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Input, Output, and Display

Learn how to input, output and display data and signals with Communications
System Toolbox™.

e “Signal Terminology” on page 1-2

e “Export Data to MATLAB” on page 1-3

® “Sources and Sinks” on page 1-8

® “Support SDR Hardware” on page 1-27

* “Transmit and Receive Signals Over the Air with Software Defined Radios”
on page 1-28
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Signal Terminology

This section defines important Communications System Toolbox terms related
to matrices, vectors, and scalars, as well as frame-based and sample-based
processing.

Matrices, Vectors, and Scalars

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 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 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 — this is sometimes called an unoriented vector.

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

In this section...

“Use a Signal To Workspace Block” on page 1-3
“Configure the Signal To Workspace Block” on page 1-4
“View Error Rate Data in Workspace” on page 1-4
“Send Signal and Error Data to Workspace” on page 1-5
“View Signal and Error Data in Workspace” on page 1-6

“Analyze Signal and Error Data” on page 1-7

Use a Signal To Workspace Block

This section explains how to send data from a Simulink® model to the
MATLAB® workspace so you can analyze the results of simulations in greater
detail.

You can use a Signal To Workspace block, from the Sinks library of the DSP
System Toolbox™ product to send data to the MATLAB workspace as a
vector. For example, you can send the error rate data from the Hamming code
model, described in the section “Reduce the Error Rate Using a Hamming
Code” on page 3-90. To insert a Signal to Workspace block into the model,
follow these steps:

1 Type doc_hamming at the MATLAB Help browser to open the model.

2 Drag a Signal To Workspace block, from the Sinks library in the DSP
System Toolbox product, into the model window and connect it as shown in
the following figure.
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Hamming Code Model with a Signal To Workspace Block

Configure the Signal To Workspace Block

To configure the Signal to Workspace block, follow these steps:

1 Double-click the block to display its dialog box.
2 Type hammcode BER in the Variable name field.

3 Type 1 in the Limit data points to last field. This limits the output vector
to the values at the final time step of the simulation.

4 Click OK.

When you run a simulation, the model sends the output of the Error Rate
Calculation block to the workspace as a vector of size 3, called hamming_ BER.
The entries of this vector are the same as those shown by the Error Rate
Display block.

View Error Rate Data in Workspace

After running a simulation, you can view the output of the Signal to
Workspace block by typing the following commands at the MATLAB prompt:

format short e
hammcode_BER

The vector output is the following:

hammcode_BER =
5.4066e-003 1.0000e+002 1.8496e+004
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The command format short e displays the entries of the vector in
exponential form. The entries are as follows:

e The first entry is the error rate.

® The second entry is the total number of errors.

¢ The third entry is the total number of comparisons made.

Send Signal and Error Data to Workspace

To analyze the error-correction performance of the Hamming code, send the
transmitted signal, the received signal, and the error vectors, created by the
Binary Symmetric Channel block, to the workspace. An example of this is
shown in the following figure.

Bernoulli Rx Calculstion
Binan

[T B—=-H —— B—0 Tx  Emor Rste

l
T

Error Rate Calculstion

Bernculli Binary Binary Symmetric
Hamming Encodar Channsl Hamming Decodar

Display

Generator

Send Signal and Error Data to the Workspace

1 To open the model shown in the previous figure, type doc_channel at
the MATLAB command line.

2 Double-click the Binary Symmetric Channel block to open its dialog box,
and select Output error vector. This creates an output port for the
error data.

3 Drag three Signal To Workspace blocks, from the Sinks library in the
DSP System Toolbox product, into the model window and connect them
as shown in the preceding figure.

4 Double-click the left Signal To Workspace block.

¢ Type Tx in the Variable name field in the block’s dialog box. The block
sends the transmitted signal to the workspace as an array called Tx.

1-5
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¢ In the Frames field, select Log frames separately (3-D array). This
preserves each frame as a separate column of the array Tx.

¢ (Click OK.

5 Double-click the middle Signal To Workspace block:
¢ Type errors in the Variable name field.

¢ In the Frames field, select Log frames separately (3-D array).
¢ (Click OK.

6 Double-click the right Signal To Workspace block:
¢ Type Rx in the Variable name field.

¢ In the Frames field, select Log frames separately (3-D array).
¢ (Click OK.

View Signal and Error Data in Workspace

After running a simulation, you can display individual frames of data. For
example, to display the tenth frame of Tx, at the MATLAB prompt type

This returns a column vector of length 4, corresponding to the length of a
message word. Usually, you should not type Tx by itself, because this displays
the entire transmitted signal, which is very large.

To display the corresponding frame of errors, type
errors(:,:,10)

This returns a column vector of length 7, corresponding to the length of
a codeword.

To display frames 1 through 5 of the transmitted signal, type

Tx(:,:,1:5)
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Analyze Signal and Error Data

You can use MATLAB to analyze the data from a simulation. For example, to
identify the differences between the transmitted and received signals, type

diffs = Tx~=Rx;

The vector diffs is the XOR of the vectors Tx and Rx. A 1 in diffs indicates
that Tx and Rx differ at that position.

You can determine the indices of frames corresponding to message words that
are incorrectly decoded with the following MATLAB command:

error_indices = find(diffs);

A 1 in the vector not_equal indicates that there is at least one difference
between the corresponding frame of Tx and Rx. The vector error_indices
records the indices where Tx and Rx differ. To view the first incorrectly
decoded word, type

Tx(:,:,error_indices(1))
To view the corresponding frame of errors, type
errors(:,:,error_indices(1))

Analyze this data to determine the error patterns that lead to incorrect
decoding.

1-7
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Sources and Sinks

Communications System Toolbox provides sinks and display devices that
facilitate analysis of communication system performance. You can implement
devices using either System objects, blocks, or functions.

In this section...

“Data sources” on page 1-8

“Noise Sources” on page 1-11
“Sequence Generators” on page 1-13
“Scopes” on page 1-15

“View a Sinusoid” on page 1-17

“View a Modulated Signal” on page 1-19

Data sources

You can use blocks or functions to generate random data to simulate a signal
source. In addition, you can use Simulink blocks such as the Random Number
block as a data source. You can open the Random Data Sources sublibrary
by double-clicking its icon (found in the Comm Sources library of the main
Communications System Toolbox block library).

Random Symbols

The randsrc function generates random matrices whose entries are chosen
independently from an alphabet that you specify, with a distribution that you
specify. A special case generates bipolar matrices.

For example, the command below generates a 5-by-4 matrix whose entries
are independently chosen and uniformly distributed in the set {1,3,5}. (Your
results might vary because these are random numbers.)

a randsrc(5,4,[1,3,5])
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5
3
1
1

W = = =
- W ww
W o= Ww

If you want 1 to be twice as likely to occur as either 3 or 5, use the command
below to prescribe the skewed distribution. The third input argument has two
rows, one of which indicates the possible values of b and the other indicates
the probability of each value.

b

randsrc(5,4,[1,3,5; .5,.25,.25])

W= 2 aw
— WO =W
W= = ao
—_ ) = -

Random Integers

In MATLAB, the randi function generates random integer matrices whose
entries are in a range that you specify. A special case generates random
binary matrices.

For example, the command below generates a 5-by-4 matrix containing
random integers between 2 and 10.

¢ = randi([2,10],5,4)

C:
2 4 4 6
4 5 10 5
9 7 10 8
5 5 2 3
10 3 4 10

1-9



Input, Output, and Display

1-10

If your desired range is [0,10] instead of [2,10], you can use either of the
commands below. They produce different numerical results, but use the same
distribution.

d
e

randi([0,10],5,4);
randi([0 10],5,4);

In Simulink, the Random Integer Generator and Poisson Integer 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 Integer Generator
block uses a Poisson distribution to determine its output. In particular, the
output can include any nonnegative integer.

Random Bit Error Patterns

In MATLAB, the randerr function generates matrices whose entries are
either O or 1. However, its options are different from those of randi, because
randerr is meant for testing error-control coding. For example, the command
below generates a 5-by-4 binary matrix, where each row contains exactly
one 1.

f = randerr(5,4)

o =+ OO0 o
o o= 0O0o
O o I o N G
o O O oo

You might use such a command to perturb a binary code that consists of five
four-bit codewords. Adding the random matrix f to your code matrix (modulo
2) introduces exactly one error into each codeword.

On the other hand, to perturb each codeword by introducing one error with
probability 0.4 and two errors with probability 0.6, use the command below
instead.

% Each row has one '1' with probability 0.4, otherwise two '1's
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= randerr(5,4,[1,2; 0.4,0.6])

«
|

[« e NeNe
—_— OO0 = =
N = R
oo -+ 00

Note The probability matrix that is the third argument of randerr affects
only the number of 1s in each row, not their placement.

As another application, you can generate an equiprobable binary 100-element
column vector using any of the commands below. The three commands
produce different numerical outputs, but use the same distribution. The
third input arguments vary according to each function’s particular way of
specifying its behavior.

binarymatrixi = randsrc(100,1,[0 1]); % Possible values are 0,1.
binarymatrix2 randi([O0 1],100,1); % Two possible values
binarymatrix3 randerr(100,1,[0 1;.5 .5]); % No 1s, or one 1

In Simulink, the Bernoulli Binary Generator block generates random bits and
1s suitable for representing sources. The block considers each element of

the signal to be an independent Bernoulli random variable. Also, different
elements need not be identically distributed.

Noise Sources

Blocks in the Noise Generators sublibrary of the Comm Sources library
generate random data to simulate channel noise. You can use blocks in the
Noise Generators sublibrary to generate random real numbers, depending on
what distribution you want to use. The choices are listed in the following table.
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Random Noise Generators

Blocks in the Noise Generators sublibrary of the Comm Sources library
generate random data to simulate channel noise. You can use blocks in the
Noise Generators sublibrary to generate random real numbers, depending on
what distribution you want to use. The choices are listed in the following table.

Distribution Block

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

You can open the Noise Generators sublibrary by double-clicking its icon in
the main Communications System Toolbox block library.

Gaussian Noise Generator

In MATLAB, the wgn function generates random matrices using a white
Gaussian noise distribution. You specify the power of the noise in either dBW
(decibels relative to a watt), dBm, or linear units. You can generate either
real or complex noise.

For example, the command below generates a column vector of length 50
containing real white Gaussian noise whose power is 2 dBW. The function
assumes that the load impedance is 1 ohm.

y1 = wgn(50,1,2);

To generate complex white Gaussian noise whose power is 2 watts, across a
load of 60 ohms, use either of the commands below. The ordering of the string
inputs does not matter.

wgn(50,1,2,60, 'complex', 'linear');
wgn(50,1,2,60, 'linear', 'complex');

y2
y3

To send a signal through an additive white Gaussian noise channel, use the
awgn function. See “AWGN Channel” on page 9-2 for more information.
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In Simulink, you use the Gaussian Noise Generator block to add Gaussian
noise to a communications model.

Sequence Generators

You can use blocks in the Sequence Generators sublibrary of the
Communications Sources library to generate sequences for spreading or
synchronization in a communication system. You can open the Sequence
Generators sublibrary by double-clicking its icon in the main Communications
System Toolbox block library.

Blocks in the Sequence Generators sublibrary generate

® Pseudorandom sequences
e Synchronization codes

® Orthogonal codes

Pseudorandom Sequences

The following table lists the blocks that generate pseudorandom or
pseudonoise (PN) sequences. The applications of these sequences range
from multiple-access spread spectrum communication systems to ranging,
synchronization, and data scrambling.

Sequence Block

Gold sequences Gold Sequence Generator
Kasami sequences Kasami Sequence Generator
PN sequences PN Sequence Generator

All three blocks use shift registers to generate pseudorandom sequences. The
following is a schematic diagram of a typical shift register.
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All r registers in the generator update their values at each time step according
to the value of the incoming arrow to the shift register. The adders perform
addition modulo 2. The shift register can be described by a binary polynomial
inz, gz +g 2"+ ... + g, The coefficient g, is 1 if there is a connection from
the ith shift register to the adder, and O otherwise.

The Kasami Sequence Generator block and the PN Sequence Generator block
use this polynomial description for their Generator polynomial parameter,
while the Gold Sequence Generator block uses it for the Preferred
polynomial [1] and Preferred polynomial [2] parameters.

The lower half of the preceding diagram shows how the output sequence can
be shifted by a positive integer d, by delaying the output for d units of time.
This is accomplished by a single connection along the dth arrow in the lower
half of the diagram.
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Synchronization Codes

The Barker Code Generator block generates Barker codes to perform
synchronization. Barker codes are subsets of PN sequences. They are short
codes, with a length at most 13, which are low-correlation sidelobes. A
correlation sidelobe is the correlation of a codeword with a time-shifted
version of itself.

Orthogonal Codes

Orthogonal codes are used for spreading to benefit from their perfect
correlation properties. When used in multi-user spread spectrum systems,
where the receiver is perfectly synchronized with the transmitter, the
despreading operation is ideal.

Code Block

Hadamard codes Hadamard Code Generator

OVSF codes OVSF Code Generator

Walsh codes Walsh Code Generator
Scopes

The Sinks block library contains scopes for viewing three types of signal plots:

* “Eye Diagrams” on page 1-16
® “Scatter Plots” on page 1-16

® “Signal Trajectories” on page 1-16

The following table lists the scope blocks and the plots they generate.

Block Name Plots

Discrete-Time Eye Diagram Scope Eye diagram of a discrete signal
Constellation Diagram Constellation diagram of a signal
Discrete-Time Signal Trajectory Signal trajectory of a discrete signal
Scope
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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 software product 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. As a result,
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 Discrete-Time Eye Diagram Scope block produces eye diagrams. This
block processes discrete-time signals and periodically draws a line to indicate
a decision, according to a mask parameter.

Examples appear in “View a Sinusoid” on page 1-17 and “View a Modulated
Signal” on page 1-19.

Scatter Plots

A constellation diagram of a signal plots the signal’s value at its decision
points. In the best case, the decision points should be at times when the eye of
the signal’s eye diagram is the most widely open.

The Constellation Diagram block produces a constellation diagram from
discrete-time signals. An example appears in “View a Sinusoid” on page 1-17.

Signal Trajectories

A signal trajectory is a continuous plot of a signal over time. A signal
trajectory differs from a scatter plot in that the latter displays points on the
signal trajectory at discrete intervals of time.

The Discrete-Time Signal Trajectory Scope block produces signal trajectories.
Unlike the Constellation Diagram block, which displays points on the
trajectory at discrete time intervals corresponding to the decision points, the
Discrete-Time Signal Trajectory Scope displays a continuous picture of the
signal’s trajectory between decision points.
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View a Sinusoid

The following model produces a constellation diagram and an eye 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
eye 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.

SH w4 | we
[
>
P
[

Sine Wave

Dis orete-Time
Scatter Plot
Scope

g =

D isorete Time
Eye Diagram
Scope

Info

To open the model, enter doc_eyediagram at the MATLAB command line. To
build the model, gather and configure these blocks:

¢ Sine Wave, in the Sources library of the DSP System Toolbox (not the Sine
Wave block in the Simulink Sources library)
= Set Frequency to .502.
= Set Output complexity to Complex.
= Set Sample time to 1/16.
¢ Constellation Diagram, in the Comm Sinks library

= On the Constellation Properties panel, set Samples per symbol
to 16.

¢ Discrete-Time Eye Diagram Scope, in the Comm Sinks library

= On the Plotting Properties panel, set Samples per symbol to 16.
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= On the Figure Properties panel, set Scope position to
figposition([42.5 55 35 35]);.

Connect the blocks as shown in the preceding figure. From the model
window’s Simulation menu, choose Model Configuration parameters. In
the Configuration Parameters dialog box, set Stop time to 250. Running
the model produces the following scatter diagram plot.

-} doc_eyediagram,/Discrete-Time Scatt: - |EI|1|
File Axes Channels ‘Window Help
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The points of the scatter plot lie on a circle of radius 1. Note that the points
fade as time passes. This is because the box next to Color fading is checked
under Rendering Properties, which causes the scope to render points more
dimly the more time that passes after they are plotted. If you clear this box,
you see a full circle of points.

The Discrete-Time Signal Trajectory Scope block displays a circular trajectory.

In the eye diagram, the upper set of traces represents the real part of the
signal and the lower set of traces represents the imaginary part of the signal.
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View a Modulated Signal

This multipart example creates an eye diagram, scatter plot, and signal
trajector plot for a modulated signal. It examines the plots one by one in

these sections:

e “Eye Diagram of a Modulated Signal” on page 1-19
e “Constellation Diagram of a Modulated Signal” on page 1-22
e “Signal Trajectory of a Modulated Signal” on page 1-24

Eye Diagram of a Modulated Signal

The following model modulates a random signal using QPSK, filters the signal
with a raised cosine filter, and creates an eye diagram from the filtered signal.
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To open the model, enter doc_signaldisplays at the MATLAB command
line. To build the model, gather and configure the following blocks:

Random Integer Generator, in the Random Data Sources sublibrary of
the Comm Sources library

= Set M-ary number to 4.
= Set Sample time to 0.01.

QPSK Modulator Baseband, in PM in the Digital Baseband sublibrary of
the Modulation library of Communications System Toolbox, with default
parameters

AWGN Channel, in the Channels library of Communications System
Toolbox, with the following changes to the default parameter settings:

= Set Mode to Signal-to-noise ratio (SNR).

= Set SNR (dB) to 15.

Raised Cosine Transmit Filter, in the Comm Filters library
= Set Filter shape to Normal.

Set Rolloff factor to 0.5.

= Set Filter span in symbols to 6.

= Set Output samples per symbol to 8.

= Set Input processing to Elements as channels (sample based).
Discrete-Time Eye Diagram Scope, in the Comm Sinks library

= Set Samples per symbol to 8.

= Set Symbols per trace to 3. This specifies the number of symbols that
are displayed in each trace of the eye diagram. A ¢race is any one of the
individual lines in the eye diagram.

= Set Traces displayed to 3.
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= Set New traces per display to 1. This specifies the number of new
traces that appear each time the diagram is refreshed. The number of
traces that remain in the diagram from one refresh to the next is Traces
displayed minus New traces per display.

= On the Rendering Properties panel, set Markers to + to indicate the
points plotted at each sample. The default value of Markers is empty,
which indicates no marker.

= On the Figure Properties panel, set Eye diagram to display to
In-phase only.

When you run the model, the Discrete-Time Eye Diagram Scope displays the
following diagram. Your exact image varies depending on when you pause or
stop the simulation.

15
1
0.5

ol

In-Phase Amplitude

0.8

0.s 1 15 2 248 3
Time (s)

Three traces are displayed. Traces 2 and 3 are faded because Color fading
under Rendering Properties is selected. This causes traces to be displayed
less brightly the older they are. In this picture, Trace 1 is the most recent
and Trace 3 is the oldest. Because New traces per display is set to 1, only
Trace 1 is appearing for the first time. Traces 2 and 3 also appear in the
previous display.

Because Symbols per trace is set to 3, each trace contains three symbols, and
because Samples per trace is set to 8, each symbol contains eight samples.
Note that trace 1 contains 24 points, which is the product of Symbols per
trace and Samples per symbol. However, traces 2 and 3 contain 25 points
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each. The last point in trace 2, at the right border of the scope, represents
the same sample as the first point in trace 1, at the left border of the scope.
Similarly, the last point in trace 3 represents the same sample as the first
point in trace 2. These duplicate points indicate where the traces would meet
if they were displayed side by side, as illustrated in the following picture.

You can view a more realistic eye diagram by changing the value of Traces
displayed to 40 and clearing the Markers field.

15

1
0.5

In-Phase Amplitude

0.8

0 0.5 1 15 2 25 3

When the Offset parameter is set to 0, the plotting starts at the center of the
first symbol, so that the open part of the eye diagram is in the middle of the
plot for most points.

Constellation Diagram of a Modulated Signal

The following model creates a scatter plot of the same signal considered in
“Eye Diagram of a Modulated Signal” on page 1-19.
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To build the model, follow the instructions in “Eye Diagram of a Modulated
Signal” on page 1-19 but replace the Discrete-Time Eye Diagram block with

the following block:

¢ (Constellation Diagram, in the Comms Sinks library
= Set Samples per symbol to 2.

= Set Offset to 0. This specifies the number of samples to skip before
plotting the first point.

= Set Symbols to display to 40.

When you run the simulation, the Constellation Diagram block displays the
following plot.

CQuadrature Amplitude
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The plot displays 30 points. Because Color fading under Rendering
Properties is selected, points are displayed less brightly the older they are.

Signal Trajectory of a Modulated Signal

The following model creates a signal trajectory plot of the same signal
considered in “Eye Diagram of a Modulated Signal” on page 1-19.

T awon * AN
Random > QPSK » AWGHN > >
Integer Mormal
Random Integer QPSK AWGN Raked Cosine

D isorete Time Signal Trajectory Scope
Generator Modulator Channel Transmit Fitter

Baseband

To build the model, follow the instructions in “Eye Diagram of a Modulated
Signal” on page 1-19 but replace the Discrete-Time Eye Diagram block with
the following block:

¢ Discrete-Time Signal Trajectory Scope, in the Comms Sinks library
= Set Samples per symbol to 8.

= Set Symbols displayed to 40. This specifies the number of symbols
displayed in the signal trajectory. The total number of points displayed
is the product of Samples per symbol and Symbols displayed.

Set New symbols per display to 10. This specifies the number of new
symbols that appear each time the diagram is refreshed. The number
of symbols that remain in the diagram from one refresh to the next is
Symbols displayed minus New symbols per display.

When you run the model, the Discrete-Time Signal Trajectory Scope displays
a trajectory like the one below.
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The plot displays 40 symbols. Because Color fading under Rendering
Properties is selected, symbols are displayed less brightly the older they are.

See “Constellation Diagram of a Modulated Signal” on page 1-22 to compare
the preceding signal trajectory to the scatter plot of the same signal. The
Discrete-Time Signal Trajectory Scope block connects the points displayed by
the Constellation Diagram block to display the signal trajectory.

If you increase Symbols displayed to 100, the model produces a signal
trajectory like the one below. The total number of points displayed at any
instant 1s 800, which is the product of the parameters Samples per symbol
and Symbols displayed.
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Support SDR Hardware

Communications System Toolbox software can read a signal from external
hardware devices using the Communications System Toolbox support
packages for software-defined radio (SDR). You can design, prototype and test
SDR applications in MATLAB and Simulink with live radio signals. Use the
supported hardware as a radio peripheral with the supplied bitstream and
also run your own design in the FPGA with the automated targeting workflow
using HDL Coder™.

The support packages for SDR support both fixed bitstream and custom
bitstream (user-provided logic) workflows (SDR Targeting).

For more about software-defined radio with MATLAB and Simulink, visit
Software-Defined Radio (SDR) on the MathWorks® web site.

For a list of support packages for use with Communications System Toolbox,
visit the Hardware Support Catalog for Communications System Toolbox.
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Transmit and Receive Signals Over the Air with Software
Defined Radios

Communications System Toolbox software can read a signal from external
hardware devices using the Communications System Toolbox support
packages for software-defined radio (SDR). You can design, prototype and test
SDR applications in MATLAB and Simulink with live radio signals. Use the
supported hardware as a radio peripheral with the supplied bitstream and
also run your own design in the FPGA with the automated targeting workflow
using HDL Coder.

The support packages for SDR support both fixed bitstream and custom
bitstream (user-provided logic) workflows (SDR Targeting).

For more about software-defined radio with MATLAB and Simulink, visit
Software-Defined Radio (SDR) on the MathWorks web site.

For a list of support packages for use with Communications System Toolbox,
visit the Hardware Support Catalog for Communications System Toolbox.
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Data and Signal
Management

® “Matrices, Vectors, and Scalars” on page 2-2

e “Sample-Based and Frame-Based Processing” on page 2-4
e “Floating-Point and Fixed-Point Data Types” on page 2-5
® “Delays” on page 2-6
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Matrices, Vectors, and Scalars

Simulink supports matrix signals, one-dimensional arrays, sample-based
processing, and frame-based processing. This section describes how
Communications System Toolbox processes certain kinds of matrices and
signals.

This documentation 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 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 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 — this is sometimes called an unoriented vector.

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

Processing Rules

The following rules indicate how the blocks in the Communications System
Toolbox process scalar, vector, and matrix signals.

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

® For vector input signals:

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

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

= 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 successive samples from a single
time series.

e Most blocks do not process matrix signals that have more than one row
and more than one column. For blocks that do, a signal in the shape of
an N-by-M matrix represents a series of N successive samples from M
channels. An Input processing parameter on the block determines
whether each element or column of the input signal is a channel.

* Some blocks, such as the digital baseband modulation blocks, can produce
multiple output values for each value of a scalar input signal. A Rate
options parameter on the block determines if the additional samples are
output by increasing the rate of the output signal or by increasing the size
of the output signal.

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

To learn which blocks processes scalar signals, vector signals, or matrices,
refer to each block’s individual Help page.
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Sample-Based and Frame-Based Processing

In frame-based processing, blocks process data one frame at a time. Each
frame of data contains sequential samples from an independent channel.
For more information, see “Sample- and Frame-Based Concepts” in the DSP
System Toolbox documentation.

In sample-based processing, blocks process signals one sample at a time.
Each element of the input signal represents one sample of a distinct channel.
For more information, see “What Is Sample-Based Processing?” in the DSP
System Toolbox documentation.
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Floating-Point and Fixed-Point Data Types

The inputs and outputs of the communications blocks support various data
types. For some blocks, changing to single outputs can lead to different
results when compared with double outputs for the same set of parameters.
Some blocks may naturally output different data types than what they receive
(e.g. digital modulators) a signal. Refer to the individual block reference
pages for details.

For more information, see “Floating-Point Numbers” in the Fixed-Point
Designer™ documentation and “Fixed-Point Signal Processing” in the DSP
System Toolbox documentation.

Access the Block Support Table

The Communications System Toolbox Block Support Table is available
through the Simulink model Help menu. The table provides information
about data type support and code generation coverage for all Communications
System Toolbox blocks. To access the table, select Help > Simulink > Block
Data Types & Code Generation Support > Communications System
Toolbox.

You can also access the Communications System Toolbox Data Type Support
Table by typing showcommblockdatatypetable at the MATLAB command
line.
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Delays

In this section...

“Section Overview” on page 2-6

“Sources of Delays” on page 2-7

“ADSL Example Model” on page 2-7

“Punctured Coding Model” on page 2-10

“Use the Find Delay and Align Signals Blocks” on page 2-13

Section Overview

Some models require you to know how long it takes for data in one portion of a
model to influence a signal in another portion of a model. For example, when
configuring an error rate calculator, you must indicate the delay between

the transmitter and the receiver. If you miscalculate the delay, the error
rate calculator processes mismatched pairs of data and consequently returns
a meaningless result.

This section illustrates the computation of delays in multirate models and

in models where the total delay in a sequence of blocks comprises multiple
delays from individual blocks. This section also indicates how to use the Find
Delay and Align Signals blocks to help deal with delays in a model.

Other References for Delays

Other parts of this documentation set also discuss delays. For information
about dealing with delays or about delays in specific types of blocks, see

® “Group Delay” on page 3-244
¢ Find Delay block reference page

Align Signals block reference page

Viterbi Decoder block reference page

Derepeat block reference page

For discussions of delays in simpler examples than the ones in this section, see
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e Example: A Rate 2/3 Feedforward Encoder..
e Example: Soft-Decision Decoding. (See Delay in Received Data.)

¢ Example: Delays from Demodulation.

Sources of Delays

While some blocks can determine their current output value using only the
current input value, other blocks need input values from multiple time steps
to compute the current output value. In the latter situation, the block incurs
a delay. An example of this case is when the Derepeat block must average five
samples from a scalar signal. The block must delay computing the average
until it has received all five samples.

In general, delays in your model might come from various sources:

¢ Digital demodulators

¢ Convolutional interleavers or deinterleavers

¢ Equalizers

e Viterbi Decoder block

¢ Buffering, downsampling, derepeating, and similar signal operations
e Explicit delay blocks, such as Delay and Variable Integer Delay

¢ Filters

The following discussions include some of these sources of delay.

ADSL Example Model

This section examines the 256 Channel asymmetric digital subscriber line
(ADSL) example model and aims to compute the correct Receive delay
parameter value in one of the Error Rate Calculation blocks in the model. The
model includes delays from convolutional interleaving and an explicit delay
block. To open the ADSL example model, enter commadsl in the MATLAB
Command Window.

In the ADSL example, data follows one of two parallel paths, one with a
nonzero delay and the other with a delay of zero. One path includes a
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convolutional interleaver and deinterleaver, while the other does not. Near
the end of each path is an Error Rate Calculation block, whose Receive
delay parameter must reflect the delay of the given path. The rest of the
discussion makes an observation about frame periods in the model and then
considers the path for interleaved data.

Frame Periods in the Model

Before searching for individual delays, first observe that most signal lines
throughout the model share the same frame period. To see this, select
Display > Sample Time. This option colors blocks and signals according to
their frame periods (or sample periods, in the case of sample-based signals).
All signal lines at the top level of the model are the same color, which means
that they share the same frame period. As a consequence, frames are a
convenient unit for measuring delays in the blocks that process these signals.
In the computation of the cumulative delay along a path, the weighted average
(of numbers of frames, weighted by each frame’s period) reduces to a sum.

Path for Interleaved Data

In the transmitter portion of the model, the interleaved path is the lower
branch, shown in yellow below. Similarly, the interleaved path in the receiver
portion of the model is the lower branch. Near the end of the interleaved
path is an Error Rate Calculation block that computes the value labeled
Interleaved BER.
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The following table summarizes the delays in the path for noninterleaved
data. Subsequent paragraphs explain the delays in more detail and explain
why the total delay relative to the Error Rate Calculation block is one frame,
or 776 samples.
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Block Delay, in Delay, in Delay, in Input
Output Frames Samples to
Samples from Error Rate
Individual Calculation
Block Block

Convolutional 40 1 (combined) 776 (combined)

Interleaver and

Convolutional

Deinterleaver

pair

Delay 800

Total N/A 1 776

Interleaving. Unlike the noninterleaved path, the interleaved path contains
a Convolutional Interleaver block in the transmitter and a Convolutional
Deinterleaver block in the receiver. The delay of the interleaver/deinterleaver
pair is the product of the Rows of shift registers parameter, the Register
length step parameter, and one less than the Rows of shift registers
parameter. In this case, the delay of the interleaver/deinterleaver pair turns
out to be 5*2%¥4 = 40 samples.

Delay Block. The receiver portion of the interleaved path also contains

a Delay block. This block explicitly causes a delay of 800 samples

having the same sample time as the 40 samples of delay from the
interleaver/deinterleaver pair. Therefore, the total delay from interleaving,
deinterleaving, and the explicit delay is 840 samples. These 840 samples
make up one frame of data leaving the Delay block.

Summing the Delays. No other blocks in the interleaved path of the example
cause any delays. Adding the delays from the interleaver/deinterleaver pair
and the Delay block indicates that the total delay in the interleaved path

is one frame.
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Total Delay Relative to Error Rate Calculation Block. The Error Rate
Calculation block that computes the value labeled Interleaved BER requires
a Receive delay parameter value that is equivalent to one frame. The
Receive delay parameter is measured in samples and each input frame to
the Error Rate Calculation block contains 776 samples. Also, the frame rate
at the outports of all delay-causing blocks in the interleaved path equals the
frame rate at the input of the Error Rate Calculation block. Therefore, the
correct value for the Receive delay parameter is 776 samples.

Punctured Coding Model

This section discusses a punctured coding model that includes delays from
decoding, downsampling, and filtering. Two Error Rate Calculation blocks

in the model work correctly if and only if their Receive delay parameters
accurately reflect the delays in the model. To open the model, enter doc_punct
in the MATLAB Command Window.

[Punctured Coding Model )

nrmmr i) Convolut [4x1] 1241
Convelutional ! » QFSK =

Binary [36] Encoder [#el] (2]

Bernoulli Random Rate 3/4 punctured code QPSK Raised Cosine
Binary Gener ator Medulstor Trans mit Fitter
Beseband
[<x1]
0.0007289 0.01208
i Tx ﬁErmr Rate 2 52 e Tx FErmr Rate |3 1127 ——
Rx Calculation Rx Calculation = ———— AWGHN

[21] 6.5059e+04) et §.6912+04] ~

Outer Error Rate Inner Emror Rate

Display Dis play1 ﬁ[arj

Unipolarto [t AL 1 __‘/\’_ Rsised Cosine
i Ql Feceive Fitter
Bipolar il QPSK Square root
Lo
Converter “[ T

[2d]

Unipolar to QPSK N
Demodulator [2x1]

1 Scatter Flot

Soft Decision
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Frame Periods in the Model

Before searching for individual delays, select Display>Sample Time>All.
Only the rightmost portion of the model differs in color from the rest of the
model. This means that all signals and blocks in the model except those in
the rightmost edge share the same frame period. Consequently, frames at
this predominant frame rate are a convenient unit for measuring delays in
the blocks that process these signals. In the computation of the cumulative
delay along a path, the weighted average (of numbers of frames, weighted by
each frame’s period) reduces to a sum.

The yellow blocks represent multirate systems, while the AWGN Channel
block runs at a higher frame rate than all the other blocks in the model.

Inner Error Rate Block

The block labeled Inner Error Rate, located near the center of the model, is a
copy of the Error Rate Calculation block from the Sinks library. It computes
the bit error rate for the portion of the model that excludes the punctured
convolutional code. In the portion of the model between this block’s two
input signals, delays come from the Tx Filter and the Rx Filter. This section
explains why the Inner Error Rate block’s Receive delay parameter is the
total delay value of 16.

Tx Filter Block. The block labeled Tx Filter is a copy of the Raised Cosine
Transmit Filter block. It interpolates the input signal by a factor of 8 and
applies a square-root raised cosine filter. The value of the block’s Filter span
in symbols parameter is 6, which means its group delay is 3 symbols. Since
this block’s sample rate increases from input port to output port, it must
output an initial frame of zeros at the beginning of the simulation. Since

its input frame size is 2, the block’s total delay is 2 + 3 = 5 symbols. This
corresponds to 5 samples at the block’s input port.

Rx Filter Block. The block labeled Rx Filter is a copy of the Raised Cosine
Receive Filter block. It decimates its input signal by a factor of 8 and applies
another square-root raised cosine filter. The value of this block’s Filter span
in symbols parameter is 6, which means its group delay is 3 symbols. At the
block’s output, the 3 symbols correspond to 3 samples.
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QPSK Demodulator Block. The block labeled QPSK Demodulator
Baseband receives complex QPSK signals and outputs 2 bits for each complex
input. This conversion to output bits doubles the cumulative delay at the
input of the block.

Summing the Delays. No other blocks in the portion of the model between
the Inner Error Rate block’s two input signals cause any delays. The total
delay is then (2 + 3 + 3) * 2 = 16 samples. This value can be used as the
Receive Delay parameter in the Inner Error Rate block.

Outer Error Rate Block

The block labeled Outer Error Rate, located at the left of the model, is a copy
of the Error Rate Calculation block from the Sinks library. It computes the bit
error rate for the entire model, including the punctured convolutional code.
Delays come from the Tx Filter, Rx Filter, and Viterbi Decoder blocks. This
section explains why the Outer Error Rate block’s Receive delay parameter
is the total delay value of 108.

Filter and Downsample Blocks. The Tx Filter, Rx Filter, and Downsample
blocks have a combined delay of 16 samples. For details, see “Inner Error
Rate Block” on page 2-11.

Viterbi Decoder Block. Because the Viterbi Decoder block decodes a rate
3/4 punctured code, it actually reduces the delay seen at its input. This
reduction is given as 16 * 3/4 = 12 samples.

The Viterbi Decoder block decodes the convolutional code, and the algorithm’s
use of a traceback path causes a delay. The block processes a frame-based
signal and has Operation mode set to Continuous. Therefore, the delay,
measured in output samples, is equal to the Traceback depth parameter
value of 96. (The delay amount is stated on the reference page for the Viterbi
Decoder block.) Because the output of the Viterbi Decoder block is precisely
one of the inputs to the Outer Error Rate block, it is easier to consider the
delay to be 96 samples rather than to convert it to an equivalent number of
frames.

Total Delay Relative to Outer Error Rate Block. The Outer Error Rate
block requires a Receive delay parameter value that is the sum of all delays
in the system. This total delay is 12 + 96 = 108 samples.
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Use the Find Delay and Align Signals Blocks

The preceding discussions explained why certain Error Rate Calculation
blocks in the models had specific Receive delay parameter values. You could
have arrived at those numbers independently by using the Find Delay block,
or you could have avoided needing to know those numbers by using the Align
Signals block. This section explains both techniques using the ADSL example
model, commadsl, as an example. Applying the techniques to the punctured
convolutional coding example, discussed in “Punctured Coding Model” on
page 2-10, would be similar.

Using the Find Delay Block to Determine the Correct Receive
Delay

Recall from “Path for Interleaved Data” on page 2-8 that the delay in the path
for interleaved data is 776 samples. To have the Find Delay block compute
that value for you, use this procedure:

1 Insert a Find Delay block and a Display block in the model near the Error
Rate Calculation block that computes the value labeled Interleaved BER.

2 Connect the blocks as shown below.

_ 0000637
[Tw_Int_Bits] T Error Rate
anIcuIatinn . 217

[ 5407 evi05
[Fx_lnt_Bits] R 3 307 e+ 05

sRef [
Find TG
delay e
z0el Delay

Find Crelay

3 Set the Find Delay block’s Correlation window length parameter to a
value substantially larger than 776, such as 2000.

2-13



2 Data and Signal Management

2-14

Note You must use a sufficiently large correlation window length or else
the values produced by the Find Delay block do not stabilize at a correct

value.

4 Run the simulation.

The new Display block now shows the value 776, as expected.

Using the Align Signals Block Before Computing the Error Rate

To use the Error Rate Calculation block to compute the value labeled
Interleaved BER without having to set the Receive delay parameter to a
nonzero value, you can use the Align Signals block to automatically align the
transmitted and received signals before the Error Rate Calculation block
performs its computations. Use this procedure:

1 Insert an Align Signals block and a Display block in the model near the
Error Rate Calculation block that computes the value labeled Interleaved

BER.

2 Connect the blocks as shown below.

> 0.003243
51 T Error Rate
anIcuIatinn » 1472

[Tw_Int_Bitz] = 11 i
Align

_ Signals 32 =R g 5de+005
[Fe_Int_Bitz] = 5 delay
2lign Signals Lr 776

3 Set the Align Signals block’s Correlation window length parameter to a
value substantially larger than 776, such as 2000.
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Note You must use a sufficiently large correlation window length or else
the Align Signals block cannot find the correct amount by which to delay
one of the signals. If the delay output from the Align Signals block does
not stabilize at a constant value, the correlation window length is probably
too small.

4 Set the Error Rate Calculation block’s Receive delay parameter to 0.
You might also want to set the block’s Computation delay parameter to
a nonzero value to account for the possibility that the Align Signals block
takes a nonzero amount of time to stabilize on the correct amount by which
to delay one of the signals.

5 Run the simulation.

The new Display block now shows the value 776. Also, the Align Signals block
delays one signal relative to the other so that the signals are aligned. The
Error Rate Calculation block therefore processes two signals that are properly
aligned with each other and does not need to use a nonzero Receive delay
parameter to attempt any further alignment.

Examining the delay output signal from the Align Signals block, using the
Display block as in the figure above, is important because if the delay output
signal does not stabilize at a constant value, the signals are not truly aligned
and the error rate is not reliable. In this case, the Align Signals block’s
Correlation window length parameter is probably too small.

Manipulate Delays

* “Delays and Alignment Problems” on page 2-16

* “Aligning Words of a Block Code” on page 2-19

® “Aligning Words for Interleaving” on page 2-22

* “Aligning Words of a Concatenated Code” on page 2-25

® “Aligning Words for Nonlinear Digital Demodulation” on page 2-28
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Delays and Alignment Problems. Some models require you not only

to compute delays but to manipulate them. For example, if a model

incurs a delay between a block encoder and its corresponding decoder, the
decoder might misinterpret the boundaries between the codewords that it
receives and, consequently, return meaningless results. More generally,
such a situation can arise when the path between paired components of a
block-oriented operation (such as interleaving, block coding, or bit-to-integer
conversions) includes a delay-causing operation (such as those listed in
“Sources of Delays” on page 2-7).

To avoid this problem, you can insert an additional delay of an appropriate
amount between the encoder and decoder. If the model also computes an error
rate, then the additional delay affects that process, as described in “Delays”
on page 2-6. This section uses examples to illustrate the purpose, methods,
and implications of manipulating delays in a variety of circumstances.

This section illustrates the sensitivity of block-oriented operations to delays,
using a small model that aims to capture the essence of the problem in a
simple form. Open the model by entering doc_alignment in the MATLAB
Command Window. Then run the simulation so that the Display blocks show
relevant values.

- —» e
[Delays and Alignment Problems|
Signal To
Workspace
= E | Tx Emor Rate
Bernoulli - -1 L 0 E = L R Cslculstion [—™
Binary " |Hamming Enceder o z z " [Hamming Decoder
Error Rate Calculation
Eernoulii R andom Hasmming Encoder Inherent Delay  Added Delay Hamming Decoder Evor Rate Deplay
Binary Generator
h h 4 —» 4
Signal To
Workspace1
Word Delayed Word
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In this model, two coding blocks create and decode a block code. Two copies
of the Delay block create a delay between the encoder and decoder. The two
Delay blocks have different purposes in this illustrative model:

® The Inherent Delay block represents any delay-causing blocks that might
occur in a model between the encoder and decoder. See “Sources of Delays”
on page 2-7 for a list of possibilities that might occur in a more realistic
model.

® The Added Delay block is an explicit delay that you insert to produce
an appropriate amount of total delay between the encoder and decoder.
For example, the commadsl model contains a Delay block that serves this
purpose.

Observing the Problem

By default, the Delay parameters in the Inherent Delay and Added Delay
blocks are set to 1 and 0, respectively. This represents the situation in which
some operation causes a one-bit delay between the encoder and decoder, but
you have not yet tried to compensate for it. The total delay between the
encoder and decoder is one bit. You can see from the blocks labeled Word and
Delayed Word that the codeword that leaves the encoder is shifted downward
by one bit by the time it enters the decoder. The decoder receives a signal in
which the boundary of the codeword is at the second bit in the frame, instead
of coinciding with the beginning of the frame. That is, the codewords and the
frames that hold them are not aligned with each other.

This nonalignment is problematic because the Hamming Decoder block
assumes that each frame begins a new codeword. As a result, it tries to decode
a word that consists of the last bit of one output frame from the encoder
followed by the first six bits of the next output frame from the encoder. You
can see from the Error Rate Display block that the error rate from this
decoding operation is close to 1/2. That is, the decoder rarely recovers the
original message correctly.

To use an analogy, suppose someone corrupts a paragraph of prose by moving
each period symbol from the end of the sentence to the end of the first word
of the next sentence. If you try to read such a paragraph while assuming
that a new sentence begins after a period, you misunderstand the start and
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end of each sentence. As a result, you might fail to understand the meaning
of the paragraph.

To see how delays of different amounts affect the decoder’s performance,
vary the values of the Delay parameter in the Added Delay block and the
Receive delay parameter in the Error Rate Calculation block and then run
the simulation again. Many combinations of parameter values produce error
rates that are close to 1/2. Furthermore, if you examine the transmitted and
received data by entering

[tx rx]

in the MATLAB Command Window, you might not detect any correlation
between the transmitted and received data.

Correcting the Delays

Some combinations of parameter values produce error rates of zero because
the delays are appropriate for the system. For example:

In the Added Delay block, set Delay to 6.

In the Error Rate Calculation block, set Receive delay to 4.

Run the simulation.

Enter [tx rx] in the MATLAB Command Window.

The top number in the Error Rate Display block shows that the error rate is
zero. The decoder recovered each transmitted message correctly. However,
the Word and Displayed Word blocks do not show matching values. It is
not immediately clear how the encoder’s output and the decoder’s input

are related to each other. To clarify the matter, examine the output in the
MATLAB Command Window. The sequence along the first column (tx)
appears in the second column (rx) four rows later. To confirm this, enter

isequal(tx(1:end-4),rx(5:end))

in the MATLAB Command Window and observe that the result is 1 (true).
This last command tests whether the first column matches a shifted version of
the second column. Shifting the MATLAB vector rx by four rows corresponds
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to the Error Rate Calculation block’s behavior when its Receive delay
parameter is set to 4.

To summarize, these special values of the Delay and Receive delay
parameters work for these reasons:

¢ Combined, the Inherent Delay and Added Delay blocks delay the encoded
signal by a full codeword rather than by a partial codeword. Thus the
decoder is correct in its assumption that a codeword boundary falls at the
beginning of an input frame and decodes the words correctly. However, the
delay in the encoded signal causes each recovered message to appear one
word later, that 1s, four bits later.

e The Error Rate Calculation block compensates for the one-word delay in
the system by comparing each word of the transmitted signal with the data
four bits later in the received signal. In this way, it correctly concludes
that the decoder’s error rate is zero.

Note These are not the only parameter values that produce error rates of
zero. Because the code in this model is a (7, 4) block code and the inherent
delay value is 1, you can set the Delay and Receive delay parameters to
7k-1 and 4k, respectively, for any positive integer k. It is important that
the sum of the inherent delay (1) and the added delay (7k-1) is a multiple
of the codeword length (7).

Aligning Words of a Block Code. The ADSL example, discussed in
“ADSL Example Model” on page 2-7, illustrates the need to manipulate the
delay in a model so that each frame of data that enters a block decoder has a
codeword boundary at the beginning of the frame. The need arises because
the path between a block encoder and block decoder includes a delay-causing
convolutional interleaving operation. This section explains why the model
uses a Delay block to manipulate the delay between the convolutional
deinterleaver and the block decoder, and why the Delay block is configured
as it 1s. To open the ADSL example model, enter commadsl in the MATLAB
Command Window.
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Misalignment of Codewords

In the ADSL example, the Convolutional Interleaver and Convolutional
Deinterleaver blocks appear after the Scrambler & FEC subsystems but
before the Descrambler & FEC subsystems. These two subsystems contain
blocks that perform Reed-Solomon coding, and the coding blocks expect each
frame of input data to start on a new word rather than in the middle of a word.

As discussed in “Path for Interleaved Data” on page 2-8, the delay of the
interleaver/deinterleaver pair is 40 samples. However, the input to the
Descrambler & FEC subsystem is a frame of size 840, and 40 is not a multiple
of 840. Consequently, the signal that exits the Convolutional Deinterleaver
block is a frame whose first entry does not represent the beginning of a

new codeword. As described in Observing the Problem on page 17, this
misalignment, between codewords and the frames that contain them, pre