first; if Initial conditions is a column vector whose
length is the Rows of shift registers parameter, then each entry fills the
corresponding shift register. The value of the first element of the Initial
conditions parameter is unimportant, since the first shift register has zero
delay.

The input can be either a scalar or a frame-based column vector. It can be real
or complex. The sample times of the input and output signals are the same.

solutional Interleaver

— Convolutional Interl [mazk]

A convolutional interleaver congists of M shift registers. The ith register
haz delay [i-1]°B where B iz a specified register length step. 'with each
new input symbol, & commutator switches to a new register and the new
zymbaol iz shifted in while the oldest symbal in that register iz shifted out.
‘when the commutator reaches the Mth register, upon the next new input,
it returnz to the first register.

=
F

Fiows of shift registers:

Fiegister length step:
|2

Initial conditions:
Jo

QK I Cancel | Help | Lol

Rows of shift registers
The number of shift registers that the block uses internally.
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Pair Block
See Also

References

4-108

Register length step

The number of additional symbols that fit in each successive shift register,
where the first register holds zero symbols.

Initial conditions
The values that fill each shift register when the simulation begins.

Convolutional Deinterleaver
General Multiplexed Interleaver, Helical Interleaver
[1] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital

Communications. New York: Plenum Press, 1981.

[2] Forney, G., D., Jr. “Burst-Correcting Codes for the Classic Bursty Channel.”
IEEE Transactions on Communications, vol. COM-19, October 1971. 772-781.

[3] Ramsey, J. L. “Realization of Optimum Interleavers.” IEEE Transactions on
Information Theory, IT-16 (3), May 1970. 338-345.



CPFSK Demodulator Baseband

Purpose
Library

Description

AN Il

CPFSk

by

Demodulate CPFSK-modulated data
CPM, in Digital Baseband sublibrary of Modulation

The CPFSK Demodulator Baseband block demodulates a signal that was
modulated using the continuous phase frequency shift keying method. The
input is a baseband representation of the modulated signal. The M-ary
number parameter, M, is the size of the input alphabet. M must have the form
2K for some positive integer K.

The Modulation index parameter times 1t radians is the phase shift in the
modulated signal due to the latest symbol, when that symbol is the integer 1.
The Phase offset parameter is the initial phase of the modulated waveform.

Traceback Length and Output Delays

Internally, this block creates a trellis description of the modulation scheme and
uses the Viterbi algorithm. The Traceback length parameter, D, in this block
is the number of trellis branches used to construct each traceback path. D
influences the output delay, which is the number of zero symbols that precede
the first meaningful demodulated value in the output.

= |If the input signal is sample-based, then the delay consists of D+1 zero
symbols.

= If the input signal is frame-based, then the delay consists of D zero symbols.

Outputs and Symbol Sets

If the Output type parameter is set to Integer, then the block produces odd
integers between -(M-1) and M-1.

If the Output type parameter is set to Bit, then the block produces groupings
of K bits. Each grouping is called a binary word.

In binary output mode, the block first maps each input symbol to an
intermediate value as in the integer output mode. The block then maps the odd
integer k to the nonnegative integer (k+M-1)/2. Finally, the block maps each
nonnegative integer to a binary word, using a mapping that depends on
whether the Symbol set ordering parameter is set to Binary or Gray. For
more information about Gray and binary coding, see “Binary-Valued and
Integer-Valued Signals” on page 2-68.
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CPFSK Demodulator Baseband

Dialog Box

4-110

The input can be either a scalar or a frame-based column vector.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

Bl aramel SK. Demodulator B
— CPFSK Demodulator Bazeband [mazk)]

Demodulate the CPFSK modulated input signal using the Yiterbi
algorithm. Traceback length iz the number of trelliz branches that the
algorithm uzes to construct each traceback path.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of spmbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

.-
F

I-ary nurmber:
Output type: Ilnteger j
Sumibal et arderning: IBinary j

Modulation indesx:
|5
Fhase offzet [rad):
Jo

Samples per symbal:
IE

Traceback length:
Jie

QK I Cancel | Help Lppli

M-ary number
The size of the alphabet.

Output type
Determines whether the output consists of integers or groups of bits.



CPFSK Demodulator Baseband

Pair Block

See Also

References

Symbol set ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Modulation index

The number of half-revolutions of phase shift in the modulated signal after
modulating the latest symbol of 1.

Phase offset (rad)
The initial phase of the modulated waveform.

Samples per symbol
The number of input samples that represent each modulated symbol.

Traceback length
The number of trellis branches that the Viterbi Decoder block uses to

construct each traceback path.
CPFSK Modulator Baseband

CPM Demodulator Baseband, Viterbi Decoder, M-FSK Demodulator Baseband

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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CPFSK Demodulator Passband

Purpose
Library

Description

LT I

CPF3SK

o
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Demodulate CPFSK-modulated data
CPM, in Digital Passband sublibrary of Modulation

The CPFSK Demodulator Passband block demodulates a signal that was
modulated using the continuous phase frequency shift keying method. The
input is a passband representation of the modulated signal. The M-ary
number parameter, M, is the size of the input alphabet. M must have the form
2K for some positive integer K.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, CPFSK Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

< M-ary number

= Qutput type

= Signal set ordering
= Modulation index
= Traceback length

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

- Input sample time > (Carrier frequency)™
< Symbol period < [2*Carrier frequency + 2/(Input sample time)]'l



CPFSK Demodulator Passband

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.

Dialog Box
Block Parars rnodulatar P.
— CPFSK Demodulator Pazsband [mazk]

Demodulate the CPFSK modulated input signal using the Yiterbi
algorithm. Traceback length iz the number of trelliz branches that the
algorithm uzes to construct each raceback path.

The input must be sample-bazed. The symbal period must be an integer
multiple of the product of the baseband samples per symbal and the input

zample time.
=P
-ary number:
[z
Output type: Ilnteger j
Sumitalleet ardentg: IBinary j

Modulation index:
|5

Symbol period [z]:
J1100

Baseband samples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

Traceback length:
Jie

QK I Cancel | Help Lol

M-ary number
The size of the alphabet.

Output type
Determines whether the output consists of integers or groups of bits.
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Symbol set ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Modulation index

The number of half-revolutions of phase shift in the modulated signal after
modulating the latest symbol of 1.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.

Traceback length

The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

Pair Block CPFSK Modulator Passband

See Also CPFSK Demodulator Baseband, Viterbi Decoder, M-FSK Demodulator
Passband

References [1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase

Modulation. New York: Plenum Press, 1986.
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CPFSK Modulator Baseband

Purpose
Library

Description

LI

CPFSk

by

Modulate using the continuous phase frequency shift keying method
CPM, in Digital Baseband sublibrary of Modulation

The CPFSK Modulator Baseband block modulates using the continuous phase
frequency shift keying method. The output is a baseband representation of the
modulated signal. The M-ary number parameter, M, is the size of the input
alphabet. M must have the form 2K for some positive integer K.

The Modulation index parameter times 1tradians is the phase shift due to the
latest symbol when that symbol is the integer 1. The Phase offset parameter
is the initial phase of the output waveform, measured in radians.

For the exact definitions of the rectangular pulse shape that this block uses, see
the work by Anderson, Aulin, and Sundberg listed in “References” on page
4-117.

Inputs and Symbol Sets

If the Input type parameter is set to Integer, then the block accepts odd
integers between -(M-1) and M-1.

If the Input type parameter is set to Bit, then the block accepts groupings of
K bits. Each grouping is called a binary word. The input vector length must be
an integer multiple of K.

In binary input mode, the block maps each binary word to an integer between
0 and M-1, using a mapping that depends on whether the Symbol set ordering
parameter is set to Binary or Gray. The block then maps the integer k to the
intermediate value 2k-(M-1) and proceeds as in the integer input mode. For
more information, see “Binary-Valued and Integer-Valued Signals” on page
2-68.

The input can be either a scalar or a frame-based column vector. If Input type
is Bit, then the input can also be a vector of length K.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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CPFSK Modulator Baseband

Dialog Box

Bl aramel E odulator
— CPFSK Modulator Baseband [mask)

Modulate the input zsignal ugsing the continuous phase frequency shift
keying method.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

I4-ary number:

[z

Irput bype: Ilnteger j
Sumitalleet ardentg: IBinary j

Modulation index:
|5
Fhase offzet [rad):
Jo

Samples per symbal:
IE

QK I Cancel | Help Lol

M-ary number
The size of the alphabet.

Input type
Indicates whether the input consists of integers or groups of bits.

Symbol set ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Modulation index

The number of half-revolutions of phase shift due to the latest symbol when
that symbol is the integer 1.
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Pair Block

See Also

References

Phase offset (rad)
The initial phase of the output waveform.

Samples per symbol
The number of output samples that the block produces for each integer or

binary word in the input.
CPFSK Demodulator Baseband

CPM Modulator Baseband, M-FSK Modulator Baseband

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Purpose
Library

Description

LA,

CPF3SK

o
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Modulate using the continuous phase frequency shift keying method
CPM, in Digital Passband sublibrary of Modulation

The CPFSK Modulator Passand block modulates using the continuous phase
frequency shift keying method. The output is a passband representation of the
modulated signal. The M-ary number parameter, M, is the size of the input
alphabet. M must have the form 2K for some positive integer K.

This block uses the baseband equivalent block, CPFSK Modulator Baseband,
for internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

< M-ary number

= Input type

= Symbol set ordering
= Modulation index

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)?
- Output sample time < [2*Carrier frequency + 2/(Symbol period)]?



CPFSK Modulator Passband

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Dialog Box

Block Parars CP dulator Passband
— CPFSK Modulator Passband [mask]

Modulate the input zsignal using continuous phase FSK.

The input must be sample-bazed and contain either an integer or log2[M]
bitz. The input zample time must equal the symbol period. The symbal
period must be an integer multiple of the product of the bazeband
zamples per symbol and the output zample time.

=
F

I4-ary number:

[z

Irput bype: Ilnteger j
Sumitalleet ardentg: IBinary j

Modulation index:
|5

Symbol period [z]:
J1100

Baseband samples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel | Help Lol

M-ary number
The size of the alphabet.
Input type
Indicates whether the input consists of integers or groups of bits.

Symbol set ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.
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Pair Block

See Also

References
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Modulation index

The number of half-revolutions of phase shift due to the latest symbol when
that symbol is the integer 1.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

CPFSK Demodulator Passband
CPFSK Modulator Baseband, M-FSK Modulator Passband

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.



CPM Demodulator Baseband

Purpose
Library

Description

AN Il
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Demodulate CPM-modulated data
CPM, in Digital Baseband sublibrary of Modulation

The CPM Demodulator Baseband block demodulates a signal that was
modulated using continuous phase modulation. The input is a baseband
representation of the modulated signal. The M-ary number parameter, M, is
the size of the input alphabet. M must have the form 2K for some positive
integer K.

The input can be either a scalar or a frame-based column vector.

The Modulation index, Frequency pulse shape, Rolloff, BT product, Pulse
length, Symbol prehistory, and Phase offset parameters are as described on
the reference page for the CPM Modulator Baseband block.

Traceback Length and Output Delays

Internally, this block creates a trellis description of the modulation scheme and
uses the Viterbi algorithm. The Traceback length parameter, D, in this block
is the number of trellis branches used to construct each traceback path. D
influences the output delay, which is the number of zero symbols that precede
the first meaningful demodulated value in the output.

= |f the input signal is sample-based, then the delay consists of D+1 zero
symbols.

= If the input signal is frame-based, then the delay consists of D zero symbols.

Outputs and Symbol Sets

If the Output type parameter is set to Integer, then the block produces odd
integers between -(M-1) and M-1.

If the Output type parameter is set to Bit, then the block produces groupings
of K bits. Each grouping is called a binary word.

In binary output mode, the block first maps each input symbol to an
intermediate value as in the integer output mode. The block then maps the odd
integer k to the nonnegative integer (k+M-1)/2. Finally, the block maps each
nonnegative integer to a binary word, using a mapping that depends on
whether the Symbol set ordering parameter is set to Binary or Gray. For
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more information about Gray and binary coding, see “Binary-Valued and
Integer-Valued Signals” on page 2-68.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.



CPM Demodulator Baseband

Dialog Box

— CPM Demodulator Bazeband [mazk)]

Demodulate the CP modulated input gsignal using the Yiterbi algorithm.
Traceback length is the number of trellis branches that the algorithm uses
to construct each traceback path.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of spmbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=3 |
F

-ary number:
4

Output type: I Integer

L L

Spmballset orderng: IBinary

Modulation indesx:
05

Frequency pulze shape: IHeCtanguIar j
Pulze length [symbol intervals]:

|1

Symbal prehistory:

|1

Fhase offzet [rad):

Jo

Samples per symbal:
IE

Traceback length:
Jie

QK I Cancel Help Lppli

M-ary number
The size of the alphabet.

Output type
Determines whether the output consists of integers or groups of bits.
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Pair Block

See Also

References
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Symbol set ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Modulation index

The number of half-revolutions of phase shift in the modulated signal after
modulating the latest symbol of 1.

Frequency pulse shape
The type of pulse shaping that the corresponding modulator uses to smooth
the phase transitions of the modulated signal.

Rolloff
The rolloff factor of the raised cosine filter. This field appears only when
Frequency pulse shape is set to Spectral Raised Cosine.

BT product
The product of bandwidth and time. This field appears only when
Frequency pulse shape is set to Gaussian.

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory
The data symbols used by the modulator before the start of the simulation.

Phase offset (rad)
The initial phase of the modulated waveform.

Samples per symbol
The number of input samples that represent each modulated symbol.

Traceback length
The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

CPM Modulator Baseband

CPFSK Demodulator Baseband, GMSK Demodulator Baseband, MSK
Demodulator Baseband, Viterbi Decoder

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Purpose
Library

Description
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CFh

Demodulate CPM-modulated data
CPM, in Digital Passband sublibrary of Modulation

The CPM Demodulator Passband block demodulates a signal that was
modulated using continuous phase modulation. The input is a passband
representation of the modulated signal. The M-ary number parameter, M, is
the size of the input alphabet. M must have the form 2K for some positive
integer K.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, CPM Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

< M-ary number

= Qutput type

= Symbol set ordering

= Modulation index

= Frequency pulse shape
= Rolloff

= BT product

= Pulse length

< Symbol prehistory

= Traceback length

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.
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The timing-related parameters must satisfy these relationships:

- Input sample time > (Carrier frequency)?
=« Symbol period < [2*Carrier frequency + 2/(Input sample time)]'1

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.



CPM Demodulator Passband

Dialog Box

— CPM Demodulator Pazsband [mask)

Demodulate the CP modulated input gsignal using the Yiterbi algorithm.
Traceback length is the number of trellis branches that the algorithm uses
to construct each traceback path.

The input must be sample-bazed. The symbal period must be an integer
multiple of the product of the baseband samples per symbal and the input
zample time.

The Symbol prehistory parameter is the data spmbol(s] used before the
start of the: simulation.

—P |
F

-ary number:
4

Output type: I Integer

L L

Spmballset orderng: IBinary

Modulation indesx:
05

Frequency pulze shape: IHeCtanguIar j
Pulze length [symbol intervals]:

|1

Symbal prehistory:

|1

Symbol period [z]:

J1100

Baseband zamples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

Traceback length:
Jie

QK I Cancel | Help Lppli

M-ary number
The size of the alphabet.

Output type
Determines whether the output consists of integers or groups of bits.
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Symbol set ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Modulation index

The number of half-revolutions of phase shift in the modulated signal after
modulating the latest symbol of 1.

Frequency pulse shape

The type of pulse shaping that the corresponding modulator uses to smooth
the phase transitions of the modulated signal.

Rolloff

The rolloff factor of the raised cosine filter. This field appears only when
Frequency pulse shape is set to Spectral Raised Cosine.

BT product

The product of bandwidth and time. This field appears only when
Frequency pulse shape is set to Gaussian.

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory
The data symbols used by the modulator before the start of the simulation.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.
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Traceback length

The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

Pair Block CPM Modulator Passband
See Also CPM Demodulator Baseband, Viterbi Decoder
References [1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase

Modulation. New York: Plenum Press, 1986.
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Library

Description
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Modulate using continuous phase modulation
CPM, in Digital Baseband sublibrary of Modulation

The CPM Modulator Baseband block modulates using continuous phase
modulation. The output is a baseband representation of the modulated signal.
The M-ary number parameter, M, is the size of the input alphabet. M must
have the form 2K for some positive integer K.

Continuous phase modulation uses pulse shaping to smooth the phase
transitions of the modulated signal. Using the Frequency pulse shape
parameter, you can choose these types of pulse shapes:

= Rectangular
= Raised Cosine
= Spectral Raised Cosine

This option requires an additional parameter, Rolloff. The Rolloff
parameter, which affects the spectrum of the pulse, is a scalar between zero
and one.

< Gaussian

This option requires an additional parameter, BT product. The BT product
parameter, which represents bandwidth multipled by time, is a nonnegative
scalar. It is used to reduce the bandwidth at the expense of increased
intersymbol interference.

< Tamed FM (tamed frequency modulation)

For the exact definitions of these pulse shapes, see the work by Anderson,
Aulin, and Sundberg listed in “References” on page 4-133. Each pulse shape
has a correponding pulse duration. The Pulse length parameter measures this
quantity in symbol intervals.

The Modulation index parameter times 1tradians is the phase shift due to the
latest symbol when that symbol is the integer 1. The Phase offset parameter
is the initial phase of the output waveform, measured in radians.

The Symbol prehistory parameter is a scalar or vector that specifies the data
symbols used before the start of the simulation, in reverse chronological order.
If it is a vector, then its length must be one less than the Pulse length
parameter.
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Inputs and Symbol Sets

If the Input type parameter is set to Integer, then the block accepts odd
integers between -(M-1) and M-1.

If the Input type parameter is set to Bit, then the block accepts groupings of
K bits. Each grouping is called a binary word. The input vector length must be
an integer multiple of K.

In binary input mode, the block maps each binary word to an integer between
0 and M-1, using a mapping that depends on whether the Symbol set ordering
parameter is set to Binary or Gray. The block then maps the integer k to the
intermediate value 2k-(M-1) and proceeds as in the integer input mode. For
more information, see “Binary-Valued and Integer-Valued Signals” on page
2-68.

The input can be either a scalar or a frame-based column vector. If Input type
is Bit, then the input can also be a vector of length K.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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Dialog Box

— CPM Modulator Baseband [mask]

Output the complex envelope representation of the selected continuous
phase modulation.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

The Symbol prehistory parameter is the data spmbol(s] uzed before the
start of the simulation.

P '
-ary number:
4

Input type: I Integer

L L

Spmballset ordenng: IBinary

Modulation index:
05

Frequency pulze shape: IHeCtanguIar j
Pulze length [symbol intervals]:

|1

Symbal prehistory:

|1

Fhase offzet [rad):

Jo

Samples per symbal:
IE

QK I Cancel | Help Lol

M-ary number
The size of the alphabet.

Input type
Indicates whether the input consists of integers or groups of bits.
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Pair Block

See Also

References

Symbol set ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Modulation index

The number of half-revolutions of phase shift due to the latest symbol when
that symbol is the integer 1.

Frequency pulse shape
The type of pulse shaping that the block uses to smooth the phase
transitions of the modulated signal.

Rolloff
The rolloff factor of the raised cosine filter. This field appears only when
Frequency pulse shape is set to Spectral Raised Cosine.

BT product
The product of bandwidth and time. This field appears only when
Frequency pulse shape is set to Gaussian.

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory

The data symbols used before the start of the simulation, in reverse
chronological order.

Phase offset (rad)
The initial phase of the output waveform.

Samples per symbol

The number of output samples that the block produces for each integer or
binary word in the input.

CPM Demodulator Baseband

CPFSK Modulator Baseband, GMSK Modulator Baseband, MSK Modulator
Baseband

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.

4-133



CPM Modulator Passband

Purpose
Library

Description

Lo,

CFh

4-134

Modulate using continuous phase modulation
CPM, in Digital Passband sublibrary of Modulation

The CPM Modulator Passband block modulates using continuous phase
modulation. The output is a passband representation of the modulated signal.
The M-ary number parameter, M, is the size of the input alphabet. M must
have the form 2K for some positive integer K.

This block uses the baseband equivalent block, CPM Modulator Baseband, for
internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

< M-ary number

= Input type

= Symbol set ordering

= Modulation index

= Frequency pulse shape
= Rolloff

= BT product

= Pulse length

< Symbol prehistory

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each



CPM Modulator Passband

integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:
< Symbol period > (Carrier frequency)?

= Output sample time < [2*Carrier frequency + 2/(Symbol period)]'1

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.
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Dialog Box
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— CPM Modulator Pazsband [maszk)]

Output the complex envelope representation of the selected continuous
phase modulation in rezponse ta the input data.

The input must be sample-bazed and contain either an integer or log2[M]
bitz. The input zample time must equal the symbol period. The symbal
period must be an integer multiple of the product of the bazeband
zamples per symbol and the output zample time.

=
F

-ary number:

L

Input type: Ilnteger j
Sumitalleet ardentg: IBinary j
Modulation index:

05

Frequency pulze shape: IHeCtanguIar j

Pulze length [symbol intervals]:
|1

Symbal prehistory:

|1

Symbol period [z]:

J1100

Baseband samples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel | Help Lol

M-ary number
The size of the alphabet.

Input type
Indicates whether the input consists of integers or groups of bits.

Symbol set ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.
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Pair Block

Modulation index

The number of half-revolutions of phase shift due to the latest symbol when
that symbol is the integer 1.

Frequency pulse shape

The type of pulse shaping that the block uses to smooth the phase
transitions of the modulated signal.

Rolloff
The rolloff factor of the raised cosine filter. This field appears only when
Frequency pulse shape is set to Spectral Raised Cosine.

BT product
The product of bandwidth and time. This field appears only when
Frequency pulse shape is set to Gaussian.

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory

The data symbols used before the start of the simulation, in reverse
chronological order.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

CPM Demodulator Passband
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See Also CPM Modulator Baseband

References [2] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Purpose
Library

Description

[rata
happer

Map integer symbols from one coding scheme to another
Utility Functions

The Data Mapper block accepts integer inputs and produces integer outputs.
You can select one of four mapping modes: Binary to Gray, Gray to Binary,
User Defined, or Straight Through.

The input can be either a scalar, a sample-based vector, or a frame-based
column vector.

Gray coding is an ordering of binary numbers such that all adjacent numbers
differ by only one bit. However, the inputs and outputs of this block are
integers, not binary vectors. As a result, the first two mapping modes perform
code conversions as follows:

« In the Binary to Gray mode, the output from this block is the integer
equivalent of the Gray code bit representation for the input integer.

= In the Gray to Binary mode, the output from this block is the integer
position of the binary equivalent of the input integer in a Gray code ordering.

As an example, the table below shows both the Binary to Gray and Gray to
Binary mappings for integers in the range 0 to 7. In the Binary to Gray Mode
Output column, notice that binary representations in successive rows differ by
exactly one bit. In the Gray to Binary Mode columns, notice that sorting the
rows by Output value creates a Gray code ordering of Input binary
representations.

Binary to Gray Mode Gray to Binary Mode
Input Output Input Output
0 0 (000) 0 (000) 0

1 1 (001) 1 (001) 1

2 3(011) 2 (010) 3

3 2 (010) 3 (011) 2

4 6 (110) 4 (100) 7
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Dialog Box
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Binary to Gray Mode

Gray to Binary Mode

Input Output Input Output
5 7 (111) 5(101) 6
6 5(101) 6 (110) 4
7 4 (100) 7 (111) 5

When you select the User Defined mode, you can use any arbitrary mapping
by providing a vector to specify the output ordering. For example, the vector
[1,5,0,4,2,3] defines the following mapping:

«-0-1
1.5
«2-0
34
4.2
5.3

When you select the Straight Through mode, the output equals the input.

Block Parameters: D ata b apper

— Data Mapper [mazk]

Map integer symbolz from one coding scheme to another.

The input can be either a scalar, a sample-based vector, or a
frame-based column wectar.

=
F

Mapping mode: [ EREIEIETENEG———

Symbol zet size [M]:
IE

I Epping vectorn
Joi327645]

.

Cancel | Help | Lol

Mapping mode

The type of data mapping that the block performs.



Data Mapper

Symbol set size

Symbol set size of M restricts this block’s inputs and outputs to integers in
the range 0 to M-1.

Mapping vector

A vector of length M that contains the integers from 0 to M-1. The order of
the elements of this vector specifies the mapping of inputs to outputs. This
field is active only when Mapping mode is set to User Defined.
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Description
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Dialog Box
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Demodulate DBPSK-modulated data
PM, in Digital Baseband sublibrary of Modulation

The DBPSK Demodulator Baseband block demodulates a signal that was
modulated using the differential binary phase shift keying method. The input
is a baseband representation of the modulated signal.

The input must be a discrete-time complex signal. The block compares the
current symbol to the previous symbol. It maps phase differences of 6 and 11+6,
respectively, to outputs of 0 and 1, respectively, where 8 is the Phase offset
parameter. The first element of the block’s output is the initial condition of zero
because there is no previous symbol with which to compare the first symbol.

The input can be either a scalar or a frame-based column vector.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

BPS5K. Demodulator Baseband

— DBPSE Demodulator Baseband [mask)

Demodulate the input signal using the differential binary phaze shift
keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=
F

Fhase offzet [rad):

0

Samples per symbal:

|1
QK I Cancel Help Lol




DBPSK Demodulator Baseband

Pair Block

See Also

Phase offset (rad)

This phase difference between the current and previous modulated
symbols results in an output of zero.

Samples per symbol
The number of input samples that represent each modulated symbol.

DBPSK Modulator Baseband

M-DPSK Demodulator Baseband, DQPSK Demodulator Baseband, BPSK
Demodulator Baseband
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Dialog Box
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Modulate using the differential binary phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The DBPSK Modulator Baseband block modulates using the differential
binary phase shift keying method. The output is a baseband representation of
the modulated signal.

The input must be a discrete-time binary-valued signal. The input can be
either a scalar or a frame-based column vector. These rules govern this
modulation method when the Phase offset parameter is 6:

= If the first input bit is O or 1, respectively, then the first modulated symbol
is exp(j6) or -exp(jo), respectively.

= If a successive input bit is 0 or 1, respectively, then the modulated symbol is
the previous modulated symbol multiplied by exp(j0) or -exp(j0), respectively.

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

Block Param ) du
— DEPSE Modulator Bazeband [maszk)]

Modulate the input signal uzging the differential binary phaze shift keying
method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

Fhase offzet [rad):

0

Samples per symbal:

|1
QK I Cancel Help Lol




DBPSK Modulator Baseband

Pair Block

See Also

Phase offset (rad)

The phase difference between the previous and current modulated symbols
when the input is zero.

Samples per symbol
The number of output samples that the block produces for each input bit.

DBPSK Demodulator Baseband

M-DPSK Modulator Passband, DQPSK Modulator Baseband, BPSK
Modulator Baseband
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Deinterlacer

Purpose
Library

Description

Ceintarlacer

Dialog Box

Examples

Pair Block

See Also

4-146

Distribute elements of input vector alternately between two output vectors
Sequence Operations, in Basic Comm Functions

The Deinterlacer block accepts an input vector that has an even number of
elements. The block alternately places the elements in each of two output
vectors. As a result, each output vector size is half the input vector size. The
output vectors have the same complexity and sample time of the input.

The input can be either a sample-based vector of length two, or a frame-based
column vector whose length is any even integer.

This block can be useful for separating in-phase and quadrature information
from a single vector into separate vectors.

Dreinterlacer [mazk]

Separate the elements of the input signal to generate the output signals.
The odd-numbered elements of the input signal become the first output
zighal, while the even-numbered elements of the input signal become the
zecond output zsignal.

The input can be either a scalar or a frame-based column vector,

Cancel | Help | Lol |

If the input vector is frame-based with value [1; 5; 2; 6; 3; 7; 4, 8], then the two
output vectors are [1; 2; 3; 4] and [5; 6; 7; 8]. Notice that this is the inverse of
the example on the reference page for the Interlacer block.

If the input vector is frame-based with value [1; 2; 3; 4; 5; 6], then the two
output vectors are [1; 3; 5] and [2; 4; 6].

Interlacer

Demux (Simulink)



Derepeat

Purpose
Library

Description

Lerepeat
fis]

Reduce sampling rate by averaging consecutive samples
Sequence Operations, in Basic Comm Functions

The Derepeat block resamples the discrete input at a rate 1/N times the input
sample rate by averaging N consecutive samples. This is one possible inverse
of the Repeat block (DSP Blockset). The positive integer N is the Derepeat
factor parameter in the Derepeat mask.

The Initial condition parameter prescribes elements of the output when it is
still too early for the input data to show up in the output. If the dimensions of
the Initial condition parameter match the output dimensions, then the
parameter represents the initial output value. If Initial condition is a scalar,
then it represents the initial value of each element in the output.

The input can have any shape or frame status.

Sample-Based Operation

If the input is sample-based, then the block assumes that the input is a vector
or matrix whose elements represent samples from independent channels. The
block averages samples from each channel independently over time. The
output period is N times the input period, and the input and output sizes are
identical.

Frame-Based Operation

If the input is frame-based, then the block derepeats each frame, treating
distinct channels independently. Each element of the output is the average of
N consecutive elements along a column of the input matrix. The Derepeat
factor must be less than the frame size.

The Framing parameter determines how the block adjusts the rate at the
output to accommodate the reduced number of samples. The two options are:

= Maintain input frame size

The block reduces the sampling rate by using a proportionally longer frame
period at the output port than at the input port. For derepetition by a factor
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Derepeat

Dialog Box

4-148

of N, the output frame period is N times the input frame period, but the input
and output frame sizes are equal.

For example, if a single-channel input with a frame period of 1 second is
derepeated by a factor of 4, then the output has a frame period of 4 seconds.
The input and output frame sizes are equal.

Maintain input frame rate

The block reduces the sampling rate by using a proportionally smaller frame
size than the input. For derepetition by a factor of N, the output frame size
is 1/N times the input frame size, but the input and output frame rates are
equal. The Initial condition parameter does not apply to this option because
the input data immediately shows up in the output.

For example, if a single-channel input with 64 elements is derepeated by a
factor of 4, then the output contains 16 elements. The input and output frame
periods are equal.

— Derepeat [mask]

Derepeat by an integer factor. The value of each output sample iz the
mean value of M consecutive input samples.

=
F

Derepeat factor, M:

Initial condition:
Jo

Framing: IMaintain input frame size j

QK I Cancel | Help | Lol |

Derepeat factor, N

The number of consecutive input samples to average in order to produce
each output sample.

Initial condition

The value with which to initialize the block.



Derepeat

Framing

For frame-based operation, the method by which to reduce the amount of
data. One method decreases the frame rate while maintaining frame size,
while the other decreases the frame size while maintaining frame rate.

See Also Repeat (DSP Blockset), Downsample (DSP Blockset)
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Descrambler

Purpose
Library

Description

4-150

Descrambler |-

Descramble the input signal
Sequence Operations, in Basic Comm Functions

The Descrambler block descrambles the scalar input signal. The Descrambler
block is the inverse of the Scrambler block. If you use the Scrambler block in
the transmitter, then you should use the Descrambler block in the receiver.

Below is a schematic of the descrambler. All adders perform addition modulo
N, where N is the Calculation base parameter. The input values must be
integers between 0 and N-1.

Input data

> 1 (B 2 - --— M1l [ M

/ / <_é<_'/

Descrambled data

(+)-

-

At each time step, the input causes the contents of the registers to shift
sequentially. Each switch in the descrambler is on or off as defined by the
Scramble polynomial parameter. To make the Descrambler block reverse the
operation of the Scrambler block, use the same Scramble polynomial
parameters in both blocks. The Initial states can be different in the two blocks,
considering the transmitting and receiving filter delay. See the reference page
for the Scrambler block for more information about these parameters.



Descrambler

Dialog Box

Pair Block

— Descrambler [mask]

Descramble the input scalar data using a linear feedback shift register
whoze configuration iz specified by the Scramble polynomial parameter.

The Scramble polynomial parameter values represent the shift register
connections. Enter these values az either a binary vector or a
dezcending ordered polynomial to indicate the connection paints.

For the binary vector representation the first and last elements of the
wector must be 1. For the descending ordered polynomial representation
the first element of the wector must be 0.

=

f
Calculation base:

L

Scramble polynomial:
11101]

Initial states:
Jio123

QK I Cancel | Help | Lol |

Calculation base

The calculation base N. The input and output of this block are integers in

the range [0, N-1].

Scramble polynomial

A polynomial that defines the connections in the scrambler.

Initial states

The states of the scrambler’s registers when the simulation starts.

Scrambler
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Differential Decoder

Purpose Decode a binary signal using differential coding technique.
Library Source Coding

Description The Differential Decoder block decodes the binary input signal. The output of
the Differential Decoder block is the decoded binary signal.

Crifferantial
decoder

The block’s input m and output d are related by
d(tg) = m(tg) + 1 mod 2

d(ty) = m(te.1) + m(t) +1 mod 2
where t is the kth time step.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. This block processes each vector element independently.

Dialog Box

Block Parameters: Differential Decoder

- Differential Decoder [mask]

The binary scalar output of this block, Dk, is a logical differential
computation of the binary scalar input of thiz block, M(k). D(k] = rem{k[k]
+Mk-1]+1.2).

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

=
F

Symbol interval [z]:

QK I Cancel | Help | Lol |

Symbol interval (s)
The sample time of the input symbol.

Pair Block Differential Encoder
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Differential Encoder

Purpose
Library

Description

Crifferantial
encoder

Dialog Box

Pair Block

Encode a binary signal using differential coding technique.

Source Coding

The Differential Encoder block encodes and outputs the binary input signal.

The input m and output d are related by

d(tg) = m(tg) +1 mod 2
d(t,) = d(t.1) + m(t) +1 mod 2

where t is the kth time step.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. This block processes each vector element independently.

Block Para fferential Encoder

— Differential Encoder [mazk)]

The binary scalar output of this block, D(k), is a logical differential
computation of the binary scalar input to this block, M{k] with the
previous output of this block D[k-1]. D{k] = rem{M[k] + D[k-1] + 1.2]

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

=

Symbol interval [z]:

QK I Cancel | Help Lol

Symbol interval (s)

The sample time of the input symbol.

Differential Decoder
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Discrete Modulo Integrator

Purpose
Library

Description

Discrate
hadula
Integratar

Dialog Box

4-154

Integrate in discrete time and reduce by a modulus
Integrators, in Basic Comm Functions

The Discrete Modulo Integrator block integrates its input signal in discrete
time and then reduces modulo the Absolute value bound parameter. If the
Absolute value bound parameter is K, then the block output is strictly
between -K and K.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. The block processes each vector element independently.

This block’s functionality is useful for monotonically increasing or decreasing
functions, but works with any integrable function. This block uses the Forward
Euler integration method.

& Modulo Integratar

— Discrete Modulo Integrator [mask)

Integrate the input signal in discrete time and then reduce modula the
Absolute value bound parameter. If the Abzolute value bound parameter
ig K. then the block output iz strictly between -K. and K.

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

=
F

Absaolute value bound:

Initial condition:
Jo

Sample time:

|1
QK I Cancel | Help | Lol

Absolute value bound

The modulus by which the integration result is reduced. This parameter
must be nonzero.

Initial condition
The initial condition for integration.



Discrete Modulo Integrator

Sample time
The integration sample time.

See Also Modulo Integrator, Windowed Integrator, Integrate and Dump, Discrete-Time
Integrator (Simulink); rem (MATLAB)
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Discrete-Time Eye and Scatter Diagrams

Purpose

Library

Description

=
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Produce an eye diagram and/or scatter diagram
Comm Sinks

The Discrete-Time Eye and Scatter Diagrams block plots eye diagrams and
scatter diagrams from a discrete-time complex input signal. The input can be
either a scalar or a frame-based column vector.

The Diagram type parameter determines which plots the block produces. The
block draws the diagrams in a single window.

The Trace period parameter is the number of seconds represented by the
horizontal axis in the eye diagram. The Trace offset parameter is the time
value at the left edge of the horizontal axis of the eye diagram. This parameter
must be between zero and the Trace period parameter.

Whenever the simulation time modulo the Trace period value equals the
Decision point parameter, the block plots a new point in the scatter diagram
and a vertical line in the eye diagram. The Decision point parameter must be
greater than or equal to the Trace offset parameter, and less than or equal to
the sum of Trace period and Trace offset. Furthermore, if the block plots a
scatter diagram, then the Decision point parameter must be an integer
multiple of the Sample time for plot update parameter.

The two-element Lower and upper bound of incoming signal vector
parameter determines the vertical axis in the eye diagram and both axes in the
scatter plot.

To specify the plotting color, as well as the line type or marker type, use the
Line type parameters that appear after you select a value for the Diagram
type parameter. In the Line type for eye diagram parameter, use a slash (/)
to separate the specifications for the in-phase and quadrature components of
the input signal. Choices for the color, marker, and line types are in the table
on the reference page for the Continuous-Time Eye and Scatter Diagrams
block.

The Sample time for plot update parameter determines which of the input
data the block uses for creating plots. If the parameter matches the sample
time of the input signal, then the block uses all available data. If the parameter
is an integer multiple of the sample time of the input signal, then the block uses
a decimated version of the input data.



Discrete-Time Eye and Scatter Diagrams

Dialog Box

ter Diagrams

— Discrete-Time Eye and Scatter Diagrams [mask)

Create an eye diagram and/or scatter plot, depending on the Diagram
type parameter.

Trace period:

Trace offset:
Jo

Decizion point:
|5

Lower and upper bounds of diagram [2-element vector]:
[i1.51.5

Mumber of saved races:
|5

Diagram type:  |Eve Diagram j
Line type for eye diagranm:
b

Sample time for plot update:
J1100

QK I Cancel | Help Lol

Trace period
The duration of the horizontal axis of the eye diagram, in seconds.

Trace offset
The time at the leftmost edge of the horizontal axis of the eye diagram.

Decision point
The time at which the first point in the scatter plot and the vertical line in
the eye diagram are plotted.

Lower and upper bounds of diagram

A two-element vector containing the minimum and maximum signal
values in the diagrams.

Number of saved traces

The number of curves in the eye diagram, or points in the scatter plot, that
are visible after you resize or restore the figure window.
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Discrete-Time Eye and Scatter Diagrams

Limitations

See Also

4-158

Diagram type
The diagram(s) that the block produces.

Line type for eye diagram

A string that specifies the color and the line type for the eye diagram. This
field appears only when the Diagram type parameter is set to an option
that includes an eye diagram.

Line type for scatter diagram

A string that specifies the color and the marker type for the scatter
diagram. This field appears only when the Diagram type parameter is set
to an option that includes an scatter diagram.

Sample time for plot update
The time interval between successive input values that the block includes
in the plot(s).

Since this block uses an M-file, you cannot generate C code for it using the
Real-Time Workshop.

Continuous-Time Eye and Scatter Diagrams



Discrete-Time VCO

Purpose
Library

Description

Discrete-Time
WCO

Dialog Box

Implement a voltage-controlled oscillator in discrete time
Comm Sources

The Discrete-Time VCO (voltage-controlled oscillator) block generates a signal
whose frequency shift from the Oscillation frequency parameter is
proportional to the input signal. The input signal is interpreted as a voltage. If
the input signal is u(t), then the output signal is

y(t) = A cos(2mf t+ ZHKCJBU(T)dT +0)

where A, is the Output amplitude, f. is the Oscillation frequency, k. is the
Input sensitivity, and ¢ is the Initial phase
This block uses a discrete-time integrator to interpret the equation above.

The input and output signals are both scalars.

crete-Time YCO

— Discrete-Time YCO [mask)

Generate a discrete-time output signal whose frequency changes in
responze to the amplitude variations of the input signal. The input signal
must be a scalar.

=
F

Output amplitude:

Ozcillation frequency [Hz]:
Jio

Input sensitivity:
|1

Initial phaze [rad]:
Jo

Sample time:
| o1

QK I Cancel | Help Lol

Output amplitude
The amplitude of the output.

Oscillation frequency (Hz)
The frequency of the oscillator output when the input signal is zero.
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Discrete-Time VCO

Input sensitivity
This value scales the input voltage and, consequently, the shift from the
Oscillation frequency value. The units of Input sensitivity are Hertz per

volt.

Initial phase (rad)
The initial phase of the oscillator in radians.

Sample time
The calculation sample time.

See Also Voltage-Controlled Oscillator
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DPCM Decoder

Purpose
Library

Description

DPCh i
decader L

Dialog Box

Decode differential pulse code modulation
Source Coding

The DPCM Decoder block recovers a message from a quantized signal using
differential pulse code demodulation. The input represents a DPCM-encoded
guantization index. The input must be a scalar signal. Its two outputs are the
recovered signal and the quantized predictive error.

The description of the Sampled Quantizer Encode block gives more detailed
information about quantization indices and quantization-encoded signals. The
description of the DPCM Encoder block and the section “Implementing
Differential Pulse Code Modulation” on page 2-21 give more information about
implementing DPCM.

Block Parameters: DPCH Decoder
— DPCH Decoder [mask)

Input the DPCM coded index. Dutput DPCKM decodes to the 1zt outport
and quantization decode to the 2nd outport,

The input must be a scalar signal.

Predictor numeratar:

Predictor denominatar:
|1
Guantization codebook:

|[-.DB48 -029 0298 .0853]

Sample time:

|1
QK I Cancel | Help | Lol

Predictor numerator

The vector of coefficients of the numerator of the predictor transfer
function, in order of ascending powers of z'1. The first entry must be zero.

Predictor denominator

The vector of coefficients of the denominator of the predictor transfer
function, in order of ascending powers of z'1. Usually this parameter is 1.
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DPCM Decoder

Quantization codebook
The vector of output values that the quantizer assigns to each partition.

Sample time
The block’s sample time.

Match these parameters to the ones in the corresponding DPCM Encoder block.

Pair Block DPCM Encoder
References [1] Kondoz, A. M. Digital Speech. Chichester, England: John Wiley & Sons,
1994.

4-162



DPCM Encoder

Purpose
Library

Description

CFPCh
encoder

[

Encode using differential pulse code modulation
Source Coding

The DPCM Encoder block quantizes the input signal using differential pulse
code modulation. The input must be a scalar signal. Its two outputs are the
guantization index and the quantization-encoded signal.

This block uses the Sampled Quantizer Encode block. The description of that
block gives more detailed information about quantization indices and
gquantization-encoded signals.

Quantization partition is a vector whose entries give the endpoints of the
partition intervals. Quantization codebook, a vector whose length exceeds
the length of Quantization partition by one, prescribes a value for each
partition in the quantization. The first element of Quantization codebook is
the value for the interval between negative infinity and the first element of
Quantization partition.

You can think of the predictor as a transfer function for an IIR filter, hence a
rational function of z'1. Specify the predictor’'s numerator and denominator by
listing their coefficients in the vectors Predictor numerator and Predictor
den?minator, respectively. List the coefficients in order of increasing powers
of z-.

Note The first entry of Predictor numerator must be zero. A nonzero entry
there would fail to make sense conceptually, and would create an algebraic
loop in the implementation.

You can use the function dpcmopt in the Communications Toolbox to train the
Predictor numerator, Predictor denominator, Quantization partition, and
Quantization codebook parameters. The output of dpcmopt omits the
denominator of the predictor, assuming that it will be 1. In most DPCM
applications, the denominator of the predictor transfer function is 1.

If Predictor numerator has the form [0, x] and Predictor denominator is 1,
then the modulation is called delta modulation.
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DPCM Encoder

Dialog Box

Pair Block

References

4-164

Block Parameters: DPCM Encader

— DPCH Encoder [mask]

Output the DPCM encoded index to the 1zt outport and the quantization
recovered value to the 2nd outport,

The input must be a scalar signal.

f
Predictor numeratar:

Predictor denominatar:

|1
Guantization partition:
|[-.0589 .0004 .0576]

Guantization codebook:
|[-.DB48 -029 0298 .0853]

Sample time:

|1
QK I Cancel | Help | Lol

Predictor numerator

The vector of coefficients of the numerator of the predictor transfer
function, in order of ascending powers of z. The first entry must be zero.

Predictor denominator

The vector of coefficients of the denominator of the predictor transfer
function, in order of ascending powers of z'1. Usually this parameter is 1.

Quantization partition

The vector of endpoints of the partition intervals. The elements must be in
strictly ascending order.

Quantization codebook
The vector of output values that the quantizer assigns to each partition.

Sample time
The block’s sample time.

DPCM Decoder

[1] Kondoz, A. M. Digital Speech. Chichester, England: John Wiley & Sons,
1994.



DQPSK Demodulator Baseband

Purpose
Library

Description

AL

DRPSK

Demodulate DQPSK-modulated data
PM, in Digital Baseband sublibrary of Modulation

The DQPSK Demodulator Baseband block demodulates a signal that was
modulated using the differential quaternary phase shift keying method. The
input is a baseband representation of the modulated signal.

The input must be a discrete-time complex signal. The output depends on the
phase difference between the current symbol and the previous symbol. The
first integer (or binary pair, if the Output type parameter is set to Bit) in the
block’s output is the initial condition of zero because there is no previous
symbol.

The input can be either a scalar or a frame-based column vector.

Outputs and Constellation Types

If the Output type parameter is set to Integer, then the block maps a phase
difference of

6 + /2
to m, where 0 is the Phase offset parameter and mis 0, 1, 2, or 3.

If the Output type parameter is set to Bit, then the output contains pairs of

binary values. The reference page for the DQPSK Modulator Baseband block
shows which phase differences map to each binary pair, for the cases when the
Constellation ordering parameter is either Binary or Gray.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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DQPSK Demodulator Baseband

Dialog Box

Demodulate the input signal using the differential quatemary phase shift
keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of bwo.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

-
F

Ot e (LA ~
[Eatstel|atem ardentg: IBinary j

Fhase offzet [rad):
[pir4

Samples per symbal:

|1
QK I Cancel Help Lol

Output type
Determines whether the output consists of integers or pairs of bits.

Constellation ordering

Determines how the block maps each integer to a pair of output bits. This
field is active only when Output type is set to Bit.

Phase offset (rad)

This phase difference between the current and previous modulated
symbols results in an output of zero.

Samples per symbol
The number of input samples that represent each modulated symbol.

Pair Block DQPSK Modulator Baseband

See Also M-DPSK Demodulator Baseband, DBPSK Demodulator Baseband, QPSK
Demodulator Baseband

4-166



DQPSK Modulator Baseband

Purpose
Library

Description

LA

DQFSK

Modulate using the differential quaternary phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The DQPSK Modulator Baseband block modulates using the differential
quaternary phase shift keying method. The output is a baseband
representation of the modulated signal.

The input must be a discrete-time signal.

Inputs and Constellation Types

If the Input type parameter is set to Integer, then valid input values are 0, 1,
2, and 3. In this case, the input can be either a scalar or a frame-based column
vector. If the first input is m, then the modulated symbol is

exp(jo + jim/2)

where 0 is the Phase offset parameter. If a successive input is m, then the
modulated symbol is the previous modulated symbol multiplied by
exp(je + jm/2).

If the Input type parameter is set to Bit, then the input contains pairs of
binary values. The input can be either a vector of length two or a frame-based
column vector whose length is an even integer. The figure below shows the
complex numbers by which the block multiples the previous symbol to compute
the current symbol, depending on whether the Constellation ordering
parameter is set to Binary or Gray. The figure assumes that the Phase offset
parameter is set to pi/4; in other cases, the two schematics would be rotated
accordingly.
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Binary Gray

e 01 e 00 e 01 e 00

The figure below shows the signal constellation for the DQPSK modulation
method when the Phase offset parameter is 174. The arrows indicate the four
possible transitions from each symbol to the next symbol. The Binary and

Gray options determine which transition is associated with each pair of input
values.

 Constellation point

<—» Transition to next point

More generally, if the Phase offset parameter has the form 1wk for some
integer k, then the signal constellation has 2k points.



DQPSK Modulator Baseband

Dialog Box

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

& [o]¥
— DRPSK Modulatar Baseband [mask]

Modulate the input signal uging the differential quaternary phase shift
keying method.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must be two. In case of frame-bazed bit input, the
input width input must be an integer multiple of bwo. The bits can be
either binary-mapped or Gray-mapped into symbols.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

-
F

Igut ype: -

[Earistel stiar ardering: I Binary j

Fhase offzet [rad):
[pir4

Samples per symbal:

|1
QK I Cancel Help Lol

Input type
Indicates whether the input consists of integers or pairs of bits.

Constellation ordering

Determines how the block maps each pair of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Phase offset (rad)

The phase difference between the previous and current modulated symbols
when the input is zero.
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Samples per symbol

The number of output samples that the block produces for each integer or
pair of bits in the input.

Pair Block DQPSK Demodulator Baseband

See Also M-DPSK Modulator Passhand, DBPSK Modulator Baseband, QPSK
Modulator Baseband

4-170



DSB AM Demodulator Baseband

Purpose
Library

Description
LTI N

DSB Al [

Dialog Box

Demodulate DSB-AM-modulated data
Analog Baseband Modulation, in Modulation

The DSB AM Demodulator Baseband block demodulates a signal that was
modulated using double-sideband amplitude modulation. The input is a
baseband representation of the modulated signal. The input is complex, while
the output is real. The input must be a sample-based scalar signal.

In the course of demodulating, this block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

Block Parameter A Demodulator Baseband
—DSE Ak Demodulator Baseband [mask)

Demodulate the complex envelope of a double-sideband amplitude
modulated gignal. The input signal must be a sample-bazed scalar. The
output iz a 1-0 zcalar.

Output zignal offzet:

Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

Initial phaze [rad]:
Jo

Sample time:
Jo.om

QK I Cancel | Help | Lol

Output signal offset
The same as the Input signal offset parameter in the corresponding DSB
AM Modulator Baseband block.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.
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Pair Block

4-172

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Initial phase (rad)
The initial phase in the corresponding DSB AM Modulator Baseband block.

Sample time
The sample time of the output signal.

DSB AM Modulator Baseband



DSB AM Demodulator Passband

Purpose
Library

Description
AN

DSBE A -

Dialog Block

Demodulate DSB-AM-modulated data
Analog Passband Modulation, in Modulation

The DSB AM Demodulator Passband block demodulates a signal that was
modulated using double-sideband amplitude modulation. The block uses the
envelope detection method. The input is a passband representation of the
modulated signal. Both the input and output signals are real sample-based
scalar signals.

In the course of demodulating, this block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

SB &M Demodulator Pazshband

—DSE Ak Demodulator Passband [mask]

Demodulate a double-sideband amplitude modulated signal. The input
zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Offset factaor:

Carrier frequency [Hz):
J100

Initial phaze [rad]:
Jo

Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

Sample time:
Jo.om

QK I Cancel Help Lol

Offset factor

The same as the Input signal offset parameter in the corresponding AM
with Carrier block.

Carrier frequency (Hz)
The frequency of the carrier in the corresponding AM with Carrier block.
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Pair Block

See Also

4-174

Initial phase (rad)
The initial phase of the carrier in radians.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Sample time
The sample time of the output signal.

DSB AM Modulator Passband

DSB AM Demodulator Baseband



DSB AM Modulator Baseband

Purpose
Library

Description

A

DSE AM

Dialog Box

Pair Block

See Also

Modulate using double-sideband amplitude modulation
Analog Baseband Modulation, in Modulation

The DSB AM Modulator Baseband block modulates using double-sideband
amplitude modulation. The output is a baseband representation of the
modulated signal. The input signal is real, while the output signal is complex.
The input must be a sample-based scalar signal.

If the input is u(t) as a function of time t, then the output is
(u(t) +k)e'®
where:

= B is the Initial phase parameter.
= ki is the Input signal offset parameter.

Block Parameters: DSB AM Modulator Baseband

—DSE Ak Modulator Bazeband [maszk)]

Output complex envelope of a double-sideband amplitude modulated
zignal. The input zsignal must be a sample-based scalar. The output is a
1-D zcalar.

Input signal offset:
Initial phase [rad):
Jo

QK I Cancel | Help | Lol |

Input signal offset

The offset factor k. This value should be greater than or equal to the
absolute value of the minimum of the input signal.

Initial phase (rad)
The phase of the modulated signal.

DSB AM Demodulator Baseband
DSBSC AM Modulator Baseband, SSB AM Modulator Baseband
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Purpose
Library

Description
A

Dialog Box

4-176

DSBE A -

Modulate using double-sideband amplitude modulation
Analog Passband Modulation, in Modulation

The DSB AM Modulator Passband block modulates using double-sideband
amplitude modulation. The output is a passband representation of the
modulated signal. Both the input and output signals are real sample-based
scalar signals.

If the input is u(t) as a function of time t, then the output is
(u(t)+k) cos(2rf t+6)

where:

= k is the Input signal offset parameter.

= f. is the Carrier frequency parameter.
= B is the Initial phase parameter.

It is common to set the value of k to the maximum absolute value of the
negative part of the input signal u(t).

Typically, an appropriate Carrier frequency value is much higher than the
highest frequency of the input signal. To avoid having to use a high carrier
frequency and consequently a high sampling rate, you can use baseband
simulation instead of passband simulation.

A Modulator Passband

—DSE Ak Modulator Passband [mask)

Modulate the input zsignal using the double-sideband amplitude
modulation method. The input signal must be a sample-bazed scalar. The
output iz a 1-0 zcalar.

=
F

Input signal offset:

Carrier frequency [Hz):
J100

Initial phaze [rad]:
Jo

QK I Cancel Help Lol




DSB AM Modulator Passband

Input signal offset

The offset factor k. This value should be greater than or equal to the
absolute value of the minimum of the input signal.

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier.

Pair Block DSB AM Demodulator Passband

See Also DSB AM Modulator Baseband, DSBSC AM Modulator Passband, SSB AM
Modulator Passband
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Purpose
Library

Description
AR

DSBSC AM -

Dialog Box

4-178

Demodulate DSBSC-AM-modulated data
Analog Baseband Modulation, in Modulation

The DSBSC AM Demodulator Baseband block demodulates a signal that was
modulated using double-sideband suppressed-carrier amplitude modulation.
The input is a baseband representation of the modulated signal. The input is
complex, while the output is real. The input must be a sample-based scalar
signal.

In the course of demodulating, this block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

Block Parameter A Demodulatar

—DSBSC AM Demodulator Baseband [mask]

Demodulate the complex envelope of a double-sideband suppreszed
carrier amplitude modulated signal. The input signal must be a
zample-bazed scalar. The output is a 1-0 scalar.

.-
F

Lowpazs filker numeratar:

Lowpass filker denominator:
|11 13108 4336]

Initial phaze [rad]:
Jpisz

Sample time:
Jo.om

QK I Cancel | Help | Lol

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator
The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.



DSBSC AM Demodulator Baseband

Initial phase (rad)
The initial phase in the corresponding DSBSC AM Modulator Baseband
block.

Sample time
The sample time of the output signal.

Pair Block DSBSC AM Modulator Baseband

See Also DSB AM Demodulator Baseband, SSB AM Demodulator Baseband
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Purpose
Library

Description

LT

DSBSC AM -

Dialog Box

4-180

Demodulate DSBSC-AM-modulated data
Analog Passband Modulation, in Modulation

The DSBSC AM Demodulator Passband block demodulates a signal that was
modulated using double-sideband suppressed-carrier amplitude modulation.
The input is a passband representation of the modulated signal. Both the input
and output signals are real sample-based scalar signals.

In the course of demodulating, this block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

Demodulator Passban

—DSBSC AM Demodulator Fazsband [mazk)]

Demodulate a double-sideband suppressed carier amplitude modulated
zignal. The input zsignal must be a sample-based scalar. The output is a
1-D zcalar.

.-
F

Carrier frequency [Hz):
1008

Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

Initial phaze [rad]:
Jpisz

Sample time:
Jo.om

QK I Cancel | Help | Lol

Carrier frequency (Hz)

The carrier frequency in the corresponding DSBSC AM Modulator
Passband block.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.



DSBSC AM Demodulator Passband

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Initial phase (rad)
The initial phase of the carrier in radians.

Sample time
The sample time of the output signal.

Pair Block DSBSC AM Modulator Passband

See Also DSBSC AM Demodulator Baseband, DSB AM Demodulator Passband, SSB
AM Demodulator Passband
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Purpose
Library

Description
=T

DSBESC AM |

Dialog Box

Pair Block

See Also

4-182

Modulate using double-sideband suppressed-carrier amplitude modulation
Analog Baseband Modulation, in Modulation

The DSBSC AM Modulator Baseband block modulates using double-sideband
suppressed-carrier amplitude modulation. The output is a baseband
representation of the modulated signal. The block accepts a real input signal
and produces a complex output signal. The input may be continuous-time or
discrete-time; the output sample time matches the input sample time. The
input must be a sample-based scalar signal.

If the input is u(t) as a function of time t, then the output is
u(t)el®

where 6 is the Initial phase parameter.

4 Modulator Baseband

—DSBSC AM Modulator Baseband [mask)

Output the complex envelope of a double-sideband suppressed carrier
amplitude modulated signal. The input zsignal must be a sample-bazed
zealar. The output iz a 1-D scalar.

Initial phaze [rad]:

=
QK I Cancel | Help Lol

Initial phase (rad)
The phase of the modulated signal in radians.

DSBSC AM Demodulator Baseband

DSB AM Modulator Baseband, SSB AM Modulator Baseband



DSBSC AM Modulator Passband

Purpose
Library

Description

)

DSBSC AM |

Dialog Box

Pair Block

Modulate using double-sideband suppressed-carrier amplitude modulation
Analog Passband Modulation, in Modulation

The DSBSC AM Modulator Passband block modulates using double-sideband
suppressed-carrier amplitude modulation. The output is a passband
representation of the modulated signal. Both the input and output signals are
real sample-based scalar signals.

If the input is u(t) as a function of time t, then the output is
u(t) cos(2rif t+0)

where f; is the Carrier frequency parameter and 8 is the Initial phase
parameter.

Typically, an appropriate Carrier frequency value is much higher than the
highest frequency of the input signal. To avoid having to use a high carrier
frequency and consequently a high sampling rate, you can use baseband
simulation (DSBSC AM Modulator Baseband block) instead of passband
simulation.

Block Parameters: M Modulator Pazsband

—DSBSC AM Modulator Passband [mask)

Modulate the input signal uging the double-zsideband suppressed carrier
amplitude modulation method. The input signal must be a sample-based
zealar. The output iz a 1-D scalar.

=
F

Carrier frequency [Hz):
1008

Initial phaze [rad]:
Jpisz

QK I Cancel | Help | Lol

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

DSBSC AM Demodulator Passband
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See Also DSBSC AM Modulator Baseband, DSB AM Modulator Passband, SSB AM
Modulator Passband
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Enabled Quantizer Encode

Purpose
Library

Description

Quantizer o

Dialog Box

Quantize a signal, using trigger to control processing
Source Coding

The Enabled Quantizer Encode block performs quantization when a trigger
signal occurs. This block is similar to the Sampled Quantizer Encode block,
except that a trigger signal at the second input port controls the quantization
processing. This block renews its output when the scalar trigger signal is
nonzero. For more about quantization, see the reference page for the Sampled
Quantizer Encode block.

This block has two input ports and three output ports. The first input signal is
the data to be quantized, while the second is the trigger signal that controls the
timing of quantization. The three output signals represent the quantization
index, quantization value, and mean square distortion, respectively.

The first input can be either a scalar, a sample-based vector, or a frame-based
row vector. This block processes each vector element independently. Each
output signal is a vector of the same length as the first input signal. The trigger
input must be a scalar.

Block Parameters: Enabled Quantizer Encode

— Enabled Quantizer Encode [mask]
Triggered by the 2nd input signal, this block quantizes an analog signal
ta 1] digital signal, [2] quantization value, and [3] distortion.

The first input can be either a scalar, a sample-based vector, or a
frame-bazed row vector. Each vector element is processed
independently.

The tigger input must be a scalar.

f
Guantization partition:

Guantization codebook:
|I-825-5 0.5 .825]

Input gignal vector length:
|2

QK I Cancel Help Lol
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Quantization partition

The vector of endpoints of the partition intervals. The elements must be in
strictly ascending order.

Quantization codebook
The vector of output values assigned to each partition.

Input signal vector length
The length of the input signal.

Pair Block Quantizer Decode

See Also Sampled Quantizer Encode
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Pu

rpose

Library

Description

R

Tx Error Rate

Caleculation
3

Compute the bit error rate or symbol error rate of input data
Comm Sinks

The Error Rate Calculation block compares input data from a transmitter with
input data from a receiver. It calculates the error rate as a running statistic, by
dividing the total number of unequal pairs of data elements by the total
number of input data elements from one source.

You can use this block to compute either symbol or bit error rate, because it
does not consider the magnitude of the difference between input data elements.
If the inputs are bits, then the block computes the bit error rate. If the inputs
are symbols, then it computes the symbol error rate.

This block inherits the sample time of its inputs.

Input Data

This block has between two and four input ports, depending on how you set the
mask parameters. The inports marked Tx and Rx accept transmitted and
received signals, respectively. The Tx and Rx signals must share the same
sampling rate.

The Tx and Rx inputs can be either scalars or frame-based column vectors. If Tx
is a scalar and Rx is a vector, or vice-versa, then the block compares the scalar
with each element of the vector. (Overall, the block behaves as if you had
preprocessed the scalar signal with the DSP Blockset's Repeat block using the
Maintain input frame rate option.)

If you check the Reset port box in the mask, then an additional inport appears,
labeled Rst. The Rst input must be a sample-based scalar signal and must have
the same sampling rate as the Tx and Rx signals. When the Rst input is
nonzero, the block clears its error statistics and then computes them anew.

If you set the Computation mode mask parameter to Select samples from
port, then an additional inport appears, labeled Sel. The Sel input indicates
which elements of a frame are relevant for the computation; this is explained
further, in the last subbullet below. The Sel input can be either a sample-based
column vector or a one-dimensional vector.

4-187



Error Rate Calculation

4-188

The guidelines below indicate how you should configure the inputs and the
mask parameters depending on how you want this block to interpret your Tx
and Rx data.

= If both data signals are scalar, then this block compares the Tx scalar signal
with the Rx scalar signal. You should leave the Computation mode
parameter at its default value, Entire frame.

= If both data signals are vectors, then this block compares some or all of the
Tx and Rx data:

- If you set the Computation mode parameter to Entire frame, then the
block compares all of the Tx frame with all of the Rx frame.

- If you set the Computation mode parameter to Select samples from
mask, then the Selected samples from frame field appears in the mask.
This parameter field accepts a vector that lists the indices of those
elements of the Rx frame that you want the block to consider. For example,
to consider only the first and last elements of a length-six receiver frame,
set the Selected samples from frame parameter to [1 6]. If the Selected
samples from frame vector includes zeros, then the block ignores them.

- If you set the Computation mode parameter to Select samples from
port, then an additional input port, labeled Sel, appears on the block icon.
The data at this input port must have the same format as that of the
Selected samples from frame mask parameter described above.

= If one data signal is a scalar and the other is a vector, then this block
compares the scalar with each entry of the vector. The three subbullets above
are still valid for this mode, except that if Rx is a scalar, then the phrase “Rx
frame” above refers to the vector expansion of Rx.

Note Simulink requires that input signals have constant length throughout
a simulation. If you choose the Select samples from port option and want the
number of elements in the subframe to vary during the simulation, then you
should pad the Sel signal with zeros. (See the Zero Pad block in the DSP
Blockset.) The Error Rate Calculation block ignores zeros in the Sel signal.




Error Rate Calculation

Output Data
This block produces a vector of length three, whose entries correspond to:

= The error rate
= The total number of errors, that is, comparisons between unequal elements
= The total number of comparisons that the block made

The block sends this output data to the workspace or to an output port,
depending on how you set the Output data parameter in the mask:

= If you set the Output data parameter to Workspace and fill in the Variable
name parameter, then that variable contains the current value when the
simulation ends. Pausing the simulation does not cause the block to write
interim data to the variable.

If you plan to use this block along with the Real-Time Workshop, then you
should not use the Workspace option; instead, use the Port option below and
connect the output port to a Simulink To Workspace block.

= If you set the Output data parameter to Port, then an output port appears.
This output port contains the running error statistics.

Delays

The Receive delay and Computation delay parameters implement two
different types of delays for this block. One is useful when part of your model
causes a lag in the received data, and the other is useful when you want to
ignore the transient behavior of both input signals:

= The Receive delay parameter is the number of samples by which the
received data lags behind the transmitted data. This parameter tells the
block which samples “correspond” to each other and should be compared. The
receive delay persists throughout the simulation.

= The Computation delay parameter tells the block to ignore the specified
number of samples at the beginning of the comparison.

4-189



Error Rate Calculation

Examples

4-190

Note The Version 1.4 Error Rate Calculation block considers a vector input
to be a sample, whereas the current block considers a vector input to be a
frame of multiple samples. For vector inputs of length n, a Receive delay of k
in the Version 1.4 block is equivalent to a Receive delay of k*n in the current
block.

If you use the Select samples from mask or Select samples from port option,
then each delay parameter refers to the number of samples that the block
receives, whether the block ultimately ignores some of them or not.

The figure below shows how the block compares pairs of elements and counts
the number of error events. This example assumes that the sample time of each
input signal is 1 second and that the block’s parameters are as follows:

= Receive delay =2
= Computation delay =0
= Computation mode = Entire frame

The input signals are both frame-based column vectors of length three.
However, the schematic arranges each column vector horizontally and aligns
pairs of vectors so as to reflect a receive delay of two samples. At each time step,
the block compares elements of the Rx signal with those of the Tx signal that
appear directly above them in the schematic. For instance, at time 1, the block
compares 2, 4, and 1 from the Rx signal with 2, 3, and 1 from the Tx signal.

The values of the first two elements of Rx appear as asterisks because they do
not influence the output. Similarly, the 6 and 5 in the Tx signal do not influence
the output up to time 3, though they would influence the output at time 4.

In the error rates on the right side of the figure, each numerator at time t
reflects the number of errors when considering the elements of Rx up through
time t.
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Tx t=0 t=1
123123177165

**1241233321

time

Note: Tx and Rx inputs are frame-based column vectors.

Error rates as fractions

Tx

E Rat
- Calmiston [ 071 174 2/7 4/10
s
=0 t=1
time

If the block’s Reset port box had been checked and a reset had occurred at
time = 3 seconds, then the last error rate would have been 2/3 instead of 4/10.
This value 2/3 would reflect the comparison of 3, 2, and 1 from the Rx signal
with 7, 7, and 1 from the Tx signal. The figure below illustrates this scenario.

t=0 t=1
™123123177165
Rx = *1241233321

\ 0 0 0 1
/ /
t=0 t=1

time

Note: Tx and Rx inputs are frame-based column vectors.

Tx Error rates as fractions
Error Rate
Caleculation = 0/1 1/4 2/7 2/3
HSt t:O t:].
time
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Dia|0g BOX ] aranme mmor Rate Calculation

— Emor R ate Calculation [mazk)]

Compute the error rate of the received data by comparing it to a delayed
verzion of the transmitted data. The delaps are specified in number of
zamples, regardless of whether the input is a scalar or vectaor,  The
inputs to the ‘Tx' and ‘B« ports must be sample-bazed scalars or
frame-bazed column vectors. The optional ‘Sel’ port must be sample
bazed scalar or column vector. The optional 'Rst' port must be a scalar.

The 'Computation mode' parameter allows the block to compare only
certain portions of each frame. For example, to compare only the first 10
and last B values in a frame of 80 symbolz, set 'Computation mode' to
‘Select zamples from mask' and zet 'Selected samples from frame' to
[1:10 75:80].

The block output iz a three-element vector conzisting of the errar rate,
followed by the number of errors detected and the tatal number of
zymbols compared.  Thiz vector can be sent to either the workspace or
an output port,

.-
F

Feceive delay:

0

Computation delay:
Jo

Computation mode: IEntire frame

L L«

Output data: IWDrkspace

‘W ariable name:
IErrorVec:

I~ Reset port

QK I Cancel | Help Lol

Receive delay

Number of samples by which the received data lags behind the transmitted
data. (If Tx or Rx is a vector, then each entry represents a sample.)

Computation delay

Number of samples that the block should ignore at the beginning of the
comparison.

Computation mode

Either Entire frame, Select samples from mask, or Select samples from
port, depending on whether the block should consider all or only part of the
input frames.

Selected samples from frame

A vector that lists the indices of the elements of the Rx frame vector that
the block should consider when making comparisons. This field appears
only if Computation mode is set to Select samples from mask.
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Output data
Either Workspace or Port, depending on where you want to send the
output data.

Variable name

Name of workspace variable for the output data vector. This field appears
only if Output data is set to Workspace.

Reset port
If you check this box, then an additional input port appears, labeled Rst.
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Purpose
Library

Description

AN

Fhd

Dialog Box
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Demodulate FM-modulated data
Analog Baseband Modulation, in Modulation

The FM Demodulator Baseband block demodulates a signal that was
modulated using frequency modulation. The input is a baseband
representation of the modulated signal. The input is complex, while the output
is real. The input must be a sample-based scalar signal.

In the course of demodulating, this block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

Block Parameters: Fi Demodulator Baseband

— FM Demodulator Baseband [mask]

Demodulate the complex envelope of a frequency-modulated signal. The
input zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Initial phaze [rad]:

i
Modulation constant [Hertz per valt]:
|1
Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

Sample time:
Jo.om

QK I Cancel | Help Lol

Initial phase (rad)
The initial phase in the corresponding FM Modulator Baseband block.

Modulation constant (Hertz per volt)

The modulation constant in the corresponding FM Modulator Baseband
block.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.



FM Demodulator Baseband

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Sample time
The sample time of the output signal.

Pair Block FM Modulator Baseband
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FM Demodulator Passband

Purpose Demodulate FM-modulated data
Library Analog Passband Modulation, in Modulation
Description The FM Demodulator Passband block demodulates a signal that was
modulated using frequency modulation. The input is a passband
L LTI N representation of the modulated signal. Both the input and output signals are
F i [

real sample-based scalar signals.

In the course of demodulating, the block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

The block uses a voltage-controlled oscillator (VCO) in the demodulation. The
Initial phase parameter gives the initial phase of the VCO.

Dialog Box

Block Parameters: Fi4 Demodulator Passband

— FM Demodulator Pazsband [mazk]

Demodulate a frequency modulated signal ugsing a phaze-locked loop.
The input signal must be a sample-based scalar. The output iz a 1-D
salar.

.-
F

Carrier frequency [Hz):
1008

Initial phaze [rad]:
Jo

Modulation constant [Hertz per valt]:
|1
Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

Sample time:
Jo.om

QK I Cancel | Help | Lol

Carrier frequency (Hz)
The carrier frequency in the corresponding FM Modulator Passband block.

Initial phase (rad)
The initial phase of the VCO in radians.
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Pair Block

See Also

Modulation constant (Hertz per volt)

The modulation constant in the corresponding FM Modulator Passband
block.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Sample time
The sample time in the corresponding FM Modulator Passband block.

FM Modulator Passband

FM Demodulator Baseband
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Purpose
Library

Description

AR

Fhl

Dialog Box
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Modulate using frequency modulation
Analog Baseband Modulation, in Modulation

The FM Modulator Baseband block modulates using frequency modulation.
The output is a baseband representation of the modulated signal. The input
signal is real, while the output signal is complex. The input must be a
sample-based scalar signal. In the frequency modulation technique, the
frequency of the modulated signal varies according to the amplitude of the
input signal.

If the input is u(t) as a function of time t, then the output is

exp\je +21 K, IU(T)dT)
t

where 0 is the Initial phase parameter and K. is the Modulation constant
parameter.

Block Parameters: Fi bodulator Baseband

— FM Modulator Baseband [mask)

Output complex baseband signal frequency-modulated by the input
sighal. For digital modulation, set the Symbol Interval parameter to the
desgired symbol. For analog modulation, et the Symbal Interval
parameter to Inf. The input signal must be a sample-bazed scalar. The
output iz a 1-0 zcalar.

=
F

Initial phaze [rad]:

i
Modulation constant [Hertz per valt]:
|1

Sample time:

Jo.om

Symbol interval [z]:
it

QK I Cancel | Help Lol

Initial phase (rad)
The initial phase of the modulated signal in radians.



FM Modulator Baseband

Modulation constant (Hertz per volt)
The modulation constant K.

Sample time
The sample time of the output signal. It must be a positive number.

Symbol interval (s)
Inf by default. To use this block to model FSK, set this parameter to the
length of time required to transmit a single information bit.

Pair Block FM Demodulator Baseband
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Purpose
Library

Description

o

Fhd

4-200

Modulate using frequency modulation
Analog Passband Modulation, in Modulation

The FM Modulator Passband block modulates using frequency modulation.
The output is a passband representation of the modulated signal. The output
signal’s frequency varies with the input signal’'s amplitude. Both the input and
output signals are real sample-based scalar signals.

If the input is u(t) as a function of time t, then the output is

cosk2TrfCt +21K, Iu(r)dr + 9)
i

where:

= f. is the Carrier frequency parameter.
= Bis the Initial phase parameter.
= K, is the Modulation constant parameter.

Typically, an appropriate Carrier frequency value is much higher than the
highest frequency of the input signal. To avoid having to use a high carrier
frequency and consequently a high sampling rate, you can use baseband
simulation (FM Modulator Baseband block) instead of passband simulation.

By the Nyquist sampling theorem, the reciprocal of the Sample time
parameter must exceed twice the Carrier frequency parameter.



FM Modulator Passband

Dialog Box

Block Parameters: Fi4 bodulator Passband
— FM Modulator Passhand [mask)

Modulate the input signal uzging the frequency modulation method. The
input zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Carrier frequency [Hz):
1008

Initial phaze [rad]:
Jo

Modulation constant [Hertz per valt]:
|1
Sample time:
Jo.om

Symbol interval [z, Use |nf for analog mod);
it

QK I Cancel | Help | Lol

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

Modulation constant (Hertz per volt)
The modulation constant K.

Sample time
The sample time of the output signal. It must be a positive number.

Symbol interval

Inf by default. To use this block to model FSK, set this parameter to the
length of time required to transmit a single information bit.

Pair Block FM Demodulator Passband

See Also FM Modulator Baseband
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Purpose
Library

Description

ooy fogor |

Zaussian

4-202

Generate Gaussian distributed noise with given mean and variance values
Comm Sources

The Gaussian Noise Generator block generates discrete-time white Gaussian
noise. You must specify the Initial seed vector in the simulation.

The Mean Value and the Variance can be either scalars or vectors. If either of
these is a scalar, then the block applies the same value to each element of a
sample-based output or each column of a frame-based output. Individual
elements or columns, respectively, are uncorrelated with each other.

When the Variance is a vector, its length must be the same as that of the
Initial seed vector. In this case, the covariance matrix is a diagonal matrix
whose diagonal elements come from the Variance vector. Since the
off-diagonal elements are zero, the output Gaussian random variables are
uncorrelated.

When the Variance is a square matrix, it represents the covariance matrix. Its
off-diagonal elements are the correlations between pairs of output Gaussian
random variables. In this case, the Variance matrix must be positive definite,
and it must be N-by-N, where N is the length of the Initial seed.

The probability density function of n-dimensional Gaussian noise is

1

_ n 2 T, -1
f(x) = ((2m) det K) exp(—(x—u) K (x—p)/2)

where x is a length-n vector, K is the n-by-n covariance matrix, p is the mean
value vector, and the superscript T indicates matrix transpose.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

If the Initial seed parameter is a vector, then its length becomes the number
of columns in a frame-based output or the number of elements in a
sample-based vector output. In this case, the shape (row or column) of the



Gaussian Noise Generator

Initial seed parameter becomes the shape of a sample-based two-dimensional
output signal. If the Initial seed parameter is a scalar but either the Mean
value or Variance parameter is a vector, then the vector length determines the
output attributes mentioned above.

Dialog Box

— Gaussian Moize Generator [mask]

Generate Gaussian distibuted noise with given mean and variance
wvalues.

.-
F

Mean walue:
01

Wariance [vector or matris):
|[E]

Initial zeed:
|112345 54321]

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel Help Lol

Mean value
The mean value of the random variable output.

Variance
The covariance among the output random variables.

Initial seed
The initial seed value for the random number generator.

Sample time
The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

4-203
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See Also

4-204

Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.

Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

Random Source (DSP Blockset), AWGN Channel; rand (built-in MATLAB
function)



General Block Deinterleaver

Purpose
Library

Description

General
Black
Ceintarleawver

Dialog Box

Examples

Restore ordering of the symbols in the input vector
Block sublibrary of Interleaving

The General Block Deinterleaver block rearranges the elements of its input
vector without repeating or omitting any elements. The input can be real or
complex. If the input contains N elements, then the Elements parameter is a
vector of length N that indicates the indices, in order, of the output elements
that came from the input vector. That is, for each integer k between 1 and N,

Output(Elements(k)) = Input(k)
The Elements parameter must contain unique integers between 1 and N.

If the input is frame-based, then both it and the Elements parameter must be
column vectors.

To use this block as an inverse of the General Block Interleaver block, use the
same Elements parameter in both blocks. In that case, the two blocks are
inverses in the sense that applying the General Block Interleaver block
followed by the General Block Deinterleaver block leaves data unchanged.

neral Block Deinterleaver
— General Block Deinterl

Fieorder the elements of the input vector. yelements] = u. The length of
Elements must match the input signal width,

[mazk]

P.
Elements:

[511]]
QK I Cancel Help Lppli

Elements
A vector of length N that lists the indices of the output elements that came
from the input vector.

This example reverses the operation in the example on the General Block
Interleaver block reference page. If Elementsis [4,1,3,2] and the input to the
General Block Deinterleaver block is [1;40;59;32], then the output of the
General Block Deinterleaver block is [40;32;59;1].
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Pair Block General Block Interleaver

See Also perms (MATLAB function)
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Purpose
Library

Description

Feneral
Bladk o
Interleawer

Dialog Box

Examples

Pair Block

See Also

Reorder the symbols in the input vector
Block sublibrary of Interleaving

The General Block Interleaver block rearranges the elements of its input vector
without repeating or omitting any elements. The input can be real or complex.
If the input contains N elements, then the Elements parameter is a vector of
length N that indicates the indices, in order, of the input elements that form
the length-N output vector; that is,

Output(k) = Input(Elements(k))

for each integer k between 1 and N. The contents of Elements must be integers
between 1 and N, and must have no repetitions.

If the input is frame-based, then both it and the Elements parameter must be
column vectors.

Block Parameters: General Block Interleave

— General Block |nterl [mazk]

Fieorder the elements of the input vector. y = ulElements). The length of
Elements must match the input signal width,

=
F

Elements:

[511]]
QK I Cancel Help Lppli

Elements

A vector of length N that lists the indices of the input elements that form
the output vector.

If Elements is [4,1,3,2] and the input vector is [40;32;59;1], then the
output vector is [1;40;59;32]. Notice that all of these vectors have the same
length and that the vector Elements is a permutation of the vector [1:4].

General Block Deinterleaver

perms (MATLAB function)
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Purpose
Library

Description

General
hultiplexed
Ceinterleawer

Dialog Box

4-208

Restore ordering of symbols using specified-delay shift registers
Convolutional sublibrary of Interleaving

The General Multiplexed Deinterleaver block restores the original ordering of
a sequence that was interleaved using the General Multiplexed Interleaver
block.

In typical usage, the parameters in the two blocks have the same values. As a
result, the Interleaver delay parameter, V, specifies the delays for each shift
register in the corresponding interleaver, so that the delays of the
deinterleaver’s shift registers are actually max(V)-V.

The input can be either a scalar or a frame-based column vector. It can be real
or complex. The input and output signals share the same sample time.

Block Paramete eral Multiplexed Deinterl

— General Multiplexed Deinterl [mazk]

A general multiplexed deinterleaver conzists of M registers. ‘With each
new input symbol, & commutator switches to a new register and the new
zymbaol iz shifted in while the oldest symbal in that register iz shifted out.
‘when the commutator reaches the Mth register, upon the next new input,
it returnz to the first register.

The multiplexed deinterleaver azzociated with a general multiplexed
interleaver has the zame number of registers az the interleaver. The
delay in a particular deinterleaver register depends on the largest
interleaver delay minus the interleaver delay for the given register.

.-
F

Interleaver delay [samples]:

Initial conditions:
Jo

QK I Cancel | Help | Lol |

Interleaver delay (samples)
A vector that lists the number of symbols that fit in each shift register of
the corresponding interleaver. The length of this vector is the number of
shift registers.

Initial conditions
The values that fill each shift register when the simulation begins.



General Multiplexed Deinterleaver

Pair Block General Multiplexed Interleaver
See Also Convolutional Deinterleaver, Helical Deinterleaver
References [1] Heegard, Chris and Stephen B. Wicker. Turbo Coding. Boston: Kluwer

Academic Publishers, 1999.
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General Multiplexed Interleaver

Purpose
Library

Description

Faneral
hiultiplexed -
Interleaver

Dialog Box

4-210

Permute input symbols using a set of shift registers with specified delays
Convolutional sublibrary of Interleaving

The General Multiplexed Interleaver block permutes the symbols in the input
signal. Internally, it uses a set of shift registers, each with its own delay value.

The input can be either a scalar or a frame-based column vector. It can be real
or complex. The input and output signals share the same sample time.

The Interleaver delay parameter is a column vector whose entries indicate
how many symbols can fit into each shift register. The length of the vector is
the number of shift registers. (In sample-based mode, it can also be a row
vector.)

The Initial conditions parameter indicates the values that fill each shift
register at the beginning of the simulation. If Initial conditions is a scalar,
then its value fills all shift registers; if Initial conditions is a column vector,
then each entry fills the corresponding shift register. (In sample-based mode,
Initial conditions can also be a row vector.) If a given shift register has zero
delay, then the value of the corresponding entry in the Initial conditions
vector is unimportant.

eneral Multiplezed Interleaver

— General Multiplexed Interl [mazk]

A general multiplexed interleaver consists of M registers, each with a
specified delay. ‘With each new input symbal, a commutator switches to
a new register and the new symbal is shifted in while the oldest symbol in
that register iz shifted out. ‘When the commutator reaches the Mth
register, upon the next new input, it returns to the first register.

.-
F

Interleaver delay [samples]:

Help | Appl |

Interleaver delay (samples)

A vector that lists the number of symbols that fit in each shift register. The
length of this vector is the number of shift registers.



General Multiplexed Interleaver

Initial conditions
The values that fill each shift register when the simulation begins.

Pair Block General Multiplexed Deinterleaver
See Also Convolutional Interleaver, Helical Interleaver
References [1] Heegard, Chris and Stephen B. Wicker. Turbo Coding. Boston: Kluwer

Academic Publishers, 1999.
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General QAM Demodulator Baseband

Purpose
Library
Description

AL

Zenearal -
QA

Dialog Box

4-212

Demodulate QAM-modulated data
AM, in Digital Baseband sublibrary of Modulation

The General QAM Demodulator Baseband block demodulates a signal that was
modulated using quadrature amplitude modulation. The input is a baseband
representation of the modulated signal.

The input must be a discrete-time complex signal. The Signal constellation
parameter defines the constellation by listing its points in a vector of complex
numbers. The block maps the mth point in the Signal constellation vector to
the integer m-1.

The input can be either a scalar or a frame-based column vector.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

— General BAM Demodulatar Baseband [mask)]

Demodulate the input signal using the quadrature amplitude modulation
method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

.-
F

Signal constellation:

Samples per symbal:

|1
QK I Cancel | Help Lol

Signal constellation
A real or complex vector that lists the constellation points.
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Samples per symbol
The number of input samples that represent each modulated symbol.

Pair Block General QAM Modulator Baseband

See Also Rectangular QAM Demodulator Baseband
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Purpose
Library

Description

AN | M

General
QA

4-214

Demodulate QAM-modulated data
AM, in Digital Passband sublibrary of Modulation

The General QAM Demodulator Passband block demodulates a signal that was
modulated using the pulse amplitude phase shift keying method. The input is
a passhand representation of the modulated signal.

The input must be a sample-based scalar. Furthermore, it must be a
discrete-time complex signal.

The Signal constellation parameter defines the constellation by listing its
points in a vector of complex numbers.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

= Input sample time > (Carrier frequency)'l
< Symbol period < [2*Carrier frequency + 2/(Input sample time)] 2

e Inputsample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.



General QAM Demodulator Passband

Dialog Box

: Demadulator P
— General B4M Demodulator Passband [mask)

Demodulate the input signal using the quadrature amplitude modulation
method.

The input zsignal must be a sample-bazed scalar. The symbal period must
be an integer multiple of the product of the baseband samples per symbal
and the input zample time.

Signal constellation:

Symbol period [z]:
J1100

Baseband zamples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

QK I Cancel | Help Lppli

Signal constellation
A real or complex vector that lists the constellation points.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.
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Pair Block General QAM Modulator Passband

See Also General QAM Demodulator Baseband
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Purpose
Library

Description

LI

Genearal [
QA

Dialog Box

Modulate using quadrature amplitude modulation
AM, in Digital Baseband sublibrary of Modulation

The General QAM Modulator Baseband block modulates using quadrature
amplitude modulation. The output is a baseband representation of the
modulated signal.

The Signal constellation parameter defines the constellation by listing its
points in a length-M vector of complex numbers. The input signal values must
be integers between 0 and M-1. The block maps an input integer m to the
(m-1)st value in the Signal constellation vector.

The input can be either a scalar or a frame-based column vector.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

— General B4M Modulator Baseband [mask]

Modulate the input zsignal uging the quadrature amplitude modulation
method.

The block only accepts integers as input. For sample-based integer input,
the input must be a scalar. For frame-bazed integer input, the input must
be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

Signal constellation:

Samples per symbal:

|1
QK I Cancel | Help Lol

Signal constellation
A real or complex vector that lists the constellation points.
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Samples per symbol
The number of output samples that the block produces for each input

integer.
Pair Block General QAM Demodulator Baseband
See Also Rectangular QAM Modulator Baseband
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Purpose
Library

Description

LI,

Genearal
[mE T

Modulate using the pulse amplitude modulation phase shift keying method
AM, in Digital Passband sublibrary of Modulation

The General QAM Modulator Passband block modulates using the pulse
amplitude modulation phase shift keying method. The output is a passband
representation of the modulated signal.

The Signal constellation parameter defines the constellation by listing its
points in a length-M vector of complex numbers. The input signal values must
be integers between 0 and M-1. The block maps an input integer m to the
(m-1)st value in the Signal constellation vector, and then converts these
mapped values to a passband output signal.

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:
= Symbol period > (Carrier frequency)'1

- Output sample time < [2*Carrier frequency + 2/(Symbol period)]?

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.
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Dialog Box

4-220

Modulate the input zsignal uging the quadrature amplitude modulation
method.

The block only accepts integers as input. The input signal must be a
zample-based scalar.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

.-
F

Signal constellation:

Symbol period [z]:
J1100

Baseband zamples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel | Help Lppli

Signal constellation
A real or complex vector that lists the constellation points.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.



General QAM Modulator Passband
|

Pair Block General QAM Demodulator Passband

See Also General QAM Modulator Baseband
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GMSK Demodulator Baseband

Purpose
Library

Description

AL

4-222

GMEK I

Demodulate GMSK-modulated data
CPM, in Digital Baseband sublibrary of Modulation

The GMSK Demodulator Baseband block demodulates a signal that was
modulated using the Gaussian minimum shift keying method. The input is a
baseband representation of the modulated signal.

The BT product, Pulse length, Symbol prehistory, and Phase offset
parameters are as described on the reference page for the GMSK Modulator
Baseband block.

Traceback Length and Output Delays

Internally, this block creates a trellis description of the modulation scheme and
uses the Viterbi algorithm. The Traceback length parameter, D, in this block
is the number of trellis branches used to construct each traceback path. D
influences the output delay, which is the number of zero symbols that precede
the first meaningful demodulated value in the output.

= If the input signal is sample-based, then the delay consists of D+1 zero
symbols.

= If the input signal is frame-based, then the delay consists of D zero symbols.

Inputs and Outputs

The input can be either a scalar or a frame-based column vector. If the Output
type parameter is set to Integer, then the block produces values of 1 and -1. If
the Output type parameter is set to Bit, then the block produces values of 0
and 1.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.



GMSK Demodulator Baseband

Dialog Box

Param Gk Jemodulator B
— GMSE Demodulator Baseband [mask)

Demodulate the GkSE modulated input signal uzing the Viterbi algorithm.
Traceback length is the number of trellis branches that the algorithm uses
to construct each traceback path.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I case of frame-based input, the width of the input frame represents the
product of the number of spmbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

The Symbol prehistory parameter is the data spmbol(s] used before the
start of the: simulation.

=
F

Outut ype: -

BT product:
|3

Pulze length [symbol intervals]:
J4

Symbal prehistory:
|1
Fhase offzet [rad):
Jo

Samples per symbal:
IE

Traceback length:
Jie
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Output type
Determines whether the output consists of bipolar or binary values.

BT product
The product of bandwidth and time.

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory
The data symbols used by the modulator before the start of the simulation.

Phase offset (rad)
The initial phase of the modulated waveform.
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Pair Block
See Also

References

4-224

Samples per symbol
The number of input samples that represent each modulated symbol.

Traceback length

The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

GMSK Modulator Baseband
CPM Demodulator Baseband, Viterbi Decoder

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.



GMSK Demodulator Passband

Purpose
Library

Description

AL

GhSK

Demodulate GMSK-modulated data
CPM, in Digital Passband sublibrary of Modulation

The GMSK Demodulator Passband block demodulates a signal that was
modulated using the Gaussian minimum shift keying method. The input is a
passband representation of the modulated signal.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, GMSK Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

= Output type

BT product

Pulse length
Symbol prehistory
= Traceback length

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:
= Input sample time > (Carrier frequency)'1

= Symbol period < [2*Carrier frequency + 2/(Input sample time)]*

e Inputsample time = K*Symbol period*Baseband samples per symbol for
some integer K
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Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.

Dialog Box

aramel emodulator
— GMSE Demodulator Passband [mask]

Demodulate the GkSE modulated input signal uzing the Viterbi algorithm.
Traceback length is the number of trellis branches that the algorithm uses
to construct each traceback path.

The input must be sample-bazed. The symbal period must be an integer
multiple of the product of the baseband samples per symbal and the input
zample time.

The Symbol prehistory parameter is the data spmbol(s] used before the
start of the: simulation.

=
F

Outut ype: -

BT product:
|3

Pulze length [symbol intervals]:
J4

Symbal prehistory:
|1

Symbol period [z]:
J1100

Baseband zamples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

Traceback length:
Jie

QK I Cancel Help Lppli

Output type
Determines whether the output consists of bipolar or binary values.

BT product
The product of bandwidth and time.
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Pair Block

See Also

References

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory

The data symbols used by the modulator before the start of the simulation.
Symbol period (s)

The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.

Traceback length

The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

GMSK Modulator Passband
GMSK Demodulator Baseband, Viterbi Decoder

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Purpose
Library

Description

LI
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Modulate using the Gaussian minimum shift keying method
CPM, in Digital Baseband sublibrary of Modulation

The GMSK Modulator Baseband block modulates using the Gaussian
minimum shift keying method. The output is a baseband representation of the
modulated signal.

The BT product parameter represents bandwidth multipled by time. This
parameter is a nonnegative scalar. It is used to reduce the bandwidth at the
expense of increased intersymbol interference. The Pulse length parameter
measures the length of the Gaussian pulse shape, in symbol intervals. For the
exact definitions of the pulse shape, see the work by Anderson, Aulin, and
Sundberg listed in “References” on page 4-230.

The Symbol prehistory parameter is a scalar or vector that specifies the data
symbols used before the start of the simulation, in reverse chronological order.
If it is a vector, then its length must be one less than the Pulse length
parameter.

In this block, a symbol of 1 causes a phase shift of 772 radians. The Phase offset
parameter is the initial phase of the output waveform, measured in radians.

Input Attributes

The input can be either a scalar or a frame-based column vector. If the Input
type parameter is set to Integer, then the block accepts values of 1 and -1. If
the Input type parameter is set to Bit, then the block accepts values of 0 and 1.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.



GMSK Modulator Baseband

Dialog Box

Modulate the input zsignal uging the Gaussian minimumn shift keying
method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

The Symbol prehistory parameter is the data spmbol(s] uzed before the
start of the simulation.

=
F

Igut ype: -

BT product:
|3

Pulze length [symbol intervals]:
J4

Symbal prehistory:
|1
Fhase offzet [rad):
Jo

Samples per symbal:
IE

QK I Cancel Help Lol

Input type
Indicates whether the input consists of bipolar or binary values.

BT product
The product of bandwidth and time.

Pulse length (symbol intervals)
The length of the frequency pulse shape.

Symbol prehistory

The data symbols used before the start of the simulation, in reverse
chronological order.

Phase offset (rad)
The initial phase of the output waveform.
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Samples per symbol

The number of output samples that the block produces for each integer or
bit in the input.

Pair Block GMSK Demodulator Baseband
See Also CPM Modulator Baseband
References [1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase

Modulation. New York: Plenum Press, 1986.
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Purpose
Library

Description

LA

GhSK

Modulate using the Gaussian minimum shift keying method
CPM, in Digital Passband sublibrary of Modulation

The GMSK Modulator Passband block modulates using the Gaussian
minimum shift keying method. The output is a passband representation of the
modulated signal.

This block uses the baseband equivalent block, GMSK Modulator Baseband,
for internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

= Input type

< BT product

« Pulse length

= Symbol prehistory

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:

« Symbol period > (Carrier frequency)?
= Output sample time < [2*Carrier frequency + 2/(Symbol period)]'1
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= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Dialog Box

Block Parameters: GMSE. Modulator Passban
— GMSE Modulator Pazsband [mask)
Modulate the input signal uging GMSE.

The input must be sample-bazed and contain either an integer or log2[M]
bitz. The input zample time must equal the symbol period. The symbal
period must be an integer multiple of the product of the bazeband
zamples per symbol and the output zample time.

.-
F

Igut ype: -

BT product:
|3

Pulze length [symbol intervals]:
J4

Symbal prehistory:
|1

Symbol period [z]:
J1100

Baseband samples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel Help Lol

Input type
Indicates whether the input consists of bipolar or binary values.

BT product
The product of bandwidth and time.

Pulse length (symbol intervals)
The length of the frequency pulse shape.
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Pair Block

See Also

References

Symbol prehistory

The data symbols used before the start of the simulation, in reverse
chronological order.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

GMSK Demodulator Passband
GMSK Modulator Baseband

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Purpose
Library

Description

Hamming de
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Decode a Hamming code to recover binary vector data
Block sublibrary of Channel Coding

The Hamming Decoder block recovers a binary message vector from a binary
Hamming codeword vector. For proper decoding, the parameter values in this
block should match those in the corresponding Hamming Encoder block.

If the Hamming code has message length K and codeword length N, then N
must have the form 2M-1 for some integer M greater than or equal to 3. Also, K
must equal N-M.

The input must contain exactly N elements. If it is frame-based, then it must
be a column vector. The output is a vector of length K.

The coding scheme uses elements of the finite field GF(2M). You can either
specify the primitive polynomial that the algorithm should use, or you can rely
on the default setting:

= To use the default primitive polynomial, simply enter N and K as the first
and second mask parameters, respectively. The algorithm uses gfprimdf(M)
as the primitive polynomial for GF(ZM).

= To specify the primitive polynomial, enter N as the first parameter and a
binary vector as the second parameter. The vector represents the primitive
polynomial by listing its coefficients in order of ascending exponents. You can
create primitive polynomials using the gfprimfd function in the
Communications Toolbox.



Hamming Decoder

Dialog Box

Pair Block

See Also

—Hamming Decoder [mazk]

Fecover a binary message vector from a binary Hamming codeword
vector. The message iz of length K and the codewaord iz of length M,
where M has the form 2°M-1, for some integer M greater than or equal to
3. K must equal M-k,

The input must contain exactly M elements. I it iz frame-bazed, then it
must be a column wectar.

=

Codeword length M:

[

Message length K. or M-degree primitive polynomial:

| afprimfdi3, min|

QK I Cancel | Help | Lol

Codeword length N

The codeword length N, which is also the input vector length.

Message length K, or M-degree primitive polynomial
Either the message length, which is also the output vector length; or a
binary vector that represents a primitive polynomial for GF(ZM).

Hamming Encoder

hammgen (Communications Toolbox)
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Purpose
Library

Description

Hamming &n

Dialog Box

4-236

Create a Hamming code from binary vector data
Block sublibrary of Channel Coding

The Hamming Encoder block creates a Hamming code with message length K
and codeword length N. The number N must have the form 2M-1, where M is
an integer greater than or equal to 3. Then K equals N-M.

The input must contain exactly K elements. If it is frame-based, then it must
be a column vector. The output is a vector of length N.

The coding scheme uses elements of the finite field GF(ZM). You can either
specify the primitive polynomial that the algorithm should use, or you can rely
on the default setting:

= To use the default primitive polynomial, simply enter N and K as the first
and second mask parameters, respectively. The algorithm uses gfprimdf(M)
as the primitive polynomial for GF(2M).

= To specify the primitive polynomial, enter N as the first parameter and a
binary vector as the second parameter. The vector represents the primitive
polynomial by listing its coefficients in order of ascending exponents. You can
create primitive polynomials using the gfprimfd function in the
Communications Toolbox.

Block Parameters: Hamming Encoder

—Hamming Encoder [mazk)]

Create a Hamming code with message length K and codeword length M.
The number M must have the form 2°M-1, where M iz an integer greater
than or equal to 3. K. muszt equal M-,

The input must contain exactly k. elements. I it iz frame-bazed, then it
must be a column wectar.

=
F

Codeword length M:

[

Message length K. or M-degree primitive polynomial:

| afprimfdi3, min|

QK I Cancel | Help | Lol

Codeword length N
The codeword length, which is also the output vector length.
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Message length K, or M-degree primitive polynomial
Either the message length, which is also the input vector length; or a
binary vector that represents a primitive polynomial for GF(2M).

Pair Block Hamming Decoder

See Also hammgen (Communications Toolbox)
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Helical Deinterleaver

Purpose
Library

Description

Heliczal
Ceintarleaver
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Restore ordering of symbols permuted by a helical interleaver
Convolutional sublibrary of Interleaving

The Helical Deinterleaver block permutes the symbols in the input signal by
placing them in an array row by row and then selecting groups in a helical
fashion to send to the output port.

The block uses the array internally for its computations. If C is the Number of
columns in helical array parameter, then the array has C columns and
unlimited rows. If N is the Group size parameter, then the block accepts an
input of length C*N at each time step and inserts them into the next N rows of
the array. The block also places the Initial condition parameter into certain
positions in the top few rows of the array (not only to accommodate the helical
pattern but also to preserve the vector indices of symbols that pass through the
Helical Interleaver and Helical Deinterleaver blocks in turn).

The output consists of consecutive groups of N symbols. Counting from the
beginning of the simulation, the block selects the kth output group in the array
from column k mod C. The selection is helical because of the reduction modulo
C and because the first symbol in the kth group is in row 1+(k-1)*s, where s is
the Helical array step size parameter.

The number of elements of the input vector must be C times N. If the input is
frame-based, then it must be a column vector.

Delay of Interleaver-Deinterleaver Pair

After processing a message with the Helical Interleaver block and the Helical
Deinterleaver block, the deinterleaved data lags the original message by

NS

samples. Before this delay elapses, the deinterleaver output is either the
Initial condition parameter in the Helical Deinterleaver block or the Initial
condition parameter in the Helical Interleaver block.

If your model incurs an additional delay between the interleaver output and
the deinterleaver input, then the restored sequence lags the original sequence
by the sum of the additional delay and the amount in the formula above. For
proper synchronization, the delay between the interleaver and deinterleaver



Helical Deinterleaver

must be m*C*N for some nonnegative integer m. You can use the Integer Delay
block in the DSP Blockset to adjust delays manually, if necessary.

Dialog Box

— Helical Deint [mazk]

Fiestore the ordering of symbals input to a matching helical interleaver.
The operation of a helical deinterleaver is defined by a helical aray with
C columns. The input to the helical deinterleaver must have width TN,
Feceived symbols are entered row-by-row inta the helical aray. The
block proceszes the symbols in the helical aray in groups of size M and
assigns an index k to each group, beginning with k=1 at the start of the
simulation. After a delay, the kth output group is read sequentially down
column k mod C of the helical aray and beginning in row 1+(k-1]*z,
where g iz the helical aray step size.

The helical aray step size must be a nonnegative integer and the initial
condition must be & scalar.

.-
F

Mumber of columnz in helical array:

Group size:
J4

Helical array step size:
|1

Initial condition:

Jo

QK I Cancel | Help | Lol |

Number of columns in helical array
The number of columns, C, in the helical array.

Group size
The size, N, of each group of symbols. The input width is C times N.

Helical array step size

The number of rows of separation between consecutive output groups as
the block selects them from their respective columns of the helical array.

Initial condition
A scalar that fills the array before the first input is placed.

Pair Block Helical Interleaver

See Also General Multiplexed Deinterleaver
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References [1] Berlekamp, E. R. and P. Tong. “Improved Interleavers for Algebraic Block
Codes.” U. S. Patent 4559625, Dec. 17, 1985.
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Purpose
Library

Description

Helical
Interleavar

Permute input symbols using a helical array
Convolutional sublibrary of Interleaving

The Helical Interleaver block permutes the symbols in the input signal by
placing them inan array in a helical fashion and then sending rows of the array
to the output port.

The block uses the array internally for its computations. If C is the Number of
columns in helical array parameter, then the array has C columns and
unlimited rows. If N is the Group size parameter, then the block accepts an
input of length C*N at each time step and partitions the input into consecutive
groups of N symbols. Counting from the beginning of the simulation, the block
places the kth group in the array along column k mod C. The placement is
helical because of the reduction modulo C and because the first symbol in the
kth group is in row 1+(k-1)*s, where s is the Helical array step size parameter.
Positions in the array that do not contain input symbols have default contents
specified by the Initial condition parameter.

The block sends C*N symbols from the array to the output port by reading the
next N rows sequentially. At a given time step, the output symbols might be
the Initial condition parameter value, symbols from that time step’s input
vector, or symbols left in the array from a previous time step.

The number of elements of the input vector must be C times N. If the input is
frame-based, then it must be a column vector.
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Dialog Box

Examples

4-242

— Helical Interl [mazk]

Permute input vector uging a helical aray with C columng. The input to
the helical interleaver must have width C*M. The block processes the
input in groups of size M and assigns an index to each group, beginning
with k=1 at the start of the simulation. The kth group of M spmbols iz
entered sequentially down column k mod C of the helical array and
beginning in row 1+[k-11s, where = is the helical aray step size. The
helical interleaver output is then read row-by-row from the helical array.

The helical aray step size must be a nonnegative integer and the initial
condition must be & scalar.

=
F

Mumber of columnz in helical array:

Group size:
J4

Helical array step size:
|1

Initial condition:

Jo

QK I Cancel | Help | Lol |

Number of columns in helical array
The number of columns, C, in the helical array.

Group size
The size, N, of each group of input symbols. The input width is C times N.

Helical array step size

The number of rows of separation between consecutive input groups in
their respective columns of the helical array.

Initial condition
A scalar that fills the array before the first input is placed.

Suppose that C = 3, N = 2, the Helical array step size parameter is 1, and the
Initial condition parameter is -1. After receiving inputs of [1:6]", [7:12]",
and [13:19]", the block’s internal array looks like the schematic below. The
coloring of the inputs and the array indicate how the input symbols are placed
within the array. The outputs at the first three time steps are

[1; -1; -1; 2; 3; -1],[7; 4; 5; 8; 9; 6],and

[13; 10; 11; 14; 15; 12]. (The outputs are not color-coded in the
schematic.)
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Block’s Internal Array

Inputs QOutputs from successive
rows of array

1 13 7 1
2 10 4 -1
3 > 11 5 -1 >
4 14 8 2
5 15 9 3
6 12 6 -1
Pair Block Helical Deinterleaver
See Also General Multiplexed Interleaver
References [1] Berlekamp, E. R. and P. Tong. “Improved Interleavers for Algebraic Block

Codes.” U. S. Patent 4559625, Dec. 17, 1985.
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Purpose
Library

Description

Inzert Zerm [
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Distribute input elements in output vector
Sequence Operations, in Basic Comm Functions

The Insert Zero block constructs an output vector by inserting zeros among the
elements of the input vector. The input can be real or complex. The block
determines where to place the zeros by using the Insert zero vector
parameter. The Insert zero vector parameter is a binary vector whose
elements are arranged so that:

= Each 1 indicates that the block should place the next element of the input in
the output vector

« Each 0 indicates that the block should place a 0 in the output vector

If the input signal is sample-based, then the input vector length must equal the
number of 1s in the Insert zero vector parameter.

To implement punctured coding using the Puncture and Insert Zero blocks, you
should use the same vector for the Insert zero vector parameter in this block
and for the Puncture vector parameter in the Puncture block.

Frame-Based Processing

If the input signal is frame-based, then both it and the Insert zero vector
parameter must be column vectors. The number of 1s in the Insert zero vector
parameter must divide the input vector length. If the input vector length is
greater than the number of 1s in the Insert zero vector parameter, then the
block repeats the insertion pattern until it has placed all input elements in the
output vector.



Insert Zero

Dialog Box
Inzert Zero [mask)
Diztribute input elements in output vector. The binary Inzert zero vector
indicates placement of zeros and input elements.
For zample-based inputs, the length of the input must equal the length of
the Ingzert zera vector.
For frame-based inputs, if the number of 1's in the Insert zero vector is
less than the length of the input signal, the block repeats the Insert zero
pattern to output all input elements.
F Insert zero vector:
110101
QK I Cancel | Help Lol
Insert zero vector
A binary vector whose pattern of Os and 1s indicates where the block should
place either Os or input vector elements, respectively, in the output vector.
Examples If the Insert zero vector parameter is the six-element vector [1,0,1,1,1,0],
then the block inserts zeros after the first and last elements of each consecutive
grouping of four input elements. It considers groups of four elements because
the Insert zero vector parameter has four 1s.
The diagram below depicts the block’s operation using this Insert zero vector
parameter. Notice that the insertion pattern applies twice.
Group of 4 Group of 4
—f
[13457 910 11]
Inzert Zero
W
* Shading Key for Output Vector
= Inserted zero
[1 03450709 10 11 0] .
= Entry from input vector
Compare this example with that on the reference page for the Puncture block.
See Also Puncture
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Purpose
Library

Description

Int RS en [

Examples
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Create a Reed-Solomon code from integer vector data
Block sublibrary of Channel Coding

The Integer-Input RS Encoder block creates a Reed-Solomon code with
message length K and codeword length N. You specify both N and K directly in
the block mask. N must have the form 2M-1, where M is an integer greater than
or equal to 3. The code is more efficient if N-K is an even integer.

The input and output are integer-valued signals that represent messages and
codewords, respectively. The integers that form the messages and codewords
represent elements of the finite field GF(ZM) and hence must be between 0 and
2M.1,

The input must contain exactly K elements. If it is frame-based, then it must
be a column vector. The output is a vector of length N.

An (N,K) Reed-Solomon code can correct up to floor ((N-K)/2) symbol errors
(not bit errors) in each codeword.

Suppose M =3, N = 23.1=7,and K=5. Then a message is a vector of length 5
whose entries are integers between 0 and 7. A corresponding codeword is a
vector of length 7 whose entries are integers between 0 and 7. The figure below
illustrates possible input and output signals to this block, when the block
parameters are set to their defaults of 7 and 5, respectively.

6] [3
2 |2
2 [6 2 |6
3 7 3 |7
5 |4 5 |4
2| |o Message IntRS en ol |g code
o 4 a4
t=1 t=0 t=1 t=0
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Dialog Box

Pair Block

See Also

Block Paramete =ger-lnput RS Encoder

 Integer-lnput RS Encoder [mask)

Create a Reed-Solomon code with message length K. and codewaord
length M. M must have the form 2°M-1, where M iz an integer greater
than or equal to 3.

The input integers that form the messages must be between 0 and
2°M-1. There must be exactly K elements in the input. |f the input is
frame-based, then it must be a column vectar.

=

Codeword length M:

[

Meszage length K:
|5

QK I Cancel | Help | Lol

Codeword length N

The codeword length, which is also the output vector length.

Message length K

The message length, which is also the input vector length.

Integer-Output RS Decoder

Binary-Input RS Encoder
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Purpose
Library

Description

Int RS de

Dialog Box
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Decode a Reed-Solomon code to recover integer vector data
Block sublibrary of Channel Coding

The Integer-Output RS Decoder block recovers a message vector from a
Reed-Solomon codeword vector. For proper decoding, the parameter values in
this block should match those in the corresponding Integer-Input RS Encoder
block.

If the Reed-Solomon code has message length K and codeword length N, then
N must have the form 2M-1 for some integer M greater than or equal to 3. The
code is more efficient if N-K is an even integer.

The input and first output are integer-valued signals that represent codewords
and messages, respectively. The integers in these signals represent elements
of the finite field GF(2™) and hence must be between 0 and 2M-1.

The input must contain exactly N elements. If it is frame-based, then it must
be a column vector. The first output is a vector of length K.

The second output is the number of errors detected during decoding of the
codeword. A negative integer indicates that the block detected more errors
than it could correct using the coding scheme. An (N,K) Reed-Solomon code can
correct up to floor ((N-K)/2) symbol errors (not bit errors) in each codeword.

The sample times of the input and output signals are equal.

Block Parameters: Integer-Output RS Decoder

~ Integer-Output RS Decoder [mask)

Fecover a meszage vector from a Reed-Solomon codeword vector. If
the Reed-Solomon code has meszage length K. and codeword length M,
then N must have the form 2°M-1 for some integer M greater than ar
equal to 3.

The input integers that form the codewords must be between 0 and
2°M-1. There must be exactly N elements in the input. If the input is
frame-based, then it must be a column vectar.

=
F

Codeword length M:

[

Meszage length K:
|5

QK I Cancel Help Lol




Integer-Output RS Decoder

Codeword length N
The codeword length, which is also the input vector length.

Message length K
The message length, which is also the output vector length.

Pair Block Integer-Input RS Encoder

See Also Binary-Output RS Decoder
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Integer to Bit Converter

Purpose
Library

Description

Integer to Bit
Converter

Dialog Box

Examples

Pair Block

4-250

Map a vector of integers to a vector of bits
Utility Functions

The Integer to Bit Converter block maps each integer in the input vector to a
group of bits in the output vector. If M is the Number of bits per integer
parameter, then the input integers must be between 0 and 2M-1. The block
maps each integer to a group of M bits, using the first bit as the most significant
bit. As a result, the output vector length is M times the input vector length.

The input can be either a scalar or a frame-based column vector.

Block Parameters: Integer to Bit Converter

-~ Integer to Bit Converter [mask]

Map a vector of integers to a vector of bits. The first bit of the output
wector iz the most significant bit [MSB]. The Mumber of bits per integer
value defines how many bits are mapped from each integer.

The input can be either a scalar or a frame-based column vector,

=

Mumber of bits per integer:

E
QK I Cancel | Help | Lol

Number of bits per integer

The number of bits the block uses to represent each integer of the input.
This parameter must be an integer between 1 and 31.

If the input is [7; 13] and the Number of bits per integer parameter is 4, then
the output is [0; 1; 1; 1; 1; 1; O; 1]. The first group of four bits (0, 1, 1, 1)
represents 7 and the second group of four bits (1, 1, 0, 1) represents 13. Notice
that the output length is four times the input length.

Bit to Integer Converter



Integrate and Dump

Purpose
Library

Description

Integrate
and Dump

Dialog Box

Integrate, resetting to zero periodically and reducing by a modulus
Integrators, in Basic Comm Functions

The Integrate and Dump block integrates the input signal in discrete time,
resets to zero according to a fixed schedule, and reduces modulo the Absolute
value bound parameter. If the Absolute value bound parameter is K, then
the block output is strictly between -K and K.

The reset times are the positive integral multiples of the Integration period
parameter. At each reset time, the block performs its final integration step,
sends the result to the output port, and then clears its internal state for the
next time step.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. The block processes each vector element independently.

This block uses the Forward Euler integration method.

Integrate and Durmp

~ Integrate and Dump [mask]

Integrate the input signal in discrete time over the Integration period and
then reduce modulo the Absolute value bound parameter. The integrator
resets itz internal state before integrating the next period.

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

=
F

Absaolute value bound:

Integration period [s]:
|2

Sample time:

|1
QK I Cancel | Help | Lol

Absolute value bound
The modulus by which the integration result is reduced. This parameter
must be positive.
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Examples

See Also

4-252

Integration period (s)
The first reset time. This is also the time interval between resets.
Sample time

The integration sample time. This must not exceed the Integration
period.

Integrate a constant signal whose value is 1 using these parameters:

= Absolute value bound =5
* Integration period =7
« Sample time = .5

You can use a Simulink Constant block for the input signal. The Simulink
Scope block shows the output below.

4|Scope =] E3

o 22| alE - &

Time offset; O

Notice that the output is O at time 0 and that the output never exceeds 5. Also
notice that the output at time 7.5 seconds (Integration period plus Sample
time) is the result of resetting the integrator after the previous time step and
then considering the input signal between times 7 and 7.5.

Discrete Modulo Integrator, Windowed Integrator, Discrete-Time Integrator
(Simulink)



Interlacer

Purpose
Library

Description

Interlacer

E

Dialog Box

Examples

Pair Block

See Also

Alternately select elements from two input vectors to generate output vector
Sequence Operations, in Basic Comm Functions

The Interlacer block accepts two inputs that have the same vector size,
complexity, and sample time. It produces one output vector by alternating
elements from the first input and from the second input. As a result, the output
vector size is twice that of either input. The output vector has the same
complexity and sample time of the inputs.

The inputs can be either scalars or frame-based column vectors.

This block can be useful for combining in-phase and quadrature information
from separate vectors into a single vector.

Block Parameters: Interlacer

Interlacer [mask)

Combine the elements of the input signals to generate the output zsignal.
The elements of the first input signal become the odd-numbered elements
of the output signal. while the elements of the second input signal
become the even-numbered elements of the output signal.

The inputs can be either scalars or frame-bazed column vectors.

Cancel | Help | Lol |

If the two input vectors are frame-based with values [1; 2; 3; 4] and
[5; 6; 7; 8], then the output vector is [1; 5; 2; 6; 3; 7; 4; 8].

Deinterlacer

General Block Interleaver; Mux (Simulink)
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Linearized Baseband PLL

Purpose
Library

Description

Linearized F
Baseband o
FLL -

4-254

Implement a linearized version of a baseband phase-locked loop
Synchronization

The Linearized Baseband PLL block is a feedback control system that
automatically adjusts the phase of a locally generated signal to match the
phase of an input signal. Unlike the Phase-Locked Loop block, this block uses
a baseband model method. Unlike the Baseband PLL block, which uses a
nonlinear model, this block simplifies the computations by using x to
approximate sin(x). The baseband PLL model depends on the amplitude of the
incoming signal but does not depend on a carrier frequency.

This PLL has these three components:

= An integrator used as a phase detector.

= Afilter. You specify the filter's transfer function using the Lowpass filter
numerator and Lowpass filter denominator mask parameters. Each is a
vector that gives the respective polynomial’s coefficients in order of
descending powers of s.

To design a filter, you can use functions such as butter, chebyl, and cheby2
in the Signal Processing Toolbox. The default filter is a Chebyshev type 11
filter whose transfer function arises from the command below.

[num, den] = cheby2(3,40,100,"s")
= A voltage-controlled oscillator (VCO). You specify the sensitivity of the VCO
signal to its input using the VCO input sensitivity parameter. This

parameter, measured in Hertz per volt, is a scale factor that determines how
much the VCO shifts from its quiescent frequency.

The input signal represents the received signal. The input must be a
sample-based scalar signal. The three output ports produce:

= The output of the filter

= The output of the phase detector

= The output of the VCO



Linearized Baseband PLL

Dialog Box

Block Parameters: Linearized Baseband PLL

~ Linearized Baseband PLL [mask]

Implement a linearized baseband model of a phaze-locked loop. The
three outputs are the outputs of the lowpass filker, the phaze detectar,
and the voltage controlled ozcillator YCO). The input must be a
zample-based scalar signal

=
F

Lowpazs filker numeratar:

Lowpass filker denominator:
|[1 E7.46 2270.9 40002]

WO input sensitivity [Hz A

|1
QK I Cancel | Help | Lol

Lowpass filter numerator

The numerator of the lowpass filter’s transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator

The denominator of the lowpass filter's transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

VCO input sensitivity (Hz/V)

This value scales the input to the VCO and, consequently, the shift from
the VCO's quiescent frequency.

See Also Baseband PLL, Phase-Locked Loop

References For more information about phase-locked loops, see the works listed in
“Selected Bibliography for Synchronization” on page 2-92.
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Matrix Deinterleaver

Purpose Permute input symbols by filling a matrix by columns and emptying it by rows
Library Block sublibrary of Interleaving
Description The Matrix Deinterleaver block performs block deinterleaving by filling a
matrix with the input symbols column by column and then sending the matrix
o atriz: ! contents to the output port row by row. The Number of rows and Number of
Deintereaver columns parameters are the dimensions of the matrix that the block uses
internally for its computations.

The length of the input vector must be Number of rows times Number of
columns. If the input is frame-based, then it must be a column vector.

Dialog Box

Block Parameters: Matrix Deinterleaver

— Matrix Deinterl [mazk]

Deinterleave the input vector by writing the elements into a matrix
column-by-column and reading them out rove-by-row. The product of
Mumber of rows and Mumber of columns must match the input signal
width.

Mumber of rows:
E

Mumber of columns:

J4

QK I Cancel Help Lol

Number of rows
The number of rows in the matrix that the block uses for its computations.

Number of columns
The number of columns in the matrix that the block uses for its
computations.

Examples If the Number of rows and Number of columns parameters are 2 and 3,
respectively, then the deinterleaver uses a 2-by-3 matrix for its internal
computations. Given an input signal of [1; 2; 3; 4; 5; 6], the block
produces an output of [1; 3; 5; 2; 4; 6].

Pair Block Matrix Interleaver

See Also General Block Deinterleaver
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Matrix Helical Scan Deinterleaver

Purpose
Library

Description

i atrix
Helizal Scan
Ceintarleawver

Restore ordering of input symbols by filling a matrix along diagonals
Block sublibrary of Interleaving

The Matrix Helical Scan Deinterleaver block performs block deinterleaving by
filling a matrix with the input symbols in a helical fashion and then sending
the matrix contents to the output port row by row. The Number of rows and
Number of columns parameters are the dimensions of the matrix that the
block uses internally for its computations.

Helical fashion means that the block places input symbols along diagonals of
the matrix. The number of elements in each diagonal matches the Number of
columns parameter, after the block wraps past the edges of the matrix when
necessary. The block traverses diagonals so that the row index and column
index both increase. Each diagonal after the first one begins one row below the
first element of the previous diagonal.

The Array step size parameter is the slope of each diagonal, that is, the
amount by which the row index increases as the column index increases by one.
This parameter must be an integer between zero and the Number of rows
parameter. If the Array step size parameter is zero, then the block does not
deinterleave and the output is the same as the input.

The number of elements of the input vector must be the product of Number of
rows and Number of columns. If the input is frame-based, then it must be a
column vector.
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Matrix Helical Scan Deinterleaver

Dialog Box

— Matrix helical scan deint [mazk]

Fiestore the ordering of symbols permuted by a matching helical scan
interleaver. The helical scan interleaver writes input elements row-by-row
inta an array with a specified number of rows and columng. The
interleaver output iz then read by scanning along diagonals of this array.
The pitch of the diagonal scans is determined by the array step size.

The aray step zsize must be a nonnegative integer lezs than the specified
number of rows. An aray step zize of zero indicates no interleaving.

The product of Mumber of rows and Mumber of columng must match the
input zignal width,

Mumber of rows:

Mumber of columns:
|64

Aray step size:

|1
QK I Cancel Help Lppli

Number of rows
The number of rows in the matrix that the block uses for its computations.

Number of columns

The number of columns in the matrix that the block uses for its
computations.

Array step size
The slope of the diagonals that the block writes.

Pair Block Matrix Helical Scan Interleaver

See Also General Block Deinterleaver
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Matrix Helical Scan Interleaver

Purpose
Library

Description

i atrix
Helizal Scan
Interleawver

Permute input symbols by selecting matrix elements along diagonals
Block sublibrary of Interleaving

The Matrix Helical Scan Interleaver block performs block interleaving by
filling a matrix with the input symbols row by row and then sending the matrix
contents to the output port in a helical fashion. The Number of rows and
Number of columns parameters are the dimensions of the matrix that the
block uses internally for its computations.

Helical fashion means that the block selects output symbols by selecting
elements along diagonals of the matrix. The number of elements in each
diagonal matches the Number of columns parameter, after the block wraps
past the edges of the matrix when necessary. The block traverses diagonals so
that the row index and column index both increase. Each diagonal after the
first one begins one row below the first element of the previous diagonal.

The Array step size parameter is the slope of each diagonal, that is, the
amount by which the row index increases as the column index increases by one.
This parameter must be an integer between zero and the Number of rows
parameter. If the Array step size parameter is zero, then the block does not
interleave and the output is the same as the input.

The number of elements of the input vector must be the product of Number of
rows and Number of columns. If the input is frame-based, then it must be a
column vector.
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Matrix Helical Scan Interleaver

Dialog Box

Examples

4-260

— Matrix helical scan interl [mazk]

Interleave input vector by wiiting elements row-by-row into an array with a
specified number of rows and columns and then reading them out by
zcanning along diagonals of thiz array. The pitch of the diagonal scans
iz determined by the array step size.

The aray step zsize must be a nonnegative integer lezs than the specified
number of rows. An aray step zize of zero indicates no interleaving.

The product of Mumber of rows and Mumber of columng must match the
input zignal width,

.-
F

Mumber of rows:

Mumber of columns:
|64

Aray step size:

|1
QK I Cancel Help Lppli

Number of rows
The number of rows in the matrix that the block uses for its computations.

Number of columns
The number of columns in the matrix that the block uses for its
computations.

Array step size
The slope of the diagonals that the block reads.

If the Number of rows and Number of columns parameters are 6 and 4,
respectively, then the interleaver uses a 6-by-4 matrix for its internal
computations. If the Array step size parameter is 1, then the diagonals are as
shown in the figure below. Positions with the same color form part of the same
diagonal, and diagonals with darker colors precede those with lighter colors in
the output signal.

Given an input signal of [1:24]", the block produces an output of

[1; 6; 11; 16; 5; 10; 15; 20; 9; 14; 19; 24; 13; 18; 23;...
4; 17; 22; 3; 8; 21; 2; 7; 12]



Matrix Helical Scan Interleaver

Pair Block

See Also

Block’s Internal Array

[1, 6, 11, 16,...

5, 10, 15, 20, ...
9,14, 19, 24,... p

13, 18, 23, 4,...

17, 22,

—[1:24]" —p

w
(e¢]
'
'

Matrix Helical Scan Deinterleaver

General Block Interleaver
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Matrix Interleaver

Purpose Permute input symbols by filling a matrix by rows and emptying it by columns
Library Block sublibrary of Interleaving
Description The Matrix Interleaver block performs block interleaving by filling a matrix
with the input symbols row by row and then sending the matrix contents to the
o atriz: output port column by column.
Interleawer i
The Number of rows and Number of columns parameters are the dimensions

of the matrix that the block uses internally for its computations.

The number of elements of the input vector must be the product of Number of
rows and Number of columns. If the input is frame-based, then it must be a
column vector.

Dialog Box
— Matrix Inh
Interleave the input vectar by writing the elements into a matrix
row-by-row and reading them out column-by-column. The product of
Mumber of rows and Mumber of columns must match the input signal
width.
r Mumber of rows:
E
Mumber of columns:
J4
QK I Cancel Help Lol
Number of rows
The number of rows in the matrix that the block uses for its computations.
Number of columns
The number of columns in the matrix that the block uses for its
computations.
Examples If the Number of rows and Number of columns parameters are 2 and 3,

respectively, then the interleaver uses a 2-by-3 matrix for its internal
computations. Given an input signal of [1; 2; 3; 4; 5; 6], the block
produces an output of [1; 4; 2; 5; 3; 6].
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Matrix Interleaver

Pair Block Matrix Deinterleaver

See Also General Block Interleaver
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M-DPSK Demodulator Baseband

Purpose
Library

Description

AL

M-DPSK

4-264

Demodulate DPSK-modulated data
PM, in Digital Baseband sublibrary of Modulation

The M-DPSK Demodulator Baseband block demodulates a signal that was
modulated using the M-ary differential phase shift keying method. The input
is a baseband representation of the modulated signal. The input and output for
this block are discrete-time signals. The input can be either a scalar or a
frame-based column vector.

The M-ary number parameter, M, is the number of possible output symbols
that can immediately follow a given output symbol. The block compares the
current symbol to the previous symbol. The block’s first output is the initial
condition of zero (or a group of zeros, if the Output type parameter is set to Bit)
because there is no previous symbol.

Binary or Integer Outputs

If the Output type parameter is set to Integer, then the block maps a phase
difference of

0 + 2rm/M

to m, where 0 is the Phase offset parameter and m is an integer between 0 and
M-1.

If the Output type parameter is set to Bit and the M-ary number parameter
has the form 2K for some positive integer K, then the block outputs binary
representations of integers between 0 and M-1. It outputs a group of K bits,
called a binary word, for each symbol.

In binary output mode, the Constellation ordering parameter indicates how
the block maps an integer to a corresponding group of K output bits. See the
reference pages for the M-DPSK Modulator Baseband and M-PSK Modulator
Baseband blocks for details.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. If it is greater than
1, then the demodulated signal is delayed by one output sample. For more
information, see “Upsampled Signals and Rate Changes” on page 2-72.



M-DPSK Demodulator Baseband

Dialog Box

Block Paramet -OF el
— M-DPSE Demodulator Baseband [mask)

Demodulate the input signal using the differential phase shift keying
method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=
F

I4-ary number:

2

Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Fhase offzet [rad):
[pisa

Samples per symbal:

|1
QK I Cancel | Help Lol

M-ary number

The number of possible modulated symbols that can immediately follow a
given symbol.

Output type
Determines whether the output consists of integers or groups of bits.

Constellation ordering
Determines how the block maps each integer to a group of output bits. This

field is active only when Output type is set to Bit.
Phase offset (rad)

The phase difference between the previous and current modulated symbols
when the input is zero.

Samples per symbol
The number of input samples that represent each modulated symbol.
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M-DPSK Demodulator Baseband

Pair Block M-DPSK Modulator Passband

See Also DBPSK Demodulator Baseband, DQPSK Demodulator Baseband, M-PSK
Demodulator Baseband

References [1] Pawula, R. F. “On M-ary DPSK Transmission Over Terrestrial and Satellite
Channels.” IEEE Transactions on Communications, vol. COM-32, July 1984.
752-761.
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M-DPSK Demodulator Passband

Purpose
Library

Description

AL

M-DPSK

Demodulate DPSK-modulated data
PM, in Digital Passband sublibrary of Modulation

The M-DPSK Demodulator Passband block demodulates a signal that was
modulated using the M-ary differential phase shift keying method. The input
is a passband representation of the modulated signal. The input and output for
this block are discrete-time signals. The input must be a sample-based scalar
signal.

The M-ary number parameter, M, is the number of possible output symbols
that can immediately follow a given output symbol. The block compares the
current symbol to the previous symbol. The block’s first output is the initial
condition of zero because there is no previous symbol.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, M-DPSK Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

< M-ary number
= Qutput type
= Constellation ordering

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

< Input sample time > (Carrier frequency)'1
< Symbol period < [2*Carrier frequency + 2/(Input sample time)]
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M-DPSK Demodulator Passband

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.

Dialog Box

Bl el JPSK Demadulator
— M-DPSE Demodulator Passband [mask]

Demodulate the input signal using the differential phase shift keying
method.

The input signal must be a sample-based scalar. In caze of bit output, the
width of the output iz the number of bits per symbal. The symbols can be
either binary-demapped or Gray-demapped into bits.

The symbol period must be an integer multiple of the product of the
bazeband zamples per spmbol and the input sample time.

-
F

I4-ary number:

2

Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Symbaol period| [s]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
[pisa

Input ample time:
18000

QK I Cancel | Help Lol

M-ary number

The number of possible modulated symbols that can immediately follow a
given symbol.

Output type
Determines whether the output consists of integers or groups of bits.
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M-DPSK Demodulator Passband

Pair Block

See Also

References

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.

M-DPSK Modulator Passband
M-DPSK Demodulator Baseband

[1] Pawula, R. F. “On M-ary DPSK Transmission Over Terrestrial and Satellite
Channels.” IEEE Transactions on Communications, vol. COM-32, July 1984.
752-761.
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M-DPSK Modulator Baseband

Purpose
Library

Description

LA

W-DP Sk
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Modulate using the M-ary differential phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The M-DPSK Modulator Baseband block modulates using the M-ary
differential phase shift keying method. The output is a baseband
representation of the modulated signal. The M-ary number parameter, M, is
the number of possible output symbols that can immediately follow a given
output symbol.

The input must be a discrete-time signal.

Inputs and Constellation Types

If the Input type parameter is set to Integer, then valid input values are
integers between 0 and M-1. In this case, the input can be either a scalar or a
frame-based column vector. If the first input is m, then the modulated symbol
is

exp(je + jrim/2)

where 6 is the Phase offset parameter. If a successive input is m, then the
modulated symbol is the previous modulated symbol multiplied by
exp(jo + jrm/2).

If the Input type parameter is set to Bit and the M-ary number parameter has
the form 2K for some positive integer K, then the block accepts binary
representations of integers between 0 and M-1. It modulates each group of K
bits, called a binary word. The input can be either a vector of length K or a
frame-based column vector whose length is an integer multiple of K.

In binary input mode, the Constellation ordering parameter indicates how
the block maps a group of K input bits to a corresponding phase difference. The
Binary option uses a natural binary-to-integer mapping, while the Gray option
uses a Gray-coded assignment of phase differences. For example, the table



M-DPSK Modulator Baseband

below indicates the assignment of phase difference to three-bit inputs, for both
the Binary and Gray options. 0 is the Phase offset parameter.

Input Binary-Coded Phase Gray-Coded Phase
Differences Differences

[000] i ie

[001] jo +jm2 jo+jm2

[010] jo +jm2/2 jo + jm3/2

[011] jo +jm3/2 jo+jm/2

[100] jo +jma/2 jo + jme/2

[101] jo +jms/2 j0 + jm7/2

[110] jo + jme/2 jo+jms/2

[111] jo +jmr/2 j0 + jmd/2

For more details about the Binary and Gray options, see the reference page for
the M-PSK Modulator Baseband block. The signal constellation for that block
corresponds to the arrangement of phase differences for this block.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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M-DPSK Modulator Baseband

Dialog Box

Bl arame
— M-DPSE Modulator Bazeband [mazk)]
Modulate the input signal ugsing the differential phaze shift keying method.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=P
-ary number:
E

Input type: I Integer

L L

[Eatstel|atem ardentg: IBinary
Fhase offzet [rad):
[pisa

Samples per symbal:

|1
QK I Cancel | Help Lol

M-ary number

The number of possible output symbols that can immediately follow a given
output symbol.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Constellation ordering
Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Phase offset (rad)

The phase difference between the previous and current modulated symbols
when the input is zero.
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M-DPSK Modulator Baseband

Pair Block

See Also

References

Samples per symbol

The number of output samples that the block produces for each integer or
binary word in the input.

M-DPSK Demodulator Baseband

DBPSK Modulator Baseband, DQPSK Modulator Baseband, M-PSK
Modulator Baseband

[1] Pawula, R. F. “On M-ary DPSK Transmission Over Terrestrial and Satellite

Channels.” IEEE Transactions on Communications, vol. COM-32, July 1984.
752-761.
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M-DPSK Modulator Passband

Purpose
Library

Description

LI

W-DF Sk
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Modulate using the M-ary differential phase shift keying method
PM, in Digital Passband sublibrary of Modulation

The M-DPSK Modulator Passband block modulates using the M-ary
differential phase shift keying method. The output is a passband
representation of the modulated signal. The M-ary number parameter, M, is
the number of possible output symbols that can immediately follow a given
output symbol.

This block uses the baseband equivalent block, M-DPSK Modulator Baseband,
for internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

< M-ary number
= Input type
= Constellation ordering

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)'1
- Output sample time < [2*Carrier frequency + 2/(Symbol period)]?



M-DPSK Modulator Passband

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Dialog Box

— M-DPSE Modulator Pazsband [mask)
Modulate the input signal ugsing the differential phaze shift keying method.

The input signal must be sample-bazed. In caze of integer input, the input
muszt be a scalar. In caze of bit input, the width of the input must equal
the number of bits per symbal. The bitz can be either binary-mapped or
Gray-mapped into symbals.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

=
F

-ary number:
E

Input type: I Integer

L L

[Eatstel|atem ardentg: IBinary
Symbol period [z]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
[pisa

Output zample time:
18000

QK I Cancel | Help Lol

M-ary number

The number of possible output symbols that can immediately follow a given
output symbol.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.
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M-DPSK Modulator Passband

Pair Block
See Also

References
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Constellation ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

M-DPSK Demodulator Passband
M-DPSK Modulator Baseband
[1] Pawula, R. F. “On M-ary DPSK Transmission Over Terrestrial and Satellite

Channels.” IEEE Transactions on Communications, vol. COM-32, July 1984.
752-761.



M-FSK Demodulator Baseband

Purpose
Library

Description

VA I

hot-F Sk

Demodulate FSK-modulated data
FM, in Digital Baseband sublibrary of Modulation

The M-FSK Demodulator Baseband block demodulates a signal that was
modulated using the M-ary frequency shift keying method. The inputis a
baseband representation of the modulated signal. The input and output for this
block are discrete-time signals. The input can be either a scalar or a
frame-based column vector.

The M-ary number parameter, M, is the number of frequencies in the
modulated signal. The Frequency separation parameter is the distance, in
Hz, between successive frequencies of the modulated signal.

Binary or Integer Outputs

If the Output type parameter is set to Integer, then the block outputs integers
between 0 and M-1.

If the Output type parameter is set to Bit and the M-ary number parameter
has the form 2X for some positive integer K, then the block outputs binary
representations of integers between 0 and M-1. It outputs a group of K bits,
called a binary word, for each symbol.

In binary output mode, the Symbol set ordering parameter indicates how the
block maps an integer to a corresponding group of K output bits. See the
reference pages for the M-FSK Modulator Baseband and M-PSK Modulator
Baseband blocks for details.

Whether the output is an integer or a binary representation of an integer, the
block maps the highest frequency to the integer 0 and maps the lowest
frequency to the integer M-1. In baseband simulation, the lowest frequency is
the negative frequency with the largest absolute value.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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Dialog Box

Bl ararnet rodulato
— M-F5SK. Demadulator Baseband [mask)

Demodulate the input signal using the frequency shift keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

-
F

I4-ary number:

[E

Output type: Ilnteger j
Sumitalleet ardentg: IBinary j

Frequency separation [Hz]:
|6

Samples per symbal:
|17

QK I Cancel | Help Lol

M-ary number
The number of frequencies in the modulated signal.

Output type

Determines whether the output consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2K for
some positive integer K.

Symbol set ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Frequency separation (Hz)
The distance between successive frequencies in the modulated signal.

Samples per symbol
The number of input samples that represent each modulated symbol.
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Pair Block M-FSK Modulator Baseband

See Also CPFSK Demodulator Baseband
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M-FSK Demodulator Passband

Purpose
Library

Description

WAL

- F 5
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Modulate using the M-ary frequency shift keying method
FM, in Digital Passband sublibrary of Modulation

The M-FSK Demodulator Passband block demodulates a signal that was
modulated using the M-ary frequency shift keying method. The input is a
passband representation of the modulated signal. The M-ary number
parameter, M, is the number of frequencies in the modulated signal.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, M-FSK Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

< M-ary number

= Qutput type

= Signal set ordering

= Frequency separation

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

< Input sample time > (Carrier frequency)'1
< Symbol period < [2*Carrier frequency + 2/(Input sample time)] 2

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K



M-FSK Demodulator Passband

Dialog Box

Also, this block incurs an extra output period of delay compared to its baseband

equivalent block.

F5K. Demodulator

— M-F5K. Demodulator Passband [mask)

Demodulate the input signal using the frequency shift keying method.

either binary-demapped or Gray-demapped into bits.

bazeband zamples per spmbol and the input sample time.

The input signal must be a sample-based scalar. In caze of bit output, the
width of the output iz the number of bits per symbal. The symbols can be

The symbaol period must be an integer multiple of the product of the

=

f
-ary number:

E

Output type: I Integer

Spmballset ordenng: IBinary

Frequency separation [Hz]:

|6
Symbol period [z]:

J1100

Baseband samples per symbal:

|17

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):

Jo

Input ample time:

|1/a500

QK I Cancel | Help

Appl

M-ary number

The number of frequencies in the modulated signal.

Output type

Determines whether the output consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2K for

some positive integer K.

Symbol set ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.
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Pair Block

See Also

4-282

Frequency separation (Hz)

The distance between successive frequencies in the modulated signal.
Symbol period (s)

The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.

M-FSK Modulator Passband

M-FSK Demodulator Baseband, CPFSK Demodulator Passband
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Purpose
Library

Description

LA

h-F S K

Modulate using the M-ary frequency shift keying method
FM, in Digital Baseband sublibrary of Modulation

The M-FSK Modulator Baseband block modulates using the M-ary frequency
shift keying method. The output is a baseband representation of the modulated
signal.

The M-ary number parameter, M, is the number of frequencies in the
modulated signal. The Frequency separation parameter is the distance, in
Hz, between successive frequencies of the modulated signal. If the Phase
continuity parameter is set to Continuous, then the modulated signal
maintains its phase even when it changes its frequency. If the Phase
continuity parameter is set to Discontinuous, then the modulated signal
comprises portions of M sinusoids of different frequencies; thus, a change in the
input value might cause a change in the phase of the modulated signal.

Input Signal Values

The input and output for this block are discrete-time signals. The Input type
parameter determines whether the block accepts integers between 0 and M-1,
or binary representations of integers:

= If Input type is set to Integer, then the block accepts integers. The input can
be either a scalar or a frame-based column vector.

= If Input type is set to Bit, then the block accepts groups of K bits, called
binary words. The input can be either a vector of length K or a frame-based
column vector whose length is an integer multiple of K. The Symbol set
ordering parameter indicates how the block assigns binary words to
corresponding integers.

- If Symbol set ordering is set to Binary, then the block uses a natural
binary-coded ordering.

- If Symbol set ordering is set to Gray, then the block uses a Gray-coded
ordering. For details about the Gray coding, see the reference page for the
M-PSK Modulator Baseband block.

Whether the input is an integer or a binary representation of an integer, the
block maps the integer 0 to the highest frequency and maps the integer M-1 to
the lowest frequency. In baseband simulation, the lowest frequency is the
negative frequency with the largest absolute value.

4-283



M-FSK Modulator Baseband

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

Dialog Box

B dulator B
— M-F5K. Modulator Bazeband [mazk)]
Modulate the input zsignal uging the frequency shift keying method.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

.-
F

-ary number:
E

Irput bype: I Integer j

Sumitalleet ardentg: I Binary j
Frequency separation [Hz]:
g

Phasze continuity: I Continuous j

Samples per symbal:
|17

QK I Cancel | Help Lol

M-ary number
The number of frequencies in the modulated signal.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2K for
some positive integer K.

4-284



M-FSK Modulator Baseband

Pair Block

See Also

Symbol set ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Frequency separation (Hz)
The distance between successive frequencies in the modulated signal.

Phase continuity

Determines whether the modulated signal changes phases in a continuous
or discontinuous way.

Samples per symbol
The number of output samples that the block produces for each integer or

binary word in the input.

M-FSK Demodulator Baseband

CPFSK Modulator Baseband
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Purpose
Library

Description
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Modulate using the M-ary frequency shift keying method
FM, in Digital Passband sublibrary of Modulation

The M-FSK Modulator Passband block modulates using the M-ary frequency
shift keying method. The output is a passband representation of the modulated
signal. The M-ary number parameter, M, is the number of frequencies in the
modulated signal.

This block uses the baseband equivalent block, M-FSK Modulator Baseband,
for internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

< M-ary number

= Input type

= Symbol set ordering
= Frequency separation
= Phase continuity

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Whether the input is an integer or a binary representation of an integer, the
block maps the integer 0 to the highest frequency and maps the integer M-1 to
the lowest frequency.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.



M-FSK Modulator Passband

Dialog Box

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)?
= Output sample time < [2*Carrier frequency + 2/(Symbol period)]'1

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Modulate the input zsignal uging the frequency shift keying method.

The input signal must be sample-bazed. In caze of integer input, the input
muszt be a scalar. In caze of bit input, the width of the input must equal
the number of bits per symbal. The bitz can be either binary-mapped or
Gray-mapped into symbals.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

=
F

-ary number:
E

Irput bype: I Integer j

Sumitalleet ardentg: I Binary j
Frequency separation [Hz]:
g

Phasze continuity: I Continuous j
Symbol period [z]:
J1100

Baseband samples per symbal:
|17

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Output zample time:
|1/a500

QK I Cancel | Help Lol

M-ary number
The number of frequencies in the modulated signal.
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Pair Block

See Also
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Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Symbol set ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Frequency separation (Hz)
The distance between successive frequencies in the modulated signal.

Phase continuity

Determines whether the modulated signal changes phases in a continuous
or discontinuous way.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

M-FSK Demodulator Passband

M-FSK Modulator Baseband, CPFSK Modulator Passband



Modulo Integrator

Purpose
Library

Description

hodulo
Integratar

Dialog Box

See Also

Integrate in continuous time and reduce by a modulus
Integrators, in Basic Comm Functions

The Modulo Integrator block integrates its input signal in continuous time and
then reduces modulo the Absolute value bound parameter. If the Absolute
value bound parameter is K, then the block output is strictly between -K and
K.

The input must be sample-based. The block processes each vector element
independently.

This block’s functionality is useful for monotonically increasing or decreasing
functions, but works with any integrable function. This block uses the Forward
Euler integration method.

: Modulo Integrator

— Modulo Integrator [mazk]

Integrate the input signal in continuous time and then reduce modula the
Absolute value bound parameter. If the Abzolute value bound parameter
ig K. then the block output iz strictly between -K. and K.

The input must be sample-bazed.

=
F

Absaolute value bound:

Initial condition:
Jo

QK I Cancel | Help | Lol

Absolute value bound
The modulus by which the integration result is reduced. This parameter
must be nonzero.

Initial condition
The initial condition for integration.

Discrete Modulo Integrator, Integrator (Simulink)
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M-PAM Demodulator Baseband

Purpose
Library

Description

AL
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Demodulate PAM-modulated data
AM, in Digital Baseband sublibrary of Modulation

The M-PAM Demodulator Baseband block demodulates a signal that was
modulated using the M-ary pulse amplitude modulation. The inputis a
baseband representation of the modulated signal.

The signal constellation has M points, where M is the M-ary number
parameter. M must be an even integer. The block scales the signal constellation
based on how you set the Normalization method parameter. For details on the
constellation and its scaling, see the reference page for the M-PAM Modulator
Baseband block.

The input can be either a scalar or a frame-based column vector.

Output Signal Values

The Output type parameter determines whether the block produces integers
or binary representations of integers. If Output type is set to Integer, then the
block produces integers. If Output type is set to Bit, then the block produces a
group of K bits, called a binary word, for each symbol. The Constellation
ordering parameter indicates how the block assigns binary words to points of
the signal constellation. More details are on the reference page for the M-PAM
Modulator Baseband block.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer.

For more information, see “Upsampled Signals and Rate Changes” on page
2-72.



M-PAM Demodulator Baseband

Dialog Box

D emadulatar B

— b-Pak Demodulator Baseband [mask]

Demodulate the input signal using the pulse amplitude modulation
method.
The k-ary number value must be an even integer.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=
F

I4-ary number:

[z

Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Marmalization method: IMin. distance between symbols j

Minimumn distance:
|2

Samples per symbal:

|1
QK I Cancel | Help Lol

M-ary number

The number of points in the signal constellation. It must be an even
integer.

Output type

Determines whether the output consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2K for
some positive integer K.

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Normalization method

Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.
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Pair Block

See Also

4-292

Minimum distance

The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)

The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)

The maximum power of the symbols in the constellation. This field appears
only when Normalization method is set to Peak Power.

Samples per symbol
The number of input samples that represent each modulated symbol.

M-PAM Modulator Baseband

General QAM Demodulator Baseband



M-PAM Demodulator Passband

Purpose
Library

Description

ML
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Demodulate PAM-modulated data
AM, in Digital Passband sublibrary of Modulation

The M-PAM Demodulator Passband block demodulates a signal that was
modulated using M-ary pulse amplitude modulation. The input is a passband
representation of the modulated signal. The input must be a sample-based
scalar signal.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, M-PAM Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

= M-ary number

= Qutput type

= Constellation ordering
= Normalization method
= Minimum distance

= Average power

< Peak power

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

- Input sample time > (Carrier frequency)?
< Symbol period < [2*Carrier frequency + 2/(Input sample time)]'1
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= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.

Dialog Box

Demodulate the input signal using the pulse amplitude modulation
method. The M-ary number value must be an even integer.

The input signal must be a sample-based scalar. In caze of bit output, the
width of the output iz the number of bits per symbal. The symbols can be
either binary-demapped or Gray-demapped into bits.

The symbol period must be an integer multiple of the product of the
bazeband zamples per spmbol and the input sample time.

=
F

I4-ary number:
Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Marmalization method: IMin. distance between symbols j

Minimumn distance:
|2

Symbol period [z]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

QK I Cancel | Help Lol

M-ary number

The number of points in the signal constellation. It must be an even
integer.
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Output type

Determines whether the output consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Normalization method

Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.

Minimum distance

The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)
The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)

The maximum power of the symbols in the constellation. This field appears
only when Normalization method is set to Peak Power.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.
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Input sample time
The sample time of the input signal.

Pair Block M-PAM Modulator Passband

See Also M-PAM Demodulator Baseband
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M-PAM Modulator Baseband

Purpose
Library

Description
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Modulate using M-ary pulse amplitude modulation
AM, in Digital Baseband sublibrary of Modulation

The M-PAM Modulator Baseband block modulates using M-ary pulse
amplitude modulation. The output is a baseband representation of the
modulated signal. The M-ary number parameter, M, is the number of points
in the signal constellation. It must be an even integer.

Constellation Size and Scaling

Baseband M-ary pulse amplitude modulation using the block’s default signal
constellation maps an integer m between 0 and M-1 to the complex value

2m-M+1

Note This is actually a real number. The block’s output signal is a complex
data-type signal whose imaginary part is zero.

The block scales the default signal constellation based on how you set the
Normalization method parameter. The table below lists the possible scaling
conditions.

Value of Normalization method Scaling Condition
Parameter

Min. distance between symbols  The nearest pair of points in the
constellation is separated by the value
of the Minimum distance parameter

Average Power The average power of the symbols in
the constellation is the Average
power parameter

Peak Power The maximum power of the symbols in
the constellation is the Peak power
parameter
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4-298

Input Signal Values

The input and output for this block are discrete-time signals. The Input type
parameter determines whether the block accepts integers between 0 and M-1,
or binary representations of integers.

= If Input type is set to Integer, then the block accepts integers. The input can
be either a scalar or a frame-based column vector.

= If Input type is set to Bit, then the block accepts groups of K bits, called
binary words. The input can be either a vector of length K or a frame-based
column vector whose length is an integer multiple of K. The Constellation
ordering parameter indicates how the block assigns binary words to points
of the signal constellation.

- If Constellation ordering is set to Binary, then the block uses a natural
binary-coded constellation.

- If Constellation ordering is set to Gray, then the block uses a Gray-coded
constellation.

For details about the Gray coding, see the reference page for the M-PSK
Modulator Baseband block.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.



M-PAM Modulator Baseband

Dialog Box

& Maodulato
— b-PaM Modulator Baseband [mask)

Modulate the input signal uging the pulze amplitude modulation method.
The k-ary number value must be an even integer.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

I4-ary number:
Input type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Marmalization method: IMin. distance between symbols j

Minimumn distance:
|2

Samples per symbal:

|1
QK I Cancel | Help Lol

M-ary number

The number of points in the signal constellation. It must be an even
integer.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Constellation ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

4-299



M-PAM Modulator Baseband

Pair Block

See Also
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Normalization method
Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.

Minimum distance
The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)
The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)
The maximum power of the symbols in the constellation. This field appears
only when Normalization method is set to Peak Power.

Samples per symbol

The number of output samples that the block produces for each integer or
binary word in the input.

M-PAM Demodulator Baseband

General QAM Modulator Baseband



M-PAM Modulator Passband

Purpose
Library

Description
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Modulate using M-ary pulse amplitude modulation
AM, in Digital Passband sublibrary of Modulation

The M-PAM Modulator Passband block modulates using M-ary pulse
amplitude modulation. The output is a passband representation of the
modulated signal. The M-ary number parameter, M, is the number of points
in the signal constellation. It must be an even integer.

This block uses the baseband equivalent block, M-PAM Modulator Baseband,
for internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

= M-ary number

= Input type

= Constellation ordering
= Normalization method
= Minimum distance

= Average power

< Peak power

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.
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Dialog Box

4-302

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)?
= Output sample time < [2*Carrier frequency + 2/(Symbol period)]'1

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

El aramel A odulator P
— b-Pak Modulator Passband [mask)

Modulate the input signal uging the pulze amplitude modulation method.
The k-ary number value must be an even integer.

The input signal must be sample-bazed. In caze of integer input, the input
muszt be a scalar. In caze of bit input, the width of the input must equal
the number of bits per symbal. The bitz can be either binary-mapped or
Gray-mapped into symbals.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

=
F

-ary number:

Input type: I Integer

[Eatstel|atem ardentg: IBinary

Ll L 1

Marmalization method: IMin. distance between symbols

Minimumn distance:
|2

Symbol period [z]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel Help Lol
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M-ary number

The number of points in the signal constellation. It must be an even
integer.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Constellation ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Normalization method

Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.

Minimum distance

The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)

The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)

The maximum power of the symbols in the constellation. This field appears
only when Normalization method is set to Peak Power.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.
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Pair Block

See Also

4-304

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

M-PAM Demodulator Passband

M-PAM Modulator Baseband
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Purpose
Library

Description
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Demodulate PSK-modulated data
PM, in Digital Baseband sublibrary of Modulation

The M-PSK Demodulator Baseband block demodulates a signal that was
modulated using the M-ary phase shift keying method. The input is a baseband
representation of the modulated signal. The input and output for this block are
discrete-time signals. The input can be either a scalar or a frame-based column
vector. The M-ary number parameter, M, is the number of points in the signal
constellation.

Binary or Integer Outputs
If the Output type parameter is set to Integer, then the block maps the point

exp(jo + j2rim/M)

to m, where 0 is the Phase offset parameter and m is an integer between 0 and
M-1.

If the Output type parameter is set to Bit and the M-ary number parameter
has the form 2X for some positive integer K, then the block outputs binary
representations of integers between 0 and M-1. It outputs a group of K bits,
called a binary word, for each symbol.

In binary output mode, the Constellation ordering parameter indicates how
the block maps an integer to a corresponding group of K output bits. See the
reference page for the M-PSK Modulator Baseband block for details.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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Dialog Box

Jemodulator B

— M-PSK Demodulator Bazeband [mazk]

Demodulate the input signal using the phase shift keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

-
F

I4-ary number:

2

Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Fhase offzet [rad):
[pisa

Samples per symbal:

|1
QK I Cancel | Help Lol

M-ary number
The number of points in the signal constellation.

Output type

Determines whether the output consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Samples per symbol
The number of input samples that represent each modulated symbol.
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Pair Block M-PSK Modulator Baseband

See Also BPSK Demodulator Baseband, QPSK Demodulator Baseband, M-DPSK
Demodulator Baseband
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Description
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Demodulate PSK-modulated data
PM, in Digital Passband sublibrary of Modulation

The M-PSK Demodulator Passband block demodulates a signal that was
modulated using the M-ary phase shift keying method. The input is a passband
representation of the modulated signal. The M-ary number parameter, M, is
the number of points in the signal constellation.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, M-PSK Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

< M-ary number
= Qutput type
= Constellation ordering

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

- Input sample time > (Carrier frequency)?
< Symbol period < [2*Carrier frequency + 2/(Input sample time)]*

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K



M-PSK Demodulator Passband

Dialog Box

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.

Yermodulator
— M-PSK Demodulator Pazsband [mask)
Demodulate the input signal using the phase shift keying method.

The input signal must be a sample-based scalar. In caze of bit output, the
width of the output iz the number of bits per symbal. The symbols can be
either binary-demapped or Gray-demapped into bits.

The symbol period must be an integer multiple of the product of the
bazeband zamples per spmbol and the input sample time.

=
F

-ary number:
E

Output type: I Integer

L L

[Eatstel|atem ardentg: IBinary
Symbol period [z]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
[pisa

Input ample time:
18000

QK I Cancel | Help Lol

M-ary number
The number of points in the signal constellation.

Output type

Determines whether the output consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.
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Pair Block

See Also

4-310

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.

M-PSK Modulator Passband

M-PSK Demodulator Baseband
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Purpose
Library

Description
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Modulate using the M-ary phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The M-PSK Modulator Baseband block modulates using the M-ary phase shift
keying method. The output is a baseband representation of the modulated
signal. The M-ary number parameter, M, is the number of points in the signal
constellation.

Baseband M-ary phase shift keying modulation with a phase offset of 8 maps
an integer m between 0 and M-1 to the complex value

exp(jo + j2rm/M)

The input and output for this block are discrete-time signals. To use integers
between 0 and M-1 as input values, set the Input type parameter to Integer.
In this case, the input can be either a scalar or a frame-based column vector.

Alternative configurations of the block determine how the block interprets its
input and arranges its output, as explained in the sections below.

Binary Inputs

If the Input type parameter is set to Bit and the M-ary number parameter has
the form 2K for some positive integer K, then the block accepts binary
representations of integers between 0 and M-1. It modulates each group of K
bits, called a binary word. The input can be either a vector of length K or a
frame-based column vector whose length is an integer multiple of K.

In binary input mode, the Constellation ordering parameter indicates how
the block maps a group of K input bits to a corresponding integer. Choices are
Binary and Gray. For more information, see “Binary-Valued and
Integer-Valued Signals” on page 2-68.

If Constellation ordering is set to Gray, then the block uses a Gray-coded
signal constellation; as a result, binary representations that differ in more than
one bit cannot map to consecutive integers modulo M. The explicit mapping is
described in “Algorithm” below.
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Frame-Based Inputs

If the input is a frame-based column vector, then the block processes several
integers or several binary words, in each time step. (If the Input type
parameter is set to Bit, then a binary word consists of log,(M) bits.)

For example, the schematics below illustrate how the block processes two 8-ary
integers or binary words in one time step. The signals involved are all
frame-based column vectors. In both cases, the Phase offset parameter is 0.

6 L | j )
WM-PSK Input type parameter Is Integer.
2 i
1
é e -j Input type parameter is Bit and
0 M-PSk " Constellation ordering
1 ] parameter is Binary.
0

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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Dialog Box

E ; v
— M-PSK Modulator Baseband [mask]
Modulate the input signal uging the phaze shift keying method.

lock Parar W odulator B

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

-ary number:
E

Input type: I Integer

L L

[Eatstel|atem ardentg: IBinary
Fhase offzet [rad):
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Samples per symbal:
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M-ary number
The number of points in the signal constellation.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2K for
some positive integer K.

Constellation ordering
Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Phase offset (rad)
The phase of the zeroth point of the signal constellation.
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Algorithm

4-314

Samples per symbol

The number of output samples that the block produces for each integer or
binary word in the input.

If the Constellation ordering parameter is set to Gray, then the block
internally assigns the binary inputs to points of a predefined Gray-coded signal
constellation. The block’s predefined M-ary Gray-coded signal constellation
assigns the binary representation

de2bi(bitxor(m,floor(m/2)), log2(M),"left-msb™)

to the mth phase. The zeroth phase in the constellation is the Phase offset
parameter, and successive phases are counted in a counterclockwise direction.

Note This transformation might seem counterintuitive because it constitutes
a Gray-to-binary mapping. However, the block must use it to impose a Gray
ordering on the signal constellation, which has a natural binary ordering.

In other words, if the block input is the natural binary representation, u, of the
integer U, then the block output has phase

j6 + j2rm/M

where 0 is the Phase offset parameter and m is an integer between 0 and M-1
that satisfies

m XOR [ m/2] = U

For example, if M = 8, then the binary representations that correspond to the
zeroth through seventh phases are below.

M=8; m= [0:M-1]";
de2bi(bitxor(m,floor(m/2)), log2(M),"left-msb")

ans =

O O OO
= = OO
Or kFr O
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|

e
OORrR P
Or RO

Below is the 8-ary Gray-coded constellation that the block uses if the Phase
offset parameter is 178.

e (11 e (01
® (10 ® 000
® 110 100
o111 ® 101
Pair Block M-PSK Demodulator Baseband
See Also BPSK Modulator Baseband, QPSK Modulator Baseband, M-DPSK Modulator

Baseband
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Modulate using the M-ary phase shift keying method
PM, in Digital Passband sublibrary of Modulation

The M-PSK Modulator Passband block modulates using the M-ary phase shift
keying method. The output is a passband representation of the modulated
signal. The M-ary number parameter, M, is the number of points in the signal
constellation.

This block uses the baseband equivalent block, M-PSK Modulator Baseband,
for internal computations and converts the resulting baseband signal to a
passband representation. The following parameters in this block are the same
as those of the baseband equivalent block:

< M-ary number
= Input type
= Constellation ordering

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)'1
- Output sample time < [2*Carrier frequency + 2/(Symbol period)]?



M-PSK Modulator Passband

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Dialog Box

B Param Aodulator
— M-PSK Modulator Fazsband [mazk)]
Modulate the input signal uging the phaze shift keying method.

The input signal must be sample-bazed. In caze of integer input, the input
muszt be a scalar. In caze of bit input, the width of the input must equal
the number of bits per symbal. The bitz can be either binary-mapped or
Gray-mapped into symbals.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

=
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-ary number:
E

Input type: I Integer

L L
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Symbol period [z]:
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Baseband samples per symbal:
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Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
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Output zample time:
18000
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M-ary number
The number of points in the signal constellation.

Input type
Indicates whether the input consists of integers or groups of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2X for
some positive integer K.
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Pair Block

See Also
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Constellation ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

M-PSK Demodulator Passband

M-PSK Modulator Baseband
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Purpose
Library

Description
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Demodulate MSK-modulated data
CPM, in Digital Baseband sublibrary of Modulation

The MSK Demodulator Baseband block demodulates a signal that was
modulated using the minimum shift keying method. The input is a baseband
representation of the modulated signal. The Phase offset parameter is the
initial phase of the modulated waveform.

Traceback Length and Output Delays

Internally, this block creates a trellis description of the modulation scheme and
uses the Viterbi algorithm. The Traceback length parameter, D, in this block
is the number of trellis branches used to construct each traceback path. D
influences the output delay, which is the number of zero symbols that precede
the first meaningful demodulated value in the output.

= If the input signal is sample-based, then the delay consists of D+1 zero
symbols.

= |f the input signal is frame-based, then the delay consists of D zero symbols.

Inputs and Outputs

The input can be either a scalar or a frame-based column vector. If the Output
type parameter is set to Integer, then the block produces values of 1 and -1. If
the Output type parameter is set to Bit, then the block produces values of 0
and 1.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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Dialog Box

Pair Block
See Also

References

4-320

Block Paramete emodulator
— M5K Demodulator Bazeband [mazk)]

Demodulate the MSE modulated input signal using the Yiterbi algorithm.
Traceback length is the number of trellis branches that the algorithm uses
to construct each traceback path.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I case of frame-based input, the width of the input frame represents the
product of the number of spmbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.
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Traceback length:
Jie

QK I Cancel Help Lppli

Output type
Determines whether the output consists of bipolar or binary values.

Phase offset (rad)
The initial phase of the modulated waveform.

Samples per symbol
The number of input samples that represent each modulated symbol.

Traceback length

The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

MSK Modulator Baseband
CPM Demodulator Baseband, Viterbi Decoder

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Demodulate MSK-modulated data
CPM, in Digital Passband sublibrary of Modulation

The MSK Demodulator Passband block demodulates a signal that was
modulated using the minimum shift keying method. The input is a passband
representation of the modulated signal.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, MSK Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

= Output type
= Traceback length

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:
- Input sample time > (Carrier frequency)™

= Symbol period < [2*Carrier frequency + 2/(Input sample time)]'l

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.
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Dialog Box

4-322

Sk, Demodulator Pazsban

— MSK Demodulator Pazsband [mask)

Demodulate the MSE modulated input signal using the Yiterbi algorithm.
Traceback length is the number of trellis branches that the algorithm uses
to construct each traceback path.

The input must be sample-bazed. The symbal period must be an integer
multiple of the product of the baseband samples per symbal and the input

zample time.
P '
Dutp e -
Symbol period [z]:
J1100

Baseband samples per symbal:
IE

Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

Traceback length:
Jie
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Output type
Determines whether the output consists of bipolar or binary values.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.
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Input sample time
The sample time of the input signal.

Traceback length
The number of trellis branches that the Viterbi Decoder block uses to
construct each traceback path.

Pair Block MSK Modulator Passband
See Also MSK Demodulator Baseband, Viterbi Decoder
References [1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase

Modulation. New York: Plenum Press, 1986.
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Modulate using the minimum shift keying method
CPM, in Digital Baseband sublibrary of Modulation

The MSK Modulator Baseband block modulates using the minimum shift
keying method. The output is a baseband representation of the modulated
signal.

The Modulation index parameter times 1tradians is the phase shift due to the
latest symbol when that symbol is the integer 1. The Phase offset parameter
is the initial phase of the output waveform, measured in radians.

Input Attributes

The input can be either a scalar or a frame-based column vector. If the Input

type parameter is set to Integer, then the block accepts values of 1 and -1. If

the Input type parameter is set to Bit, then the block accepts values of 0 and 1.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

Block Parameter . Modulator Baseband

— M5K Modulator Baseband [mask]

Modulate the input zsignal uzsing the minimum shift keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.
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MSK Modulator Baseband

Input type
Indicates whether the input consists of bipolar or binary values.

Phase offset (rad)
The initial phase of the output waveform.

Samples per symbol
The number of output samples that the block produces for each integer or
bit in the input.

Pair Block MSK Demodulator Baseband
See Also CPM Modulator Baseband
References [1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase

Modulation. New York: Plenum Press, 1986.
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Modulate using the minimum shift keying method
CPM, in Digital Passband sublibrary of Modulation

The MSK Modulator Passband block modulates using the minimum shift
keying method. The output is a passband representation of the modulated
signal.

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M), containing values of 0 and 1. If the
Input type parameter is Integer, then the input must be a scalar containing
values of 1 and -1.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)'1
- Output sample time < [2*Carrier frequency + 2/(Symbol period)]?

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.
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Dialog Box

Pair Block

— MSK Modulator Pazsband [mazk)]
Modulate the input signal uging MSK.

The input must be sample-bazed and contain either an integer or log2[M]
bitz. The input zample time must equal the symbol period. The symbal
period must be an integer multiple of the product of the bazeband
zamples per symbol and the output zample time.
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QK I Cancel Help Lol

Input type
Indicates whether the input consists of bipolar or binary values.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

MSK Demodulator Passband
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See Also MSK Modulator Baseband

References [1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digital Phase
Modulation. New York: Plenum Press, 1986.
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Mu-Law Compressor

Purpose
Library

Description

mu-law
COMpressor

Dialog Box

Pair Block
See Also

References

Implement p-law compressor for source coding
Source Coding

The Mu-Law Compressor block implements a p-law compressor for the input
signal. The formula for the p-law compressor is

_ Vlog(1 +u[x/V)
log(1 +p)
where U is the p-law parameter of the compressor, V is the peak magnitude of

X, log is the natural logarithm, and sgn is the signum function (sign in
MATLAB).

sgn(x)

The input can have any shape or frame status. This block processes each vector
element independently.

Block Parameters: Mu-Law Co

— Mu-Law Compressor [mask)
Compress the input signal using mu-law compreszor. The mu-law
compressor uges logarithm computation.

The input can have any shape or frame status. This block processes
each vector element independently

=
F

L alue:

Peak signal magnitude:

|1
QK I Cancel Help Lol

mu value
The p-law parameter of the compressor.

Peak signal magnitude
The peak value of the input signal. This is also the peak value of the output.

Mu-Law Expander
A-Law Compressor

[1] Sklar, Bernard. Digital Communications: Fundamentals and Applications.
Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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Mu-Law Expander

Purpose Implement p-law expander for source coding
Library Source Coding
Description The Mu-Law Expander block recovers data that the Mu-Law Compressor block
compressed. The formula for the p-law expander, shown below, is the inverse
-l aw of the compressor function.
expander i

. = \H/(e'y“"g(l NVAY

The input can have any shape or frame status. This block processes each vector
element independently.

—1)sgn(y)

Dialog Box
Block Parameters: bMu-Law Expander
— Mu-Law Expander [mask)]
Inverse computation of mu-law compressor,
The input can have any shape or frame status. This block processes
each vector element independently
r L alue:
Peak signal magnitude:
|1
QK I Cancel Help Lol
mu value
The p-law parameter of the compressor.
Peak signal magnitude
The peak value of the input signal. This is also the peak value of the output.
Pair Block Mu-Law Compressor
See Also A-Law Expander
References [1] Sklar, Bernard. Digital Communications: Fundamentals and Applications.

Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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Multipath Rayleigh Fading Channel

Purpose
Library

Description

2 ; T
Multipath
Fayleigh Fading

Simulate a multipath Rayleigh fading propagation channel
Channels

The Multipath Rayleigh Fading Channel block implements a baseband
simulation of a multipath Rayleigh fading propagation channel. This block is
useful for modeling mobile wireless communication systems. For details about
fading channels, see the works listed in “References” on page 4-333.

The input can be either a scalar or a frame-based column vector. The input is
a complex signal.

Relative motion between the transmitter and receiver causes Doppler shifts in
the signal frequency. The Doppler frequency parameter is the maximum
Doppler shift that the signal undergoes. The Jakes PSD (power spectral
density) determines the spectrum of the Rayleigh process.

Since a multipath channel reflects signals at multiple places, a transmitted
signal travels to the receiver along several paths that may have different
lengths and hence different associated time delays. Fading occurs when signals
traveling along different paths interfere with each other. In the block’s
parameter mask, the Delay vector specifies the time delay for each path. If the
Normalize gain vector to 0 dB overall gain box is unchecked, then the Gain
vector specifies the gain for each path. If the box is checked, then the block
uses a multiple of Gain vector instead of the Gain vector itself, choosing the
scaling factor so that the channel’s effective gain considering all paths is 0 dB.

The number of paths is the length of Delay vector or Gain vector, whichever
is larger. If both of these parameters are vectors, then they must have the same
length; if exactly one of these parameters is a scalar, then the block expands it
into a vector whose size matches that of the other vector parameter.

The Sample time parameter is the time between successive elements of the
input signal. Note that if the input is a frame-based column vector of length n,
then the frame period (as Simulink’s Probe block reports, for example) is
n*Sample time.

The block multiplies the input signal by samples of a Rayleigh-distributed
complex random process. The scalar Initial seed parameter seeds the random
number generator.
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Dialog Box

4-332

Bl aral ultipath B ayleigh Fading Channel

— Multipath Fayleigh Fading Channel [mask]

Multipath Fayleigh fading channel for complex bazeband signals.

Multiplies the input signal with samples of a Rapleigh distibuted complex
random process. The spectrum of the R apleigh process is given by the
Jakes PSD, where the Doppler frequency parameter determines the
maximurn Doppler frequency.

The number of paths equals the length of either the ‘Delay vector' or
'Gain vector' parameters.

=
F

Doppler frequency [Hz):

Sample time:
[1e

Delay vector [z):
[EEES]

Gain vector [dB]:
Jio-31

¥ Momalize gain vector to 0 dB overall gain
Initial seed:
[12345

QK I Cancel | Help | Lol

Doppler frequency (Hz)
A positive scalar that indicates the maximum Doppler shift.

Sample time
The period of each element of the input signal.

Delay vector (s)
A vector that specifies the propagation delay for each path.

Gain vector (dB)
A vector that specifies the gain for each path.

Normalize gain vector to 0 dB overall gain
Checking this box causes the block to scale the Gain vector parameter so
that the channel’s effective gain (considering all paths) is 0 decibels.

Initial seed
The scalar seed for the Gaussian noise generator.



Multipath Rayleigh Fading Channel
|

Algorithm This implementation is based on the direct form simulator described in [1].

Some wireless applications, such as standard GSM (Global System for Mobile
Communication) systems, prefer to specify Doppler shifts in terms of the speed
of the mobile. If the mobile moves at speed v making an angle of 6 with the
direction of wave motion, then the Doppler shift is

fq = (vf/c)cos B

where f is the transmission carrier frequency and c is the speed of light. The
Doppler frequency is the maximum Doppler shift arising from motion of the

mobile.
See Also Rayleigh Noise Generator, Rician Fading Channel
References [1] Fechtel, Stefan A. “A Novel Approach to Modeling and Efficient Simulation

of Frequency-Selective Fading Radio Channels.” IEEE Journal on Selected
Areas in Communications, vol. 11, April 1993. 422-431.

[2] Jakes, William C., ed. Microwave Mobile Communications. New York: IEEE
Press, 1974.

[3] Lee, William C. Y. Mobile Communications Design Fundamentals, 2nd ed.
New York: Wiley, 1993.
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OQPSK Demodulator Baseband

Purpose
Library

Description

AL

ORPSK

4-334

Demodulate OQPSK-modulated data
PM, in Digital Baseband sublibrary of Modulation

The OQPSK Demodulator Baseband block demodulates a signal that was
modulated using the offset quadrature phase shift keying method. The inputis
a baseband representation of the modulated signal.

The input must be a discrete-time complex signal. The input can be either a
scalar or a frame-based column vector.

If the Output type parameter is set to Integer, then the block outputs integers
between 0 and 3. If the Output type parameter is set to Bit, then the block
outputs binary representations of such integers, in a binary-valued vector
whose length is an even number.

The input symbol period is half the period of each output integer or bit pair.
The constellation used to map bit pairs to symbols is on the reference page for
the OQPSK Modulator Baseband block.

Frame-Based Inputs

If the input is a frame-based column vector, then the block processes several
integers or several pairs of bits, in each time step. In this case, the output
sample time equals the input sample time, even though the symbol period is
half the output period.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer.

= If the input is a frame-based column vector, then the output vector contains
1/2S integers or pairs of bits for each sample in the input vector, while the
output sample time equals the input sample time.

= If the input is a sample-based scalar, then the output vector contains a single
integer or pair of bits, while the output sample time is 2S times the input
sample time.



OQPSK Demodulator Baseband
|

Dialog Box

Jemodulator B2

— OQPSK Demodulator Bazeband [mask)

Demodulate the input signal using the offset quadrature phaze shift
keying method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of bwo.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=
F

utut ype: -
Fhase offzet [rad):
Jo

Samples per symbal:

|1
QK I Cancel Help Lol

Output type
Determines whether the output consists of integers or pairs of bits.

Phase offset (rad)

The amount by which the phase of the zeroth point of the signal
constellation is shifted from 1v4.

Samples per symbol
The number of input samples that represent each modulated symbol.

Pair Block OQPSK Modulator Baseband

See Also QPSK Demodulator Baseband
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Purpose
Library

Description

AL

OQFPSH

4-336

Demodulate OQPSK-modulated data
PM, in Digital Passband sublibrary of Modulation

The OQPSK Demodulator Passband block demodulates a signal that was
modulated using the offset quadrature phase shift keying method. The inputis
a passhand representation of the modulated signal.

If the Output type parameter is set to Integer, then the block outputs integers
between 0 and 3. If the Output type parameter is set to Bit, then the block
outputs binary representations of such integers, in binary-valued vectors of
length two. The constellation used to map bit pairs to symbols is on the
reference page for the OQPSK Modulator Passband block.

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

< Input sample time > (Carrier frequency)'1
< Symbol period < [2*Carrier frequency + 2/(Input sample time)] 2

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.



OQPSK Demodulator Passband

Dialog Box

Block Parameters: O D emodulatar P:
— OQPSK Demodulator Passband [mask)

Demodulate an offzet quadrature phaze shift keying modulated signal.

The input signal must be a sample-based scalar. In caze of bit output, the
width of the output is two.

The symbol period must be an integer multiple of the product of the
bazeband zamples per spmbol and the input sample time.

=
F

utut ype: -

Symbol period [z]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000

QK I Cancel Help Lol

Output type
Indicates whether the output consists of integers or groups of bits.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.
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Pair Block OQPSK Modulator Passband

See Also OQPSK Demodulator Baseband

4-338



OQPSK Modulator Baseband

Purpose
Library

Description

LA

ORPSK

Modulate using the offset quadrature phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The OQPSK Modulator Baseband block modulates using the offset quadrature
phase shift keying method. The output is a baseband representation of the
modulated signal.

If the Input type parameter is set to Integer, then valid input values are 0, 1,
2, and 3. In this case, the input can be either a scalar or a frame-based column
vector.

If the Input type parameter is set to Bit, then the input must be a
binary-valued vector. In this case, the input can be either a vector of length two
or a frame-based column vector whose length is an even integer.

The symbol period is half the input period. The first output symbol is an initial
condition of zero that is unrelated to the input values.

The constellation used to map bit pairs to symbols is in the figure below. If the
block’s Phase offset parameter is nonzero, then this constellation is rotated by
that parameter value.

e 10 « 00

o1l * (1

Frame-Based Inputs

If the input is a frame-based column vector, then the block processes several
integers or several pairs of bits in each time step. In this case, the output

4-339
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Dialog Box

4-340

sample time equals the input sample time, even though the period of each
output symbol is half the period of each integer or bit pair in the input.

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter, S, is the upsampling factor. It must be a
positive integer.

= If the input is a frame-based column vector, then the output vector length is
2S times the number of integers or pairs of bits in the input vector, while the
output sample time equals the input sample time. The one-symbol initial
condition inherent in this block corresponds to the first S elements of the first
output vector.

= If the input is a sample-based scalar, then the output vector is a scalar, while
the output sample time is 1/2S times the input sample time. The one-symbol
initial condition inherent in this block corresponds to the first S samples.

K. Madulator

— OQPSK Modulatar Baseband [mask]

Modulate the input zsignal uging the offset quadrature phase shift keying
method.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must two. In case of frame-bazed bit inputs, the
input width input must be an integer multiple of bwo.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

Igut ype: -
Fhase offzet [rad):
Jo

Samples per symbal:

|1
QK I Cancel Help Lol

Input type
Indicates whether the input consists of integers or pairs of bits.



OQPSK Modulator Baseband

Phase offset (rad)

The amount by which the phase of the zeroth point of the signal
constellation is shifted from 174.

Samples per symbol
The number of output samples that the block produces for each integer or
pair of bits in the input.
Pair Block OQPSK Demodulator Baseband

See Also QPSK Modulator Baseband
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Purpose
Library

Description

LR,

ORPSK
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Modulate using the offset quadrature phase shift keying method
PM, in Digital Passband sublibrary of Modulation

The OQPSK Modulator Passband block modulates using the offset quadrature
phase shift keying method. The output is a passband representation of the
modulated signal.

If the Input type parameter is set to Integer, then valid input values are 0, 1,
2, and 3. In this case, the input must be a sample-based scalar. If the Input
type parameter is set to Bit, then the input must be a binary-valued
sample-based vector of length two.

The constellation used to map bit pairs to symbols is in the figure below.

e 10 « 00

11 L

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.



OQPSK Modulator Passband

Dialog Box

The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)?

= Output sample time < [2*Carrier frequency + 2/(Symbol period)]'1

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Block Parars Juli dulator P
— OQPSK Modulator Passband [mask)

Modulate the input signal uging offzet quadrature phaze shift keying
method.

The input signal must be sample-bazed. In caze of integer input, the input
muszt be a scalar. In caze of bit input, the width of the input must be two.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

=
F

Igut ype: -
Symbol period [z]:
J1100

Baseband samples per symbal:
|1
Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel Help Lol

Input type

Indicates whether the input consists of integers or pairs of bits. If this
parameter is set to Bit, then the M-ary number parameter must be 2K for
some positive integer K.

Symbol period (s)
The symbol period, which must equal the sample time of the input.
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Baseband samples per symbol

The number of baseband samples that correspond to each integer or pair of
bits in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Output sample time
The sample time of the output signal.

Pair Block OQPSK Demodulator Passband

See Also OQPSK Modulator Baseband
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Phase-Locked Loop

Purpose
Library

Description

FLL [

Implement a phase-locked loop to recover the phase of the input signal
Synchronization

The Phase-Locked Loop (PLL) block is a feedback control system that
automatically adjusts the phase of a locally generated signal to match the
phase of an input signal. This block is most appropriate when the input is a
narrowband signal.

This PLL has these three components:

< A multiplier used as a phase detector.

= A filter. You specify the filter’s transfer function using the Lowpass filter
numerator and Lowpass filter denominator mask parameters. Each is a
vector that gives the respective polynomial’s coefficients in order of
descending powers of s.

To design a filter, you can use functions such as butter, chebyl, and cheby?2
in the Signal Processing Toolbox. The default filter is a Chebyshev type |1
filter whose transfer function arises from the command below.

[num, den] = cheby2(3,40,100,"s")
= A voltage-controlled oscillator (VCO). You specify characteristics of the VCO

using the VCO quiescent frequency, VCO initial phase, and VCO output
amplitude parameters.

The input signal represents the received signal. The input must be a
sample-based scalar signal. The three output ports produce:

= The output of the filter
= The output of the phase detector
< The output of the VCO
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Dialog Box

4-346

Block Parameters: Phaze-Locked Loop

— Phase-Locked Loop [mask)

Implement a phaselocked loop. The three outputs are; the lowpass
filker output, the phase detector output, and the vaoltage controlled
ozcillator YCO) output. The input must be a sample-based scalar signal

Lowpazs filker numeratar:

Lowpass filker denominator:
|[1 E7.46 2270.9 40002]

WO input sensitivity [Hz A

|1

WO quiescent frequency [Hz):
J100

WO initial phaze [rad]:

Jo

VO output amplitude:

|1

QK I Cancel | Help | Lol

Lowpass filter numerator
The numerator of the lowpass filter’s transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator
The denominator of the lowpass filter's transfer function, represented as a
vector that lists the coefficients in order of descending powers of s.

VCO input sensitivity (Hz/V)
This value scales the input to the VCO and, consequently, the shift from
the VCO quiescent frequency value. The units of VCO input sensitivity
are Hertz per volt.

VCO quiescent frequency (Hz)
The frequency of the VCO signal when the voltage applied to it is zero. This
should match the carrier frequency of the input signal.

VCO initial phase (rad)
The initial phase of the VCO signal.



Phase-Locked Loop
|

VCO output amplitude
The amplitude of the VCO signal.

See Also Baseband PLL, Linearized Baseband PLL, Charge Pump PLL

References For more information about phase-locked loops, see the works listed in
“Selected Bibliography for Synchronization” on page 2-92.
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PM Demodulator Baseband

Purpose
Library

Description

LN

] -

Dialog Box
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Demodulate PM-modulated data
Analog Baseband Modulation, in Modulation

The PM Demodulator Baseband block demodulates a signal that was
modulated using phase modulation. The input is a baseband representation of
the modulated signal. The input is complex, while the output is real. The input
must be a sample-based scalar signal.

This block uses a phase-locked loop containing a voltage-controlled oscillator
(VCO). The VCO Gain parameter specifies the input sensitivity of the VCO.

In the course of demodulating, the block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

Block Parameters: P Demodulator Baseband

— Pk Demodulator Baseband [mask)

Demodulate the complex envelope of a phaze-modulated signal. The
input zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Initial phaze [rad]:

i
Modulation constant [Radians per volt]:
|1
Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

WO gain [Hertz per volt):
|1
Sample time:
Jo.om

QK I Cancel | Help Lol

Initial phase (rad)
The initial phase in the corresponding PM Modulator Baseband block.



PM Demodulator Baseband

Pair Block

Modulation constant (Radians per volt)

The modulation constant in the corresponding PM Modulator Baseband
block.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

VCO gain (Hertz per volt)
The input sensitivity of the voltage-controlled oscillator.

Sample time
The sample time of the output signal.

PM Modulator Baseband
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Purpose
Library

Description

AN

] [

Dialog Box
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Demodulate PM-modulated data
Analog Passband Modulation, in Modulation

The PM Demodulator Passband block demodulates a signal that was
modulated using phase modulation. The input is a passband representation of
the modulated signal. Both the input and output signals are real sample-based
scalar signals.

This block uses a phase-locked loop containing a voltage-controlled oscillator
(VCO). The VCO Gain parameter specifies the input sensitivity of the VCO.

In the course of demodulating, the block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

By the Nyquist sampling theorem, the reciprocal of the Sample time
parameter must exceed twice the Carrier frequency parameter.

Ptd Demodulator Pa

— Pk Demodulator Passband [mask]

Demodulate a phaze modulated signal using a phase-locked loop. The
input zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Carrier frequency [Hz):
1008

Initial phaze [rad]:
Jo

Modulation constant [Radians per volt]:
|1

Lowpazs filker numeratar:

|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

WO Gain [Hertz per valt]:
|1

Sample time:

Jo.om

QK I Cancel Help Lol




PM Demodulator Passband

Pair Block

Carrier frequency (Hz)
The carrier frequency in the corresponding PM Modulator Passband block.

Initial phase (rad)
The carrier signal’s initial phase in the corresponding PM Modulator
Passband block.
Modulation constant (Radians per volt)
The modulation constant in the corresponding PM Modulator Passband
block.
Lowpass filter numerator
The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.
Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

VCO Gain (Hertz per volt)
The input sensitivity of the voltage-controlled oscillator.

Sample time
The sample time of the output signal.

PM Modulator Passband
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Purpose
Library

Description

)

] -

Dialog Box

Pair Block
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Modulate using phase modulation
Analog Baseband Modulation, in Modulation

The PM Modulator Baseband block modulates using phase modulation. The
output is a baseband representation of the modulated signal. The input signal
is real, while the output signal is complex. The input must be a sample-based
scalar signal.

If the input is u(t) as a function of time t, then the output is
exp(j6 +jK,u(t))

where 0 is the Initial phase parameter and K. is the Modulation constant
parameter.

Block Parameters: PM Modulator Baseband

— P Modulator Bazeband [mazk]

Output the complex envelope of a phaze-modulated signal. The input
zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Initial phaze [rad]:

0

Modulation constant [Radians per volt]:

|1
QK I Cancel | Help Lol

Initial phase (rad)
The phase of the modulated signal when the input is zero.

Modulation constant (Radians per volt)
Modulation constant K.

PM Demodulator Baseband
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Purpose
Library

Description

)

Phd

Dialog Box

Modulate using phase modulation
Analog Passband Modulation, in Modulation

The PM Modulator Passband block modulates using phase modulation. The
output is a passband representation of the modulated signal. The output
signal’s frequency varies with the input signal’s amplitude. Both the input and
output signals are real sample-based scalar signals.

If the input is u(t) as a function of time t, then the output is
cos(2mf t + K u(t) +8)

where f; is the Carrier frequency parameter, 6 is the Initial phase parameter,
and K, is the Modulation constant parameter.

An appropriate Carrier frequency value is generally much higher than the
highest frequency of the input signal. To avoid having to use a high carrier
frequency and consequently a high sampling rate, you can use baseband
simulation (PM Modulator Baseband block) instead of passband simulation.

Block Parameters: PM Modulator Passhe
— Pk Modulator Pazsband [mask)

Modulate the input signal uging the phase modulation method. The input
zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

=P
Carrier frequency [Hz):

100

Initial phaze [rad]:
Jo

Modulation constant [Radians per volt]:

|1

Svmbal interval (s, Use inf for analog case]:
it

QK I Cancel | Help | Lol

Carrier frequency (Hz)
The frequency of the carrier.
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Initial phase (rad)
The initial phase of the carrier in radians.

Modulation constant (Radians per volt)
The modulation constant K.

Symbol interval
Inf by default. To use this block to model PSK, set this parameter to the
length of time required to transmit a single information bit.
Pair Block PM Demodulator Passband

See Also PM Modulator Baseband
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PN Sequence Generator

Purpose
Library

Description

Genearator

FMH Sequence L

Generate pseudonoise sequence
Comm Sources

The PN Sequence Generator block generates a sequence of pseudorandom
binary numbers. A pseudonoise sequence can be used in a pseudorandom
scrambler and descrambler. It can also be used in a direct-sequence
spread-spectrum system.

Below is a schematic of the pseudorandom sequence generator. All adders
perform addition modulo 2.

PN sequence

All M registers in the generator update their values at each time step. The
state of each switch is defined by the generator polynomial, which is a
polynomial in z** having binary coefficients. The constant term of the generator
polynomial must be 1. You can specify the Generator polynomial parameter
using either of these formats:

= Avector of coefficients of the polynomial, starting with the constant term and
proceeding in order of increasing powers of z'1. The first and last elements
must be 1.

- A vector containing the exponents of z (not z') for the nonzero terms of the
polynomial. The first element must be zero.

For example,p=[10000010 1] and p = [0 -6 -8] represent the same
polynomial p(z) =1 + 7%+ 78

It is very important that the Initial states parameter have a suitable value.
The initial state of at least one of the registers must be nonzero in order to
generate a nonzero sequence. The length of the Initial states vector must equal
the order of the generator polynomial, and its elements must be binary
numbers. If the Generator polynomial parameter is a vector that lists the
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coefficients in order, then the order of the generator polynomial is one less than
the vector length.

Attributes of Output Signal

If the Frame-based outputs box is checked, then the output signal is a
frame-based column vector whose length is the Samples per frame parameter.
Otherwise, the output signal is a one-dimensional scalar.

D i a.l Og BOX guence Generator

— PM Sequence Generator [mazk]

Generate a pgeudonoize [PM] sequence using a linear feedback shift
register whoze configuration iz specified by the Generator polynomial
parameter.

The Generator polynomial parameter values reprezent the shift register
connections. Enter these values az either a binary vector or a
dezcending ordered polynomial to indicate the connection paints.

For the binary vector representation the first and last elements of the
wector must be 1. For the descending ordered polynomial representation
the first element of the wector must be 0.

.-
F

Generator polynomial:
11011

Initial states:
Ji1101]

Sample time:
|1

I Frame-based cutputs

Samples penirame:

Ji
QK I Cancel | Help | Lol

Generator polynomial
A polynomial that determines the shift register’s feedback connections.

Initial states
A vector of initial states of the shift registers.

Sample time
The period of each element of the output signal.

Frame-based outputs
Determines whether the output is frame-based or sample-based.
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Samples per frame

The number of samples in a frame-based output signal. This field is active
only if Frame-based outputs is checked.

See Also Scrambler
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Poisson Int Generator

Purpose
Library

Description

Nl el PN s

Faisson int

Dialog Box

4-358

Generate Poisson-distributed random integers
Comm Sources

The Poisson Int Generator block generates random integers using a Poisson
distribution. The probability of generating a nonnegative integer Kk is
)\"exp(—)\) / (k"), where A is a positive number known as the Poisson parameter.

You can use the Poisson Int Generator to generate noise in a binary
transmission channel. In this case, the Poisson parameter Lambda should be
less than 1, usually much less.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The number of elements in the Initial seed parameter becomes the number of
columns in a frame-based output or the number of elements in a sample-based
vector output. Also, the shape (row or column) of the Initial seed parameter
becomes the shape of a sample-based two-dimensional output signal.

on Int Generator

— Poisson Int Generator [mazk)]

Generate Poizzon distributed random integers.

Lambda:

Initial zeed:
|112345 54321]

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel Help Lol




Poisson Int Generator

See Also

Lambda

The Poisson parameter A. If it is a scalar, then every element in the output
vector shares the same Poisson parameter.

Initial seed
The initial seed value for the random number generator.

Sample time

The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.

Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

Random-Integer Generator; poissrnd (Statistics Toolbox)
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Purpose
Library

Description

Functure [

Dialog Box

4-360

Output the elements which correspond to 1s in the binary Puncture vector
Sequence Operations, in Basic Comm Functions

The Puncture block creates an output vector by removing selected elements of
the input vector and preserving others. The input can be a real or complex
vector of length K. The block determines which elements to remove or preserve
by using the binary Puncture vector parameter:

= If Puncture vector(k) = 0, then the kth element of the input vector does not
become part of the output vector.

= If Puncture vector(k) = 1, then the kth element of the input vector is
preserved in the output vector.

Here, k is between 1 and K. The preserved elements appear in the output
vector in the same order in which they appear in the input vector.

Frame-Based Processing

If the input is frame-based, then both it and the Puncture vector parameter
must be column vectors. The length of the Puncture vector parameter must
divide K. The block repeats the puncturing pattern, if necessary, to cover all
input elements. That is, in the bulleted items above you can replace
Puncture vector(k) by Puncture vector(n), where

n = mod(k,length(Puncture vector))

and mod is the modulus function (mod in MATLAB).

Block Parameters: Puncture

— Puncture [mazk]

Output the elements which corespond to 1's in the binary Puncture
wector.

For zample-based inputs, the length of the input must equal the length of
the Puncture vector.

For frame-based inputs, if the length of the Puncture vector is less than
the length of the input signal, the block repeats the Puncture vectar
pattern to cover all input elements.

Puncture vectar:
110101

QK I Cancel Help Lol
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Puncture vector

A binary vector whose pattern of Os (1s) indicates which elements of the
input the block should remove (preserve).

Examples If the Puncture vector parameter is the six-element vector [1;0;1;1;1;0],
then the block:

= Removes the second and sixth elements from the group of six input elements.
= Sends the first, third, fourth, and fifth elements to the output vector.

The diagram below depicts the block’s operation on an input vector of [1:6],
using this Puncture vector parameter.

[1 2/3 45 6] Shading Key for Input Vector

+ = Remove entry when creating output
= Preserve entry in output
FPuncture
[1 3 4 5]
See Also Insert Zero
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QPSK Demodulator Baseband

Purpose Demodulate QPSK-modulated data
Library PM, in Digital Baseband sublibrary of Modulation
Description The QPSK Demodulator Baseband block demodulates a signal that was
modulated using the quaternary phase shift keying method. The input is a
AL baseband representation of the modulated signal.
oPSK  F

The input must be a discrete-time complex signal. The input can be either a
scalar or a frame-based column vector.

If the Output type parameter is set to Integer, then the block maps the point
exp(jo + jrm/2)
to m, where 0 is the Phase offset parameter and mis 0, 1, 2, or 3.

If the Output type parameter is set to Bit, then the output contains pairs of
binary values. The reference page for the QPSK Modulator Baseband block
shows the signal constellations for the cases when the Constellation ordering
parameter is either Binary or Gray.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer.

For more information, see “Upsampled Signals and Rate Changes” on page
2-72.
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|

Dialog Box

—QPSK

Demodulate the input signal using the quaternary phaze shift keying
method.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of bwo.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=
F

Ot e (LA ~
[Eatstel|atem ardentg: IBinary j

Fhase offzet [rad):
[pir4

Samples per symbal:

|1
QK I Cancel Help Lol

Output type
Determines whether the output consists of integers or pairs of bits.

Constellation ordering

Determines how the block maps each integer to a pair of output bits. This
field is active only when Output type is set to Bit.

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Samples per symbol
The number of input samples that represent each modulated symbol.

Pair Block QPSK Demodulator Baseband

See Also M-PSK Demodulator Baseband, BPSK Modulator Baseband, DQPSK
Demodulator Baseband
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Purpose
Library

Description

LA

QPSK

4-364

Modulate using the quaternary phase shift keying method
PM, in Digital Baseband sublibrary of Modulation

The QPSK Modulator Baseband block modulates using the quaternary phase
shift keying method. The output is a baseband representation of the modulated
signal.

Inputs and Constellation Types

If the Input type parameter is set to Integer, then valid input values are 0, 1,
2, and 3. If the input is m, then the output symbol is

exp(jo + jrm/2)
where 6 is the Phase offset parameter. In this case, the input can be either a
scalar or a frame-based column vector.

If the Input type parameter is set to Bit, then the input contains pairs of
binary values. The input can be either a vector of length two or a frame-based
column vector whose length is an even integer. If the Phase offset parameter
is set to pi/4, then the block uses one of the signal constellations in the figure
below, depending on whether the Constellation ordering parameter is set to
Binary or Gray.

Binary Gray

e 01 * 00 * 01 « 00

*10 e 11 o1l * 10




QPSK Modulator Baseband

Dialog Box

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.

Modulate the input zsignal uging the quaterary phase shift keying
method.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must be two. In case of frame-bazed bit input, the
input width input must be an integer multiple of bwo. The bits can be
either binary-mapped or Gray-mapped into symbols.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

Igut ype: -

[Earistel stiar ardering: I Binary j

Fhase offzet [rad):
[pir4

Samples per symbal:

|1
QK I Cancel Help Lol

Input type
Indicates whether the input consists of integers or pairs of bits.

Constellation ordering

Determines how the block maps each pair of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Samples per symbol

The number of output samples that the block produces for each integer or
pair of bits in the input.
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Pair Block QPSK Demodulator Baseband
See Also M-PSK Modulator Baseband, BPSK Modulator Baseband, DQPSK Modulator
Baseband
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Quantizer Decode

Purpose
Library

Description

Quantizer
decode

Dialog Box

Pair Block

Decode quantization index according to codebook
Source Coding

The Quantizer Decode block recovers a message from a quantized signal,
converting the quantization index into the corresponding codebook value. The
Quantization codebook parameter, a vector of length N, prescribes the
possible output values. If the input is an integer k between 0 and N-1, then the
output is the (k+1)st element of Quantization codebook.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. This block processes each vector element independently. Each output
signal is a vector of the same length as the input signal.

Note The Sampled Quantizer Encode and Enabled Quantizer Encode blocks
also use a Quantization codebook parameter. The first output of those blocks
corresponds to the input of Quantizer Decode; the second output of those
blocks corresponds to the output of Quantizer Decode.

Block Parameters: Quantizer Decode

— Quantizer Decode [mask]
Output the value in the given codebook based on the input index value.
The input can be either a scalar, a sample-based vector, or a

frame-bazed row vector, This block processes each vector element
independently.

Guantization codebook:

QK I Cancel | Help | Lol

Quantization codebook

A real vector that prescribes the output value corresponding to each input
integer.

Sampled Quantizer Encode or Enabled Quantizer Encode
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Random Deinterleaver

Purpose
Library

Description

Randam
Ceintarleawver

Dialog Box

Pair Block

See Also

4-368

Restore ordering of the input symbols using a random permutation
Block sublibrary of Interleaving

The Random Deinterleaver block rearranges the elements of its input vector
using a random permutation. The Initial seed parameter initializes the
random number generator that the block uses to determine the permutation. If
this block and the Random Interleaver block have the same value for Initial
seed, then the two blocks are inverses of each other.

The Number of elements parameter indicates how many numbers are in the
input vector.If the input is frame-based, then it must be a column vector.

: Random Deinterleaver

— Random Deir [mazk]

Deinterleave the elements of the input vector uzing a random
permutation. The Mumber of elements must match the input signal width.

.-
F

Mumber of elements:
1008

Initial seed:
[12345

QK I Cancel | Help | Lol

Number of elements
The number of elements in the input vector.

Initial seed
The initial seed value for the random number generator.

Random Interleaver

General Block Deinterleaver



Random-Integer Generator

Purpose
Library

Description

o pmine

Random int

Generate integers randomly distributed in the range [0, M-1]
Comm Sources

The Random-Integer Generator block generates uniformly distributed random
integers in the range [0, M-1], where M is the M-ary number defined in the
dialog box.

The M-ary number can be either a scalar or a vector. If it is a scalar, then all
output random variables are independent and identically distributed (i.i.d.). If
the M-ary number is a vector, then its length must equal the length of the
Initial seed; in this case each output has its own output range.

If the Initial seed parameter is a constant, then the resulting noise is
repeatable.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The number of elements in the Initial seed parameter becomes the number of
columns in a frame-based output or the number of elements in a sample-based
vector output. Also, the shape (row or column) of the Initial seed parameter
becomes the shape of a sample-based two-dimensional output signal.
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Dialog Box

4-370

Block Parameters: Random-Integer Generator

— Random-Integer Generator [mask)

Generate integers randomly distributed in range [0, M-1]. where M is the
-ary number.

.-
F

-ary number:

B

Initial zeed:
|112345 54321]

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel | Help Lol

M-ary number
The positive integer, or vector of positive integers, that indicates the range
of output values.

Initial seed
The initial seed value for the random number generator. The vector length
of the seed determines the length of the output vector.

Sample time
The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

Samples per frame
The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.



Random-Integer Generator

Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

See Also randint (Communications Toolbox)
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Purpose Reorder the input symbols using a random permutation
Library Block sublibrary of Interleaving
Description The Random Interleaver block rearranges the elements of its input vector
using a random permutation. The Number of elements parameter indicates
Random | how many numbers are in the input vector.If the input is frame-based, then it
Interleaver must be a column vector.

The Initial seed parameter initializes the random number generator that the
block uses to determine the permutation. The block is predictable for a given
seed, but different seeds produce different permutations.

Dialog Box

Block Parameters: R andom Interleaver

— Random Interl [mazk]

Interleave the elements of the input vector uging a random permutation.
The Mumber of elements must match the input signal width.

=P
Mumber of elements:
1008

Initial seed:
[12345

QK I Cancel | Help | Lol

Number of elements
The number of elements in the input vector.

Initial seed
The initial seed value for the random number generator.

Pair Block Random Deinterleaver

See Also General Block Interleaver
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Rayleigh Noise Generator

Purpose
Library

Description

Rayleigh

Generate Rayleigh distributed noise
Comm Sources

The Rayleigh Noise Generator block generates Rayleigh distributed noise. The
Rayleigh probability density function is given by

LO x<0

where o is known as the fading envelope of the Rayleigh distribution.

The block requires you to specify the Initial seed for the random number
generator. If it is a constant, then the resulting noise is repeatable. The sigma
parameter can be either a vector of the same length as the Initial seed, or a
scalar. When sigma is a scalar, every element of the output signal shares that
same value.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The number of elements in the Initial seed parameter becomes the number of
columns in a frame-based output or the number of elements in a sample-based
vector output. Also, the shape (row or column) of the Initial seed parameter
becomes the shape of a sample-based two-dimensional output signal.
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Dialog Box

4-374

Block Parameters: Rayleigh Moise Generator

— Rapleigh Moise Generator [mask)

Generate Rayleigh distributed noize. The output vectaor size of thiz block
is the zame as the vector size of the seed.

.-
F

Sigma:

Initial seed:
[12345

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel Help Lol

Sigma
Specify o as defined in the Rayleigh probability density function.

Initial seed
The initial seed value for the random number generator.

Sample time

The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.

Interpret vector parameters as 1-D
If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.



Rayleigh Noise Generator

See Also Multipath Rayleigh Fading Channel; raylrnd (Statistics Toolbox)

References [1] Proakis, John G. Digital Communications, Third edition. New York:
McGraw Hill, 1995.
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Rectangular QAM Demodulator Baseband

Purpose
Library

Description

AL

Rectangular
QAhd

W

4-376

Demodulate QAM-modulated data
AM, in Digital Baseband sublibrary of Modulation

The Rectangular QAM Demodulator Baseband block demodulates a signal that
was modulated using quadrature amplitude modulation with a constellation on
a rectangular lattice.

The signal constellation has M points, where M is the M-ary number
parameter. M must have the form 2X for some positive integer K. The block
scales the signal constellation based on how you set the Normalization
method parameter. For details, see the reference page for the Rectangular
QAM Modulator Baseband block.

The input can be either a scalar or a frame-based column vector.

Output Signal Values

The Output type parameter determines whether the block produces integers
or binary representations of integers. If Output type is set to Integer, then the
block produces integers. If Output type is set to Bit, then the block produces a
group of K bits, called a binary word, for each symbol. The Constellation
ordering parameter indicates how the block assigns binary words to points of
the signal constellation. More details are on the reference page for the
Rectangular QAM Modulator Baseband block.

Processing an Upsampled Modulated Signal

The input signal can be an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.



Rectangular QAM Demodulator Baseband

Dialog Box

Fectangular G,

— Rectangular Qak Demodulator Bazeband [mask)

Demodulate the input signal using the rectangular quadrature amplitude
modulation method.
The k-ary number value needs to be an integer power of bwo.

For zample-based input, the input must be a scalar. For frame-based
input, the input must be a column vector.

The output can be either bitz or integers. In case of bit output, the output
width iz an integer multiple of the number of bits per spmbol. The spmbols
can be either binary-demapped or Gray-demapped inta bits.

I case of frame-based input, the width of the input frame represents the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the sample time of the input is the symbal
period divided by the Samples per symbol value.

=
F

-ary number:
Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Marmalization method: IMin. distance between symbols j
Minimumn distance:

|2

Fhase offzet [rad):

Jo

Samples per symbal:

|1
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M-ary number

The number of points in the signal constellation. It must have the form 2K
for some positive integer K.

Output type
Indicates whether the output consists of integers or groups of bits.

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Normalization method

Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.
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Minimum distance

The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)

The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)

The maximum power among the symbols in the constellation. This field
appears only when Normalization method is set to Peak Power.

Phase offset (rad)
The rotation of the signal constellation, in radians.

Samples per symbol
The number of input samples that represent each modulated symbol.

Pair Block Rectangular QAM Modulator Baseband
See Also General QAM Demodulator Baseband
References [1] Smith, Joel G. “Odd-Bit Quadrature Amplitude-Shift Keying.” IEEE

Transactions on Communications, vol. COM-23, March 1975. 385-389.
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Rectangular QAM Demodulator Passband

Purpose
Library

Description

AL

Fectangular
QAh

Demodulate QAM-modulated data
AM, in Digital Passband sublibrary of Modulation

The Rectangular QAM Demodulator Passband block demodulates a signal that
was modulated using quadrature amplitude modulation with a constellation on
a rectangular lattice. The signal constellation has M points, where M is the
M-ary number parameter. M must have the form 2K for some positive integer
K.

This block converts the input to an equivalent baseband representation and
then uses the baseband equivalent block, M-PAM Demodulator Baseband, for
internal computations. The following parameters in this block are the same as
those of the baseband equivalent block:

< M-ary number

= Qutput type

= Constellation ordering
= Normalization method
< Minimum distance

= Average power

= Peak power

The input must be a sample-based scalar signal.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Input sample time parameter specifies
the sample time of the input signal, while the Symbol period parameter
equals the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate signal during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the output.

The timing-related parameters must satisfy these relationships:

< Input sample time > (Carrier frequency)'l
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=« Symbol period < [2*Carrier frequency + 2/(Input sample time)]'1

= Input sample time = K*Symbol period*Baseband samples per symbol for
some integer K

Also, this block incurs an extra output period of delay compared to its baseband
equivalent block.

Dialog Box

Block Paramete tangular Demodulator P.
— Rectangular Qak Demodulator Passband [mask]
Demodulate the input signal using the rectangular quadrature amplitude

modulation method.
The k-ary number value needs to be an integer power of bwo.

The input signal must be a sample-based scalar. In caze of bit output, the
width of the output iz the number of bits per symbal. The symbols can be
either binary-demapped or Gray-demapped into bits.

The symbol period must be an integer multiple of the product of the
bazeband zamples per spmbol and the input sample time.

-
F

-ary number:

iE

Output type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Marmalization method: IMin. distance between symbols j

Minimumn distance:
|2

Symbol period [z]:
J1100

Baseband samples per symbal:
|1

Carrier frequency [Hz):

3000

Carrier initial phaze [rad):
Jo

Input ample time:
18000
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M-ary number

The number of points in the signal constellation. It must have the form 2K
for some positive integer K.
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Output type
Indicates whether the output consists of integers or groups of bits.

Constellation ordering

Determines how the block maps each integer to a group of output bits. This
field is active only when Output type is set to Bit.

Normalization method

Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.

Minimum distance

The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)

The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)

The maximum power among the symbols in the constellation. This field
appears only when Normalization method is set to Peak Power.

Symbol period (s)
The symbol period, which equals the sample time of the output.

Baseband samples per symbol

The number of baseband samples that represent each modulated symbol,
after the block converts the passband input to a baseband intermediary
signal.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.

Input sample time
The sample time of the input signal.
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Pair Block

See Also

References
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Rectangular QAM Modulator Passband

General QAM Demodulator Passband, Rectangular QAM Demodulator
Baseband

[1] Smith, Joel G. “Odd-Bit Quadrature Amplitude-Shift Keying.” IEEE
Transactions on Communications, vol. COM-23, March 1975. 385-389.
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Purpose
Library

Description

LI,

Rectangular
QAhd

W

Modulate using M-ary quadrature amplitude modulation
AM, in Digital Baseband sublibrary of Modulation

The Rectangular QAM Modulator Baseband block modulates using M-ary
quadrature amplitude modulation with a constellation on a rectangular lattice.
The output is a baseband representation of the modulated signal.

Constellation Size and Scaling

The signal constellation has M points, where M is the M-ary number
parameter. M must have the form 2K for some positive integer K. The block
scales the signal constellation based on how you set the Normalization
method parameter. The table below lists the possible scaling conditions.

Value of Normalization method Scaling Condition
parameter

Min. distance between symbols  The nearest pair of points in the
constellation is separated by the value
of the Minimum distance parameter.

Average Power The average power of the symbols in
the constellation is the Average
power parameter.

Peak Power The maximum power of the symbols in
the constellation is the Peak power
parameter.

Input Signal Values

The input and output for this block are discrete-time signals. The Input type
parameter determines whether the block accepts integers between 0 and M-1,
or binary representations of integers:

= If Input type is set to Integer, then the block accepts integers. The input can
be either a scalar or a frame-based column vector.

= If Input type is set to Bit, then the block accepts groups of K bits, called
binary words. The input can be either a vector of length K or a frame-based
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4-384

column vector whose length is an integer multiple of K. The Constellation
ordering parameter indicates how the block assigns binary words to points
of the signal constellation. Such assignments apply independently to the
in-phase and quadrature components of the input:

- If Constellation ordering is set to Binary, then the block uses a natural
binary-coded constellation.

- If Constellation ordering is set to Gray and K is even, then the block uses
a Gray-coded constellation.

- If Constellation orderingis set to Gray and K is odd, then the block codes
the constellation so that pairs of nearest points differ in one or two bits.
The constellation is cross-shaped, and the schematic below indicates
which pairs of points differ in two bits. The schematic uses M = 128, but
suggests the general case.

0000000

00000000
000000000 ®e®  OHollowvertical pairs of
000000000 000 O jlacentpoints differ by two
e0000000000O0
e00000000OCOCDS Other pai .
0000000006060 Ierpglrsofadjacer?t
0000000000060 points differ by one hit
eeo0000000000
000000000 e®

00000000

e0e000000

For details about the Gray coding, see the reference page for the M-PSK
Modulator Baseband block and the paper listed in “References” below. Note
that since the in-phase and quadrature components are assigned
independently, the Gray and binary orderings coincide when M = 4.,

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal. The
Samples per symbol parameter is the upsampling factor. It must be a positive
integer. For more information, see “Upsampled Signals and Rate Changes” on
page 2-72.
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Dialog Box

— Rectangular Bk Modulator Bazeband [mask)

Modulate the input signal uging the rectangular quadrature amplitude
modulation method.
The k-ary number value must be an integer power of bwo.

The input can be either bits or integers. In caze of zample-based bit
input, the input width must equal the number of bits per symbal. In case
of frame-bazed bit input, the input width must be an integer multiple of the
number of bitz per spmbol. The bits can be either binary-mapped or
Gray-mapped into symbals.

For zample-based integer input, the input must be a scalar. For
frame-bazed integer input, the input must be a column vectar.

I cage of frame-based input, the width of the output frame equals the
product of the number of symbolz and the Samples per spmbol value.

I case of sample-bazed input, the output sample time equals the symbal
period divided by the Samples per symbol value.

=
F

-ary number:
Input type: Ilnteger j
[Eatstel|atem ardentg: IBinary j

Marmalization method: IMin. distance between symbols j
Minimumn distance:

|2

Fhase offzet [rad):

Jo

Samples per symbal:

|1
QK I Cancel | Help Lol

M-ary number

The number of points in the signal constellation. It must have the form 2K
for some positive integer K.

Input type
Indicates whether the input consists of integers or groups of bits.

Constellation ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.
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Pair Block
See Also

References
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Normalization method
Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.
Minimum distance
The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.
Average power (watts)
The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.
Peak power (watts)
The maximum power of the symbols in the constellation. This field appears
only when Normalization method is set to Peak Power.
Phase offset (rad)
The rotation of the signal constellation, in radians.

Samples per symbol

The number of output samples that the block produces for each integer or
binary word in the input.

Rectangular QAM Demodulator Baseband
General QAM Modulator Baseband

[1] Smith, Joel G. “Odd-Bit Quadrature Amplitude-Shift Keying.” IEEE
Transactions on Communications, vol. COM-23, March 1975. 385-389.
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Purpose
Library

Description

LI

Rectangular
QA

Modulate using M-ary quadrature amplitude modulation
AM, in Digital Passband sublibrary of Modulation

The Rectangular QAM Modulator Passband block modulates using M-ary
quadrature amplitude modulation with a constellation on a rectangular lattice.
The output is a passband representation of the modulated signal. The signal
constellation has M points, where M is the M-ary number parameter. M must
have the form 2K for some positive integer K.

This block uses the baseband equivalent block, Rectangular QAM Modulator
Baseband, for internal computations and converts the resulting baseband
signal to a passband representation. The following parameters in this block are
the same as those of the baseband equivalent block:

< M-ary number

= Input type

= Constellation ordering
= Normalization method
< Minimum distance

= Average power

= Peak power

The input must be sample-based. If the Input type parameter is Bit, then the
input must be a vector of length log,(M). If the Input type parameter is
Integer, then the input must be a scalar.

Parameters Specific to Passband Simulation

Passband simulation uses a carrier signal. The Carrier frequency and
Carrier initial phase parameters specify the frequency and initial phase,
respectively, of the carrier signal. The Symbol period parameter must equal
the sample time of the input signal, while the Output sample time parameter
determines the sample time of the output signal.

This block uses a baseband representation of the modulated signal as an
intermediate result during internal computations. The Baseband samples per
symbol parameter indicates how many baseband samples correspond to each
integer or binary word in the input, before the block converts them to a
passband output.
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The timing-related parameters must satisfy these relationships:

< Symbol period > (Carrier frequency)?

= Output sample time < [2*Carrier frequency + 2/(Symbol period)]'1

= Symbol period = K*Output sample time*Baseband samples per symbol
for some integer K

Furthermore, Carrier frequency is typically much larger than the highest
frequency of the unmodulated signal.

Dialog Box

Aar odulato
— Rectangular Qék Modulator Passband [mask]

Modulate the input signal uging the rectangular quadrature amplitude
modulation method.
The k-ary number value must be an integer power of bwo.

The input signal must be sample-bazed. In caze of integer input, the input
muszt be a scalar. In caze of bit input, the width of the input must equal
the number of bits per symbal. The bitz can be either binary-mapped or
Gray-mapped into symbals.

The input zample time must equal the symbol period. The symbol period
must be an integer multiple of the product of the baseband samples per
zymbol and the output zample time.

-
F

-ary number:

Input type: I Integer

[Eatstel|atem ardentg: IBinary

Ll L 1

Marmalization method: IMin. distance between symbols

Minimumn distance:
|2

Symbol period [z]:
J1100

Baseband samples per symbal:
|1
Carrier frequency [Hz):
3000

Carrier initial phaze [rad):
Jo

Output zample time:
18000

QK I Cancel Help Lol
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M-ary number

The number of points in the signal constellation. It must have the form 2K
for some positive integer K.

Input type
Indicates whether the input consists of integers or groups of bits.

Constellation ordering

Determines how the block maps each group of input bits to a corresponding
integer. This field is active only when Input type is set to Bit.

Normalization method

Determines how the block scales the signal constellation. Choices are Min.
distance between symbols, Average Power, and Peak Power.

Minimum distance

The distance between two nearest constellation points. This field appears
only when Normalization method is set to Min. distance between
symbols.

Average power (watts)

The average power of the symbols in the constellation. This field appears
only when Normalization method is set to Average Power.

Peak power (watts)

The maximum power of the symbols in the constellation. This field appears
only when Normalization method is set to Peak Power.

Symbol period (s)
The symbol period, which must equal the sample time of the input.

Baseband samples per symbol

The number of baseband samples that correspond to each integer or binary
word in the input, before the block converts them to a passband output.

Carrier frequency (Hz)
The frequency of the carrier.

Carrier initial phase (rad)
The initial phase of the carrier in radians.
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Pair Block
See Also

References

4-390

Output sample time
The sample time of the output signal.

Rectangular QAM Demodulator Passband
General QAM Modulator Passband, Rectangular QAM Modulator Baseband

[1] Smith, Joel G. “Odd-Bit Quadrature Amplitude-Shift Keying.” IEEE
Transactions on Communications, vol. COM-23, March 1975. 385-389.



Rician Fading Channel

Purpose
Library

Description

E R T

ician
Fading

Simulate a Rician fading propagation channel
Channels

The Rician Fading Channel block implements a baseband simulation of a
Rician fading propagation channel. This block is useful for modeling mobile
wireless communication systems when the transmitted signal can travel to the
receiver along a dominant line-of-sight or direct path. If the signal can travel
along a line-of-sight path and also along other fading paths, then you can use
this block in parallel with the Multipath Rayleigh Fading Channel block. For
details about fading channels, see the works listed in “References” on page
4-393.

The input can be either a scalar or a frame-based column vector. The input is
a complex signal.

Fading causes the signal to spread and become diffuse. The K-factor
parameter, which is part of the statistical description of the Rician
distribution, represents the ratio between direct-path (unspread) power and
diffuse power. The ratio is expressed linearly, not in decibels. While the Gain
parameter controls the overall gain through the channel, the K-factor
parameter controls the gain’s partition into direct and diffuse components.

Relative motion between the transmitter and receiver causes Doppler shifts in
the signal frequency. The Doppler frequency parameter is the maximum
Doppler shift that the signal undergoes. The Jakes PSD (power spectral
density) determines the spectrum of the Rician process.

The Sample time parameter is the time between successive elements of the
input signal. Note that if the input is a frame-based column vector of length n,
then the frame period (as Simulink’s Probe block reports, for example) is
n*Sample time.

The Delay parameter specifies a time delay in seconds and the Gain parameter
specifies a gain that applies to the input signal. Both parameters are scalars.

The scalar Initial seed parameter seeds the random number generator that
the block uses to generate its Rician-distributed complex random process.
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Dialog Box

4-392

an Fading Channel

- Rician Fading Channel [mazk]

Riician fading channel for complex baszeband signals.

Multiplies the input zignal with samples of a Rician distributed complex
random process. The K-factor parameter specifies the linear ratio of
power in the direct path to the diffuse power. The spectrum of the Rician
process is given by the Jakes PSD, where the Doppler frequency
parameter determines the maximum Doppler frequency.

=
F

K-factar:

Doppler frequency [Hz):
J40

Sample time:
[1e

Delay [s]:
Jo
Gain [dB]:
Jo

Initial seed:
[12345

QK I Cancel Help Lol

K-factor
The ratio of power in the direct path to diffuse power. The ratio is expressed
linearly, not in decibels.

Doppler frequency (Hz)
A positive scalar that indicates the maximum Doppler shift.

Sample time
The period of each element of the input signal.

Delay (s)

A scalar that specifies the propagation delay.
Gain (dB)

A scalar that specifies the gain.

Initial seed
The scalar seed for the Gaussian noise generator.
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See Also Rician Noise Generator, Multipath Rayleigh Fading Channel

References [1] Fechtel, Stefan A. “A Novel Approach to Modeling and Efficient Simulation
of Frequency-Selective Fading Radio Channels.” IEEE Journal on Selected
Areas in Communications, vol. 11, April 1993. 422-431.

[2] Jakes, William C., ed. Microwave Mobile Communications. New York: IEEE
Press, 1974.

[3] Lee, William C. Y. Mobile Communications Design Fundamentals, 2nd ed.
New York: Wiley, 1993.

4-393



Rician Noise Generator

Purpose
Library

Description

Loty

Rician

4-394

Generate Rician distributed noise
Comm Sources

The Rician Noise Generator block generates Rician distributed noise. The
Rician probability density function is given by

X+m?
X mx 20°
- =1, —= >
f(x) = 3lo 5 ¢ x=0
o o

| 0 x<0

where:

« g is the standard deviation of the Gaussian distribution that underlies the
Rician distribution noise

2 2 .
-m? =mj+ Mg, where m; and mq are the mean values of two independent

Gaussian components
= |y is the modified Oth-order Bessel function of the first kind given by

1

ycostd
t
2md_;

Io(y) = e

Note that m and o are not the mean value and standard deviation for the
Rician noise.

You must specify the Initial seed for the random number generator. When it
is a constant, the resulting noise is repeatable. The vector length of the Initial
seed parameter should equal the number of columns in a frame-based output
or the number of elements in a sample-based output. The set of numerical
parameters above the Initial seed parameter in the dialog box can consist of
vectors having the same length as the Initial seed, or scalars.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret



Rician Noise Generator

Dialog Box

vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The number of elements in the Initial seed and Sigma parameters becomes
the number of columns in a frame-based output or the number of elements in
a sample-based vector output. Also, the shape (row or column) of the Initial
seed and Sigma parameters becomes the shape of a sample-based
two-dimensional output signal.

Elock Parameters: Rici

— Rician Moise Generator [mask)

Generate Rician distibuted noize. The output vector size of this block is
the same as the vector size of the seed.

Specification methad: |Mj‘

Rician K-factor:
|2

.-
F

Sigma:

|1

Initial seed:
[12345

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel | Help | Lol

Specification method
Either K-factor or Quadrature components.

Rician K-factor
K= m2/(202), where m is as in the Rician probability density function. This
field appears only if Specification method is K-factor.

In-phase component (mean), Quadrature component (mean)

The mean values m; and mq, respectively, of the Gaussian components.
These fields appear only if Specification method is Quadrature
components.
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See Also

References
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Sigma
The variable o in the Rician probability density function.

Initial seed
The initial seed value for the random number generator.

Sample time

The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.

Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

Rician Fading Channel

[1] Proakis, John G. Digital Communications, Third edition. New York:
McGraw Hill, 1995.



Sampled Quantizer Encode

Purpose
Library

Description

Scalar
quantizer

Quantize a signal, indicating quantization index, coded signal, and distortion
Source Coding

The Sampled Quantizer Encode block encodes an input signal using scalar
quantization. The block outputs the quantization levels (or quantization index)
of the input signal, the encoded signal, and the mean square distortion.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. This block processes each vector element independently. Each output
signal is a vector of the same length as the input signal.

The Quantization partition parameter is a length-n real vector whose entries
are in strictly ascending order. The first output signal corresponding to an
input signal of x is:

= 0 if x < Quantization partition(1)
< m if Quantization partition(m) < x £ Quantization partition(m+1)
= n if Quantization partition(n) < x

The Quantization codebook parameter, whose length exceeds the length of
Quantization partition by one, prescribes a value for each partition in the
quantization. The first element of Quantization codebook is the value for the
interval between negative infinity and the first element of Quantization
partition. The second output signal from this block contains the quantization
of the input based on the quantization levels and prescribed values.

At a given time, the third output signal measures the mean square distortion
between the input and the second output, considering the stream of data up
through that time.

You can use the function Iloyds in the Communications Toolbox with a
representative sample of your data as training data, to obtain appropriate
partition and codebook parameters.
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Dialog Box

npled Quantizer Encode

— Sampled Quantizer Encode [mask]

Quantize an analog zignal to (1] digital signal. [2] quantization value, and
[3] distartion at every zample time point.

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

=
F

Guantization partition:

Guantization codebook:
|I-825-5 0.5 .825]

Input gignal vector length:
|2

Sample time:

|1
QK I Cancel | Help | Lol

Quantization partition

The vector of endpoints of the partition intervals. The elements must be in
strictly ascending order.

Quantization codebook
The vector of output values assigned to each partition.

Input signal vector length
The length of the input signal.

Sample time
The output sample time.

Pair Block Quantizer Decode

See Also Enabled Quantizer Encode; 11oyds (Communications Toolbox)
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Scrambler

Purpose
Library

Description

Secrambler

Scramble the input signal
Sequence Operations, in Basic Comm Functions

The Scrambler block scrambles the scalar input signal. If the Calculation base
parameter is N, then the input values must be integers between 0 and N-1.

One purpose of scrambling is to reduce the length of strings of Os or 1sin a
transmitted signal, since a long string of Os or 1s may cause transmission
synchronization problems. Below is a schematic of the scrambler. All adders
perform addition modulo N.

Scrambled data

At each time step, the input causes the contents of the registers to shift
sequentially. Each switch in the scrambler is on or off as defined by the
Scramble polynomial parameter. You can specify the polynomial by listing its
coefficients in order of ascending powers of z'1, or by listing the powers of z that
appear in the polynomial with a coefficient of 1. For examplep=[1000001
0 1] and p = [0 -6 -8] both represent the polynomial p(z1) =1 + z% + 28,

The Initial states parameter lists the states of the scrambler’s registers when
the simulation starts. The elements of this vector must be integers between 0
and N-1. The vector length of this parameter must equal the order of the
scramble polynomial. (If the Scramble polynomial parameter is a vector that
lists the coefficients in order, then the order of the scramble polynomial is one
less than the vector length.)
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D | al Og BOX Block Parame

— Scrambler [mazk]

Scramble the input scalar data uging a linear feedback shift register
whoze configuration iz specified by the Scramble polynomial parameter.

The Scramble polynomial parameter values represent the shift register
connections. Enter these values az either a binary vector or a
dezcending ordered polynomial to indicate the connection paints.

For the binary vector representation the first and last elements of the
wector must be 1. For the descending ordered polynomial representation
the first element of the wector must be 0.

.-
F

Calculation base:

Scramble polynomial:
11101]

Initial states:
Jio123

QK I Cancel | Help Lol

Calculation base

The calculation base N. The input and output of this block are integers in
the range [0, N-1].

Scramble polynomial
A polynomial that defines the connections in the scrambler.

Initial states
The states of the scrambler’s registers when the simulation starts.

Pair Block Descrambler

See Also PN Sequence Generator
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SSB AM Demodulator Baseband

Purpose Demodulate SSB-AM-modulated data
Library Analog Baseband Modulation, in Modulation
Description The SSB AM Demodulator Baseband block demodulates a signal that was
modulated using single-sideband amplitude modulation. The input is a
m baseband representation of the modulated signal. The input is complex, while
el

the output is real. The input must be a sample-based scalar signal.

In the course of demodulating, the block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

Dialog Box

3 &M Demodulator Bazeband
—55B AM Demodulator Baseband [mask]

Demodulate the complex envelope of a single-sideband amplitude
modulated signal. The input signal must be a sample-bazed scalar. The
output iz a 1-0 zcalar.

=
F

Lowpazs filker numeratar:

Lowpass filker denominator:
|11 13108 4336]

Initial phaze [rad]:
Jo

Sample time:
Jo.om

QK I Cancel | Help | Lol

Lowpass filter numerator
The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.
Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Initial phase (rad)
The initial phase in the corresponding SSB AM Modulator Baseband block.
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Sample time
The sample time of the output signal.

Pair Block SSB AM Modulator Baseband

See Also DSB AM Demodulator Baseband, DSBSC AM Demodulator Baseband
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SSB AM Demodulator Passband

Purpose
Library

Description

AN

SSB AM [

Dialog Box

Demodulate SSB-AM-modulated data
Analog Passband Modulation, in Modulation

The SSB AM Demodulator Passband block demodulates a signal that was
modulated using single-sideband amplitude modulation. The input is a
passband representation of the modulated signal. Both the input and output
signals are real sample-based scalar signals.

In the course of demodulating, this block uses a filter whose transfer function
is described by the Lowpass filter numerator and Lowpass filter
denominator parameters.

—55B AM Demodulator Pazsband [maszk]

Demodulate a single-sideband amplitude modulated signal. The input
zignal must be a sample-bazed scalar. The output is a 1-0 scalar.

Carrier frequency [Hz):
1008

Lowpazs filker numeratar:
|[4.5? 9.14 45701

Lowpass filker denominator:
|11 13108 4336]

Initial phaze [rad]:
Jo

Sample time:
Jo.om

QK I Cancel | Help | Lol

Carrier frequency (Hz)

The carrier frequency in the corresponding SSB AM Modulator Passband
block.

Lowpass filter numerator

The numerator of the lowpass filter transfer function. It is represented as
a vector that lists the coefficients in order of descending powers of s.
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Pair Block

See Also

4-404

Lowpass filter denominator

The denominator of the lowpass filter transfer function. It is represented
as a vector that lists the coefficients in order of descending powers of s. For
an FIR filter, set this parameter to 1.

Initial phase (rad)
The initial phase of the carrier in radians.

Sample time
The sample time of the output signal.

SSB AM Modulator Passband

SSB AM Demodulator Baseband, DSB AM Demodulator Passband, DSBSC
AM Demodulator Passband



SSB AM Modulator Baseband

Purpose
Library

Description

S

SSB AM [

Modulate using single-sideband amplitude modulation
Analog Baseband Modulation, in Modulation

The SSB AM Modulator Baseband block modulates using single-sideband
amplitude modulation with a Hilbert transform filter. The output is a
baseband representation of the modulated signal. The input signal is real,
while the output signal is complex. The input must be a sample-based scalar
signal.

SSB AM Modulator Baseband transmits either the lower or upper sideband
signal, but not both. To control which sideband it transmits, use the “upper”
sideband or “lower” sideband parameter.

If the input is u(t) as a function of time t, then the output is

(u(t) Fja())e’®

where 0 is the Initial phase parameter and G(t) is the Hilbert transform of the
input u(t). The minus sign indicates the upper sideband and the plus sign
indicates the lower sideband.

Hilbert Tranform Filter Parameters

This block uses a Hilbert transform filter, possibly with a compensator. The
filter produces a Hilbert transform of its input signal. These mask parameters
relate to the Hilbert transform filter:

=« The Time delay for Hilbert transform filter parameter specifies the delay
in the filter design. You should choose a value of the form

(N+1/2)*(Sample time parameter)
where N is a positive integer.

< The Bandwidth of the input signal parameter is the estimated highest
frequency component in the input message signal. This parameter is used to
design a compensator for the Hilbert transform filter, which would force the
message signal amplitude to remain within the assigned range.

If this parameter is either 0 or larger than 1/(2*Sample time), then the block
does not generate a compensator.
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Dialog Box

Pair Block

See Also

4-406

This block uses the hilbiir function in the Communications Toolbox to design

the Hilbert transform filter.

Block Param Modulator Bazeband
—55B AM Modulator Baseband [mask)

Output complex envelope of a single-sideband amplitude modulated
zignal. The input zsignal must be a sample-based scalar. The output is a
1-D zcalar.

=
F

Initial phaze [rad]:

0

Bandwidth of the input signal [Hz]:
Jio

Time delay for Hilbert transform filker [s]:
Joo

Sample time:
Jo.om

"upper' sideband or "lower" sideband:

I'upper'

QK I Cancel | Help Lol

Initial phase (rad)
The phase offset, 6, of the modulated signal.

Bandwidth of the input signal (Hz)

The highest frequency component of the message signal. To avoid using a
compensator in the Hilbert transform filter design, set this to 0.

Time delay for Hilbert transform filter (s)
The time delay in the design of the Hilbert transform filter.

Sample time
The sample time of the Hilbert transform filtering.

“upper” sideband or “lower” sideband

A string that specifies whether to transmit the upper or lower sideband.
Choices are "upper” and "lower".

SSB AM Demodulator Baseband

DSB AM Modulator Baseband, DSBSC AM Modulator Baseband



SSB AM Modulator Baseband

References [1] Peebles, Peyton Z, Jr. Communication System Principles. Reading, Mass.:
Addison-Wesley, 1976.
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Purpose
Library

Description

S

SSB AM
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Modulate using single-sideband amplitude modulation
Analog Passband Modulation, in Modulation

The SSB AM Modulator Passband block modulates using single-sideband
amplitude modulation with a Hilbert transform filter. The output is a passband
representation of the modulated signal. Both the input and output signals are
real sample-based scalar signals.

SSB AM Modulator Passband transmits either the lower or upper sideband
signal, but not both. To control which sideband it transmits, use the “upper”
sideband or “lower” sideband parameter.

If the input is u(t) as a function of time t, then the output is
u(t)cos(f.t+86) = [j(t)sin(fct +0)
where:

= f. is the Carrier frequency parameter.
= 0 is the Initial phase parameter.
= ((t) is the Hilbert transform of the input u(t).

= The plus sign indicates the upper sideband and the minus sign indicates the
lower sideband.

Hilbert Tranform Filter Parameters

This block uses a Hilbert transform filter, possibly with a compensator. These
mask parameters relate to the Hilbert transform filter:

< The Time delay for Hilbert transform filter parameter specifies the delay
in the filter design. You should choose a value of the form

(N+1/2)*(Sample time parameter)
where N is a positive integer.

< The Bandwidth of the input signal parameter is the estimated highest
frequency component in the input message signal.

This parameter is used to design a compensator for the Hilbert transform
filter, which would force the message signal amplitude to remain within the



SSB AM Modulator Passband

assigned range. If this parameter is either O or larger than 1/(2*Sample
time), then the block does not generate a compensator.

This block uses the hilbiir function in the Communications Toolbox to design
the Hilbert transform filter.

Typically, an appropriate Carrier frequency value is much higher than the
highest frequency of the input signal. To avoid having to use a high carrier
frequency and consequently a high sampling rate, you can use baseband
simulation (SSB AM Modulator Baseband block) instead of passband
simulation.

Dialog Box

3 &M Modulator Pazsband

—55B AM Modulator Passband [mask)

Modulate the input signal uging the single-sideband amplitude modulation
method with Hilbert tranzform filker. The input signal must be a
zample-bazed scalar. The output is a 1-0 scalar.

=

Carrier frequency [Hz):
1008

Initial phaze [rad]:
Jo

Bandwidth of the input signal [Hz]:
Jio

Time delay for Hilbert transform filker [s]:
Joo

Sample time:
Jo.om

"upper' sideband or "lower" sideband:

I'upper'

QK I Cancel | Help | Lol

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The phase offset, 6, of the modulated signal.

Bandwidth of the input signal (Hz)

The highest frequency component of the message signal. To avoid using a
compensator in the Hilbert transform filter design, set this to 0.
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Pair Block

See Also

References

4-410

Time delay for Hilbert transform filter (s)
The time delay in the design of the Hilbert transform filter.

Sample time
The sample time of the Hilbert transform filtering.

“upper” sideband or “lower sideband”

A string that specifies whether to transmit the upper or lower sideband.
Choices are "upper" and "lower".

SSB AM Demodulator Passband

SSB AM Modulator Baseband, DSB AM Modulator Passband, DSBSC AM
Modulator Passband; hilbiir (Communications Toolbox)

[1] Peebles, Peyton Z, Jr. Communication System Principles. Reading, Mass.:
Addison-Wesley, 1976.



Triggered Read From File

Purpose
Library

Description

B -
* Rdfile

Read from a file, refreshing the output at rising edges of an input signal
Comm Sources

The Triggered Read From File block reads a new record from a file only at the
rising edge of the input trigger signal. The output is a sample-based signal.

Note The triggered behavior of this block is one difference between this block
and Simulink’s From File block. However, the From File block is useful for
reading platform-independent MAT-files.

The file can be an ASCII text file, a file containing integer or floating point
numbers, or a binary file (in the format of the C fwrite function). The file must
be either in the current working directory on the MATLAB path.

When a rising edge of the input trigger signal is detected, this block reads from
the file a record whose length is specified in the parameter Output vector
length. The first reading always occurs at the first rising edge. After that, if
the Decimation parameter is a positive integer k, then the block reads at
every kth rising edge. If Decimation is 1, then the block reads at every rising
edge.

When the block reaches the end-of-file marker, it either:

=« Rereads from the beginning of the file, if the Cyclic repeat box is checked, or

= Qutputs zeros, if the Cyclic repeat box is not checked

If the Data type parameter is ASCII, then the output is an integer. The
mapping between decimal integers and ASCII characters is shown below.

Integer ASCII Integer ASCII Integer ASCII Integer ASCII
0 NUL 32 SP 64 @ 96 \
1 SOH 33 ! 65 A 97 a
2 STX 34 * 66 B 98 b
3 ETX 35 # 67 C 99 c
4 EOT 36 $ 68 D 100 d
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Integer ASCII Integer ASCII Integer ASCII Integer ASCII
5 ENQ 37 % 69 E 101 e
6 ACK 38 & 70 F 102 f
7 BEL 39 ‘ 71 G 103 g
8 BS 40 ( 72 H 104 h
9 HT 41 ) 73 | 105 i
10 LF 42 * 74 J 106 i
11 VT 43 + 75 K 107 k
12 FF 44 , 76 L 108 I
13 CR 45 - 77 M 109 m
14 SO 46 . 78 N 110 n
15 Sl 47 / 79 @) 111 0
16 DLE 48 0 80 P 112 p
17 DC1 49 1 81 Q 113 q
18 DC2 50 2 82 R 114 r
19 DC3 51 3 83 S 115 S
20 DC4 52 4 84 T 116 t
21 NAK 53 5 85 U 117 u
22 SYN 54 6 86 Vv 118 \%
23 ETB 55 7 87 W 119 w
24 CAN 56 8 88 X 120 X
25 EM 57 9 89 Y 121 Yy
26 SuB 58 : 90 Z 122 z
27 ESC 59 ; 91 [ 123 {
28 FS 60 < 92 \ 124 |
29 GS 61 = 93 ] 125 }
30 RS 62 > 94 N 126 ~
31 us 63 ? 95 127 DEL




Triggered Read From File

Dialog Box

Pair Block

See Also

Block Parameters: Triggered Read from File

— Triggered Read from File [mask)

The riging edge of the signal from the 2nd port triggers the block to read
the next row of the specified file. The output iz zample-based.

=
F

File name [string, include extension]:

Data type: IASEII j

Decimation:

|1

Output vectaor length:
|1

I Cyclic repeat

Threshold in detecting trigger signal:
Jos

QK I Cancel Help Lol

File name
The filename, including its extension, as a string.

Data type
The data type. Choices are ASCII, binary, float, and integer.

Decimation
A decimation factor. If it is 1, then the block reads at every rising edge.

Output vector length
The vector length of the block’s output.

Cyclic repeat
Specifies whether to cycle continuously through the contents of File name
or to output only zeros after reaching the end-of-file marker.

Threshold in detecting trigger signal
The threshold for the rising edge of the trigger signal.

Triggered Write to File

To File (Simulink)
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Purpose
Library

Description

S |

r it file
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Write to a file at each rising edge of an input signal
Comm Sinks

The Triggered Write to File block creates a file containing selected data from
the input signal. Unlike Simulink’s To File block, the Triggered Write to File
block writes new data to the file only at the rising edge of the input trigger
signal. However, the To File block is useful for creating platform-independent
MAT-files.

The file can be an ASCII text file, a file containing integer or floating-point
numbers, or a binary file (in the format of the C fwrite function). You specify
the file type using the Data type parameter. If Data type is ASCII then this
block converts the data into ASCII characters before writing, using the
mapping shown on the reference page for the Triggered Read From File block.
For example, an input of 65 would cause the the block to write the character
“A” to the file. Other file types receive the data directly.

Caution If the destination file already exists, then this block overwrites it.

The first input signal contains the data to write. This input must be
sample-based. The second input signal is a sample-based scalar trigger signal
that controls the timing of writing. When a rising edge of the input trigger
signal is detected, this block writes the elements of the data signal to the file.
The file does not contain information about the dimension or orientation of the
data input, however.

The first write always occurs at the first rising edge. After that, the
Decimation parameter determines how many triggers the block receives
between successive file writes. Setting this parameter to 1 causes the block to
write at every rising edge.
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Dialog Box

Pair Block

See Also

Block Parameters: Triggered ‘Write to File

— Triggered ‘Write to File [mask]

The riging edge of the signal from the 2nd port triggers the block. ta write
another row into the specified file.

Inputs must be sample-based.

.-
F

File name [string, include extension]:

‘untitled. dat’

Data type: IASEII j

Decimation:

|1
Threshold in detecting trigger signal:
Jos

QK I Cancel Help Lol

File name
The filename, including its extension, as a string.

Data type
The data type. Choices are ASCII, binary, float, and integer.

Decimation

A decimation factor. If it is 1, then the block writes at every rising edge.

Threshold in detecting trigger signal
The threshold for the rising edge of the trigger signal.

Triggered Read From File

To File (Simulink)
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Uniform Noise Generator

Purpose
Library

Description

It ein 7

Uniform
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Generate uniformly distributed noise between the upper and lower bounds
Comm Sources

The Uniform Noise Generator block generates uniformly distributed noise. The
output data of this block is uniformly distributed between the specified lower
and upper bounds. The upper bound must be greater than or equal to the lower
bound.

You must specify the Initial seed in the simulation. When it is a constant, the
resulting noise is repeatable.

If all the elements of the output vector are to be independent and identically
distributed (i.i.d.), then you can use a scalar for the Noise lower bound and
Noise upper bound parameters. Alternatively, you can specify the range for
each element of the output vector individually, by using vectors for the Noise
lower bound and Noise upper bound parameters. If the bounds are vectors,
then their length must equal the length of the Initial seed parameter.

Attributes of Output Signal

The output signal can be a frame-based matrix, a sample-based row or column
vector, or a sample-based one-dimensional array. These attributes are
controlled by the Frame-based outputs, Samples per frame, and Interpret
vector parameters as 1-D parameters. See “Signal Attribute Parameters for
Random Sources” on page 2-7 for more details.

The number of elements in the Initial seed parameter becomes the number of
columns in a frame-based output or the number of elements in a sample-based
vector output. Also, the shape (row or column) of the Initial seed parameter
becomes the shape of a sample-based two-dimensional output signal.



Uniform Noise Generator

Dialog Box

— Uniform Moise Generator [mask)

Generate uniformly distributed noize between the upper and lower
bounds.

Moize lower bound:
01

Moize upper bound:
|[E]

Initial seed:
|112345 54321]

Sample time:
|1

I Frame-based cutputs

Samples penirame:
Ji

I™ Interpret vector parameters as 1-0

QK I Cancel | Help | Lol |

Noise lower bound, Noise upper bound

The lower and upper bounds of the interval over which noise is uniformly
distributed.

Initial seed
The initial seed value for the random number generator.

Sample time

The period of each sample-based vector or each row of a frame-based
matrix.

Frame-based outputs

Determines whether the output is frame-based or sample-based. This box
is active only if Interpret vector parameters as 1-D is unchecked.

Samples per frame

The number of samples in each column of a frame-based output signal. This
field is active only if Frame-based outputs is checked.
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Interpret vector parameters as 1-D

If this box is checked, then the output is a one-dimensional signal.
Otherwise, the output is a two-dimensional signal. This box is active only
if Frame-based outputs is unchecked.

See Also Random Source (DSP Blockset); rand (built-in MATLAB function)

4-418



Viterbi Decoder

Purpose
Library

Description

Witerbi Decoder

Decode convolutionally encoded data using the Viterbi algorithm
Convolutional sublibrary of Channel Coding

The Viterbi Decoder block decodes input symbols to produce binary output
symbols. This block can process several symbols at a time for faster
performance.

Input and Output Sizes

If the convolutional code uses an alphabet of 2" possible symbols, then this
block’s input vector length is L*n for some positive integer L. Similarly, if the
decoded data uses an alphabet of 2k possible output symbols, then this block’s
output vector length is L*k. The integer L is the number of frames that the
block processes in each step.

The input can be either a sample-based vector with L = 1, or a frame-based
column vector with any positive integer for L.

Input Values and Decision Types

The entries of the input vector are either bipolar, binary, or integer data,
depending on the Decision type parameter.

Decision type Possible Entries in Interpretation of Values
Parameter Decoder Input
Unquantized Real numbers +1: logical zero

-1: logical one
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Decision type Possible Entries in Interpretation of Values
Parameter Decoder Input
Hard Decision 0,1 0: logical zero

1: logical one

Soft Decision Integers between 0 0: most confident decision for
and 2°-1, where b is logical zero
the Number of soft
decision bits
parameter

2b-1: most confident decision
for logical one

Other values represent less
confident decisions

To illustrate the soft decision situation more explicitly, the table below lists
interpretations of values for 3-bit soft decisions.

Input Value Interpretation

0 Most confident zero
Second most confident zero
Third most confident zero

Least confident zero

Third most confident one

1
2
3
4 Least confident one
5
6 Second most confident one
7

Most confident one

Operation Modes for Frame-Based Inputs

If the input signal is frame-based, then the block has three possible methods
for transitioning between successive frames. The Operation mode parameter
controls which method the block uses:
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= In Continuous mode, the block saves its internal state metric at the end of
each frame, for use with the next frame. Each traceback path is treated
independently.

= In Truncated mode, the block treats each frame independently. The
traceback path starts at the state with the best metric and always ends in
the all-zeros state. This mode is appropriate when the corresponding
Convolutional Encoder block has its Reset parameter set to On each frame.

= In Terminated mode, the block treats each frame independently, and the
traceback path always starts and ends in the all-zeros state. This mode is
appropriate when the uncoded message signal (that is, the input to the
corresponding Convolutional Encoder block) has enough zeros at the end of
each frame to fill all memory registers of the encoder. If the encoder has k
input streams and constraint length vector constr (using the polynomial
description), then “enough” means k*max(constr-1).

In the special case when the frame-based input signal contains only one
symbol, the Continuous mode is most appropriate.

Traceback Depth and Decoding Delay

The Traceback depth parameter, D, influences the decoding delay. The
decoding delay is the number of zero symbols that precede the first decoded
symbol in the output.

= |f the input signal is sample-based, then the decoding delay consists of D zero
symbols

= |f the input signal is frame-based and the Operation mode parameter is set
to Continuous, then the decoding delay consists of D zero symbols

= If the Operation mode parameter is set to Truncated or Terminated, then
there is no output delay and the Traceback depth parameter must be less
than or equal to the number of symbols in each frame.

If the code rate is 1/2, then a typical Traceback depth value is about five times
the constraint length of the code.

Reset Port

The reset port is usable only when the Operation mode parameter is set to
Continuous. Checking the Reset input check box causes the block to have an
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Dialog Box

4-422

additional input port, labeled Rst. When the Rst input is nonzero, the decoder
returns to its initial state by configuring its internal memory as follows:

= Sets the all-zeros state metric to zero

= Sets all other state metrics to the maximum value

= Sets the traceback memory to zero

Using a reset port on this block is analogous to setting the Reset parameter in
the Convolutional Encoder block to On nonzero Rst input.

1bi Decoder

—iterbi Decoder [mazk)]

Uszes the Yiterbi algorithm to decode convolutionally encoded input data.
Uze the poly2trellis function to create a trellis using the constraint length,
code generator [octal] and feedback connection [octal).

.-
F

Trellis structure:

Decision type: | Unguantized j
e G saft decisimn bits:

J4

Traceback depth:

Ja4

Operation mode: ICDntinuous j

I Reset input

QK I Cancel | Help | Lol |

Trellis structure

MATLAB structure that contains the trellis description of the
convolutional encoder. Use the same value here and in the corresponding
Convolutional Encoder block.

Decision type
Unquantized, Hard Decision, or Soft Decision.

Number of soft decision bits
The number of soft decision bits used to represent each input. This field is
active only when Decision type is set to Soft Decision.

Traceback depth
The number of trellis branches used to construct each traceback path.
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See Also

References

Operation mode

Method for transitioning between successive input frames. For
frame-based input, the choices are Continuous, Terminated, and
Truncated. Sample-based input must use the Continuous mode.

Reset input

When you check this box, the decoder has a second input port labeled Rst.
Providing a nonzero input value to this port causes the internal memory to
be set to its initial state prior to processing the input data.

Convolutional Encoder, APP Decoder
[1] Clark, George C. Jr. and J. Bibb Cain. Error-Correction Coding for Digital

Communications. New York: Plenum Press, 1981.

[2] Gitlin, Richard D., Jeremiah F. Hayes, and Stephen B. Weinstein. Data
Communications Principles. New York: Plenum, 1992.

[3] Heller, Jerrold A. and Irwin Mark Jacobs. “Viterbi Decoding for Satellite
and Space Communication.” IEEE Transactions on Communication
Technology, vol. COM-19, October 1971. 835-848.
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Voltage-Controlled Oscillator

Purpose
Library

Description

WCO

Dialog Box

4-424

Implement a voltage-controlled oscillator
Comm Sources

The Voltage-Controlled Oscillator (VCO) block generates a signal whose
frequency shift from the Oscillation frequency parameter is proportional to
the input signal. The input signal is interpreted as a voltage. If the input signal
is u(t), then the output signal is

y(t) = A cos(2mf t+ ZHKCJBU(T)dT +¢)

where A_ is the Output amplitude parameter, f; is the Oscillation frequency
parameter, K is the Input sensitivity parameter, and ¢ is the Initial phase
parameter.

This block uses a continuous-time integrator to interpret the equation above.

The input and output signals are both sample-based scalars.

‘oltage-Controlled Dscillator

—Woltage-Controlled O zcillator [mazk)]

Generate a continuous-time output signal whosze frequency changes in
responze to the amplitude variations of the input signal. The input signal
must be a sample-bazed scalar.

=
F

Output amplitude:

Ozcillation frequency [Hz]:
Jio

Input sensitivity:

|1

Initial phaze [rad]:

Jo

QK I Cancel | Help Lol

Output amplitude
The amplitude of the output.

Oscillation frequency (Hz)
The frequency of the oscillator output when the input signal is zero.
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Input sensitivity
This value scales the input voltage and, consequently, the shift from the

Oscillation frequency value. The units of Input sensitivity are Hertz per
volt.

Initial phase (rad)
The initial phase of the oscillator in radians.

See Also Discrete-Time VCO
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Windowed Integrator

Purpose
Library

Description

Wrind owed
Integratar

Dialog Box
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Integrate over a time window of fixed length
Integrators, in Basic Comm Functions

The Windowed Integrator block integrates the input signal in discrete time,
over a sliding time window of fixed length. If the Integration window length
parameter is T, then the output at time t is the result of integrating the input
signal from t-T to t. The block assumes that the input signal is zero for all
negative t.

You can choose one of three integration methods: Forward Euler, Backward
Euler, and Trapezoidal.

The input can be either a scalar, a sample-based vector, or a frame-based row
vector. The block processes each vector element independently. If the input
signal is a vector, then the output is a vector of the same length. This length
appears as the Input vector size parameter.

Block Paramet ndowed |ntegrator

—Windowed Integrator [mask]

Integrate the input signal in discrete time from time T to twhere T iz the
Integration window length. Thiz block assumes that the signal is zera for
all negative times.

The input can be either a scalar, a sample-based vector, or a
frame-bazed row vector, This block processes each vector element
independently.

P.
Input vector size:
Integration window length [z]:
|2

Method: IFDrward Euler j

Sample time:

|1
QK I Cancel Help Lol

Input vector size
The length of the input vector.

Integration window length (s)
The length of the interval of integration, in seconds.



Windowed Integrator

Examples

See Also

Method
The integration method. Choices are Forward Euler, Backward Euler,
and Trapezoidal.

Sample time
The integration sample time. This must not exceed the Integration
window length parameter.

Integrate a scalar constant signal whose value is 1 using these parameters:

= Input vector size =5

=« Integration window length = 4
= Method = Forward Euler

< Sample time = .5

You can use a Simulink Constant block for the input signal. The Simulink
Scope block shows the output below.

4|Scope O] %]

o 2|0tz - | &

Notice that the output from time 0 to time 4 is a discrete approximation of a
ramp. During this period, the interval of integration increases with time. Also
notice that the output after time 4 is a constant value of 4. This is the result of
integrating the value 1 over the full integration window length of 4 seconds.

Discrete Modulo Integrator, Integrate and Dump, Discrete-Time Integrator
(Simulink)
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