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Block Reference

Communications Sources (p. 1-2)

Communications Sinks (p. 1-3)

Source Coding (p. 1-3)

Error Detection and Correction
(p. 1-4)

Interleaving (p. 1-6)

MIMO (p. 1-8)

Modulation (p. 1-8)

Communications Filters (p. 1-12)
Channels (p. 1-12)
RF Impairments (p. 1-13)

Synchronization (p. 1-13)

Equalizers (p. 1-15)
Sequence Operations (p. 1-16)

Utility Blocks (p. 1-17)

Sources of random and nonrandom
data

Error statistics and plotting

Quantization, companding, and
differential coding

Block, convolutional, and CRC
coding

Block and convolutional interleaving

Multiple Input Multiple Output
blocks

Digital baseband and analog
passband modulation

Filtering and pulse shaping
Modeling channel impairments

Modeling impairments caused by the
radio frequency components

Phase recovery methods and
phase-locked loops

Adaptive and MLSE equalizers

Scrambling, puncturing, and other
operations on sequences

Miscellaneous relevant blocks



1 Block Reference

Communications Sources
These are the sublibraries of Communications Sources:

Random Data Sources (p. 1-2)
Noise Generators (p. 1-2)

Sequence Generators (p. 1-2)

Random Data Sources

Bernoulli Binary Generator Generate Bernoulli-distributed
random binary numbers

Poisson Integer Generator Generate Poisson-distributed
random integers

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

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

Rayleigh Noise Generator Generate Rayleigh distributed noise
Rician Noise Generator Generate Rician distributed noise
Uniform Noise Generator Generate uniformly distributed noise

between upper and lower bounds

Sequence Generators

Barker Code Generator Generate Barker Code
Gold Sequence Generator Generate Gold sequence from set of
sequences



Communications Sinks

Hadamard Code Generator

Kasami Sequence Generator

OVSF Code Generator

PN Sequence Generator

Walsh Code Generator

Communications Sinks

Discrete-Time Eye Diagram Scope

Discrete-Time Scatter Plot Scope

Discrete-Time Signal Trajectory
Scope

Error Rate Calculation

Source Coding

A-Law Compressor

A-Law Expander

Generate Hadamard code from
orthogonal set of codes

Generate Kasami sequence from set
of Kasami sequences

Generate orthogonal variable
spreading factor (OVSF) code from
set of orthogonal codes

Generate pseudonoise sequence

Generate Walsh code from
orthogonal set of codes

Display multiple traces of modulated
signal

Display in-phase and quadrature
components of modulated signal
constellation

Plot modulated signal’s in-phase
component versus its quadrature
component

Compute bit error rate or symbol
error rate of input data

Implement A-law compressor for
source coding

Implement A-law expander for
source coding
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1-4

Differential Decoder

Differential Encoder

Mu-Law Compressor

Mu-Law Expander

Quantizing Decoder

Quantizing Encoder

Error Detection and Correction

Decode binary signal using
differential coding

Encode binary signal using
differential coding

Implement p-law compressor for
source coding

Implement p-law expander for
source coding

Decode quantization index according
to codebook

Quantize signal using partition and
codebook

These are the sublibraries of Error Detection and Correction:

Block Coding (p. 1-4)

Convolutional Coding (p. 1-5)
Cyclic Redundancy Check Coding

(p. 1-6)

Block Coding
BCH Decoder

BCH Encoder

Binary Cyclic Decoder

Decode BCH code to recover binary
vector data

Create BCH code from binary vector
data

Decode systematic cyclic code to
recover binary vector data



Error Detection and Correction

Binary Cyclic Encoder Create systematic cyclic code from
binary vector data

Binary Linear Decoder Decode linear block code to recover
binary vector data

Binary Linear Encoder Create linear block code from binary
vector data

Binary-Input RS Encoder Create Reed-Solomon code from
binary vector data

Binary-Output RS Decoder Decode Reed-Solomon code to recover
binary vector data

Hamming Decoder Decode Hamming code to recover
binary vector data

Hamming Encoder Create Hamming code from binary
vector data

Integer-Input RS Encoder Create Reed-Solomon code from
integer vector data

Integer-Output RS Decoder Decode Reed-Solomon code to recover
integer vector data

LDPC Decoder Decode binary low-density

parity-check code specified by
parity-check matrix

LDPC Encoder Encode binary low-density
parity-check code specified by
parity-check matrix

Convolutional Coding
APP Decoder Decode convolutional code using a
posteriori probability (APP) method

Convolutional Encoder Create convolutional code from
binary data

Viterbi Decoder Decode convolutionally encoded data
using Viterbi algorithm
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Cyclic Redundancy Check Coding

CRC-N Generator Generate CRC bits according to CRC
method and append to input data
frames

CRC-N Syndrome Detector Detect errors in input data frames
according to selected CRC method

General CRC Generator Generate CRC bits according to

generator polynomial and append to
input data frames

General CRC Syndrome Detector Detect errors in input data frames
according to generator polynomial

Interleaving

These are the sublibraries of Interleaving:

Block Interleaving (p. 1-6)

Convolutional Interleaving (p. 1-7)

Block Interleaving

Algebraic Deinterleaver Restore ordering of input symbols
using algebraically derived
permutation

Algebraic Interleaver Reorder input symbols using
algebraically derived permutation
table

General Block Deinterleaver Restore ordering of symbols in input
vector

General Block Interleaver Reorder symbols in input vector



Interleaving

Matrix Deinterleaver

Matrix Helical Scan Deinterleaver
Matrix Helical Scan Interleaver

Matrix Interleaver

Random Deinterleaver

Random Interleaver

Convolutional Interleaving

Convolutional Deinterleaver
Convolutional Interleaver

General Multiplexed Deinterleaver
General Multiplexed Interleaver
Helical Deinterleaver

Helical Interleaver

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

Restore ordering of input symbols by
filling matrix along diagonals

Permute input symbols by selecting
matrix elements along diagonals

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

Restore ordering of input symbols
using random permutation

Reorder input symbols using random
permutation

Restore ordering of symbols that
were permuted using shift registers

Permute input symbols using set of
shift registers

Restore ordering of symbols using
specified-delay shift registers

Permute input symbols using set of
shift registers with specified delays

Restore ordering of symbols
permuted by helical interleaver

Permute input symbols using helical
array

1-7
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MIMO

Modulation

1-8

OSTBC Combiner Combine inputs for received signals
and channel estimate according to
orthogonal space-time block code
(OSTBC)

OSTBC Encoder Encode input message using
orthogonal space-time block code
(OSTBC)

These are the sublibraries of Modulation:

Digital Baseband AM Sublibrary
(p. 1-8)

Digital Baseband PM Sublibrary
(p. 1-9)

Digital Baseband FM Sublibrary
(p. 1-10)

Digital Baseband CPM Sublibrary
(p. 1-10)

Digital Baseband TCM Sublibrary
(p. 1-11)

Analog Passband Modulation
(p. 1-11)

Digital Baseband AM Sublibrary
General QAM Demodulator Demodulate QAM-modulated data
Baseband

General QAM Modulator Baseband  Modulate using quadrature
amplitude modulation



Modulation

M-PAM Demodulator Baseband
M-PAM Modulator Baseband

Rectangular QAM Demodulator
Baseband

Rectangular QAM Modulator
Baseband

Demodulate PAM-modulated data

Modulate using M-ary pulse
amplitude modulation

Demodulate
rectangular-QAM-modulated data

Modulate using rectangular
quadrature amplitude modulation

Digital Baseband PM Sublibrary

BPSK Demodulator Baseband
BPSK Modulator Baseband

DBPSK Demodulator Baseband
DBPSK Modulator Baseband

DQPSK Demodulator Baseband

DQPSK Modulator Baseband

M-DPSK Demodulator Baseband

M-DPSK Modulator Baseband

M-PSK Demodulator Baseband
M-PSK Modulator Baseband

0QPSK Demodulator Baseband

OQPSK Modulator Baseband

Demodulate BPSK-modulated data

Modulate using binary phase shift

keying method

Demodulate DBPSK-modulated data

Modulate using differential binary

phase shift keying method

Demodulate DQPSK-modulated
data

Modulate using differential
quaternary phase shift keying
method

Demodulate DPSK-modulated data

Modulate using M-ary differential

phase shift keying method
Demodulate PSK-modulated data

Modulate using M-ary phase shift
keying method

Demodulate OQPSK-modulated
data

Modulate using offset quadrature
phase shift keying method
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QPSK Demodulator Baseband Demodulate QPSK-modulated data

QPSK Modulator Baseband Modulate using quaternary phase
shift keying method

Digital Baseband FM Sublibrary

M-FSK Demodulator Baseband Demodulate FSK-modulated data

M-FSK Modulator Baseband Modulate using M-ary frequency
shift keying method

Digital Baseband CPM Sublibrary

CPFSK Demodulator Baseband Demodulate CPFSK-modulated data

CPFSK Modulator Baseband Modulate using continuous phase
frequency shift keying method

CPM Demodulator Baseband Demodulate CPM-modulated data

CPM Modulator Baseband Modulate using continuous phase
modulation

GMSK Demodulator Baseband Demodulate GMSK-modulated data

GMSK Modulator Baseband Modulate using Gaussian minimum
shift keying method

MSK Demodulator Baseband Demodulate MSK-modulated data

MSK Modulator Baseband Modulate using minimum shift

keying method



Modulation

Digital Baseband TCM Sublibrary

General TCM Decoder Decode trellis-coded modulation
data, mapped using arbitrary
constellation

General TCM Encoder Convolutionally encode binary
data and map using arbitrary
constellation

M-PSK TCM Decoder Decode trellis-coded modulation
data, modulated using PSK method

M-PSK TCM Encoder Convolutionally encode binary data
and modulate using PSK method

Rectangular QAM TCM Decoder Decode trellis-coded modulation

data, modulated using QAM method

Rectangular QAM TCM Encoder Convolutionally encode binary data
and modulate using QAM method

Andlog Passband Modulation

DSB AM Demodulator Passband Demodulate DSB-AM-modulated
data
DSB AM Modulator Passband Modulate using double-sideband

amplitude modulation

DSBSC AM Demodulator Passband Demodulate DSBSC-AM-modulated
data

DSBSC AM Modulator Passband Modulate using double-sideband
suppressed-carrier amplitude

modulation
FM Demodulator Passband Demodulate FM-modulated data
FM Modulator Passband Modulate using frequency
modulation
PM Demodulator Passband Demodulate PM-modulated data
PM Modulator Passband Modulate using phase modulation
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SSB AM Demodulator Passband

SSB AM Modulator Passband

Communications Filters

Gaussian Filter

Ideal Rectangular Pulse Filter
Integrate and Dump

Raised Cosine Receive Filter

Raised Cosine Transmit Filter

Windowed Integrator

Channels

AWGN Channel

Binary Symmetric Channel

Demodulate SSB-AM-modulated
data

Modulate using single-sideband
amplitude modulation

Filter input signal, possibly
downsampling, using Gaussian FIR
filter

Shape input signal using ideal
rectangular pulses

Integrate discrete-time signal,
resetting to zero periodically

Filter input signal, possibly
downsampling, using raised cosine
FIR filter

Upsample and filter input signal
using raised cosine FIR filter

Integrate over time window of fixed
length

Add white Gaussian noise to input
signal

Introduce binary errors



RF Impairments

Multipath Rayleigh Fading Channel Simulate multipath Rayleigh fading
propagation channel

Multipath Rician Fading Channel Simulate multipath Rician fading
propagation channel

RF Impairments

Free Space Path Loss Reduce amplitude of input signal by
amount specified

1/Q Imbalance Create complex baseband model
of signal impairments caused by
imbalances between in-phase and
quadrature receiver components

Memoryless Nonlinearity Apply memoryless nonlinearity to
complex baseband signal

Phase Noise Apply receiver phase noise to
complex baseband signal

Phase/Frequency Offset Apply phase and frequency offsets to
complex baseband signal

Receiver Thermal Noise Apply receiver thermal noise to
complex baseband signal

Synchronization

These are the sublibraries of Synchronization:

Carrier Phase Recovery (p. 1-14)
Timing Phase Recovery (p. 1-14)

Synchronization Components
(p. 1-14)

1-13
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Carrier Phase Recovery

CPM Phase Recovery

M-PSK Phase Recovery

Timing Phase Recovery

Early-Late Gate Timing Recovery
Gardner Timing Recovery
MSK-Type Signal Timing Recovery
Mueller-Muller Timing Recovery

Squaring Timing Recovery

Recover carrier phase using
2P-Power method

Recover carrier phase using M-Power
method

Recover symbol timing phase using
early-late gate method

Recover symbol timing phase using
Gardner’s method

Recover symbol timing phase using
fourth-order nonlinearity method

Recover symbol timing phase using
Mueller-Muller method

Recover symbol timing phase using
squaring method

Synchronization Components

Baseband PLL

Charge Pump PLL

Continuous-Time VCO

Discrete-Time VCO

Implement baseband phase-locked
loop

Implement charge pump
phase-locked loop using digital
phase detector

Implement voltage-controlled
oscillator

Implement voltage-controlled
oscillator in discrete time



Equalizers

Equalizers

Linearized Baseband PLL

Phase-Locked Loop

CMA Equalizer

LMS Decision Feedback Equalizer

LMS Linear Equalizer

MLSE Equalizer

Normalized LMS Decision Feedback
Equalizer

Normalized LMS Linear Equalizer

RLS Decision Feedback Equalizer

RLS Linear Equalizer

Sign LMS Decision Feedback
Equalizer

Implement linearized version of
baseband phase-locked loop

Implement phase-locked loop to
recover phase of input signal

Equalize using constant modulus
algorithm

Equalize using decision feedback
equalizer that updates weights with
LMS algorithm

Equalize using linear equalizer
that updates weights with LMS
algorithm

Equalize using Viterbi algorithm

Equalize using decision feedback
equalizer that updates weights with
normalized LMS algorithm

Equalize using linear equalizer that
updates weights with normalized
LMS algorithm

Equalize using decision feedback
equalizer that updates weights with
RLS algorithm

Equalize using linear equalizer
that updates weights using RLS
algorithm

Equalize using decision feedback
equalizer that updates weights with
signed LMS algorithm

1-15
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Sign LMS Linear Equalizer

Variable Step LMS Decision
Feedback Equalizer

Variable Step LMS Linear Equalizer

Sequence Operations

1-16

Deinterlacer

Derepeat

Descrambler

Insert Zero

Interlacer

Puncture

Scrambler

Equalize using linear equalizer that
updates weights with signed LMS
algorithm

Equalize using decision feedback
equalizer that updates weights with
variable-step-size LMS algorithm

Equalize using linear equalizer
that updates weights with
variable-step-size LMS algorithm

Distribute elements of input vector
alternately between two output
vectors

Reduce sampling rate by averaging
consecutive samples

Descramble input signal

Distribute input elements in output
vector

Alternately select elements from
two input vectors to generate output
vector

Output elements which correspond
to 1s in binary Puncture vector

Scramble input signal



Utility Blocks

Utility Blocks

Align Signals

Bipolar to Unipolar Converter
Bit to Integer Converter
Complex Phase Difference
Complex Phase Shift

Data Mapper

Find Delay

Integer to Bit Converter

Unipolar to Bipolar Converter

Align two signals by finding delay
between them

Map bipolar signal into unipolar
signal in range [0, M-1]

Map vector of bits to corresponding
vector of integers

Output phase difference between
two complex input signals

Shift phase of complex input signal
by second input value

Map integer symbols from one coding
scheme to another

Find delay between two signals

Map vector of integers to vector of
bits

Map unipolar signal in range [0, M-1]
into bipolar signal

1-17
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A-Law Compressor

Purpose
Library

Description

A-Law
Comprassar

Dialog
Box

2-2

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| 1%
_ for 0 <|x| < —
B 1+10gAsgn(x) or |x| A
V(1+log(Alx|/V
( + Og( |x| ))sgn(x) for K<|x|SV
l+logA A

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® software).

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 Compressor 2=l

—&-Law Compressor [mazk]

Compress the input signal using A-law compression.

The input can have any shape or frame status. This block processes each vector
element independently.

=)
F

A value:

Peak signal magnitude:
1

Ok Lancel Help Apply

A value

The A-law parameter of the compressor.



A-Law Compressor

Pair Block
See Also

References

Peak signal magnitude
The peak value of the input signal. This is also the peak value of
the output signal.

A-Law Expander

Mu-Law Compressor

[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

2-4

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) for 0 < |y| <
A 7 1+logA
* 1% v

The input can have any shape or frame status. This block processes
each vector element independently.

=)Block Parameters: A-Law Expander 2xl

—&-Law Expander [mazk]

Expand the signal using inverse A-law compression.

The input can have any shape or frame status. This block processes each vectar
element independently.

Peak signal magnitude:
1

Ok Lancel | Help | Apply

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.



A-Law Expander

Match these parameters to the ones in the corresponding A-Law
Compressor block.

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

2-6

Purpose

Library

Description

Algebraic
Deinterleaver

Restore ordering of 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 block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

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.



Algebraic Deinterleaver

Dialog
Box

ElBlock Parameters: Algebraic Deinterleaver 2=l

—algebraic Deint [mazk]

Deinterleave the elements of the input vector uzing an algebraically derived
permutation table.

For the Takeshita-Costello type interleaver, the Number of elements M must be a
power of 2, the Multiplicative factor must be an odd integer less than M, and the
Cyclic zhift must be a nonnegative integer less than M.

For the Welch-Costas type interleaver, the Mumber of elements N must be specified
zuch that M+1 iz prime and the Primitive element must be a primitive element from
GF[M+1].

In each case, the Mumber of elements must match the input signal width.

) |
F

Type:

Mumber of elements:
|256

Multiplicative factor:
iE

Cyclic shift:

Jo

Ok Lancel Help Apply

Type
The type of permutation table that the block uses for
deinterleaving. Choices are Takeshita-Costello and
Welch-Costas.

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.
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Algebraic Deinterleaver

2-8

Pair Block
See Also

References

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
Interleawer

Reorder 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 block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

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:

e [f 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(A¥,N+1) - 1.

e [f 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

2-9



Algebraic Interleaver

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.)

.
Dla Iog E! Block Parameters: Algebraic Interleaver ﬂﬂ
—algebraic Interl [mazk]
Box

Interleave the elements of the input vectar using an algebraically derived permutation
table.

For the Takeshita-Costello type interleaver, the Mumber of elements N must be a
power of 2, the Multiplicative factor must be an odd integer less than M, and the
Cyclic zhift must be a nonnegative integer less than M.

For the Welch-Costas type interleaver, the Mumber of elements M must be specified
such that M+1 iz prime and the Primitive element must be a primitive element from
GF[M+1].

In each case, the Mumber of elements must match the input signal width.

=
F

Type:

Mumber of elements:
|256

Multiplicative factor:
iE

Cyclic shift:

jo

Ok Lancel Help Apply

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.
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Pair Block
See Also

References

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 Deinterleaver

General Block Interleaver

[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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Align Signals

Purpose Align two signals by finding delay between them
Library Utility Blocks
Description The Align Signals block aligns a signal with a delayed, and possibly
distorted, version of itself. The block is particularly useful when you
S algn dz want to compare a transmitted and received signal to find the bit error
2 Sanalg rate, but do not know the delay in the received signal.
Align Signals

The input port labeled s1 receives the original signal, while the input
port labeled s2 receives the delayed version of the signal. The two input
signals must have the same sample times. The block calculates the
delay between the two signal, and then

¢ Delays the first signal, s1, by the calculated value, and outputs it
through the port labeled s1 del.

® Qutputs the second signal s2 without change through the port
labeled s2.

® Qutputs the delay value through the port labeled delay.

See “Computing Delays” in the Communications Blockset™ online
documentation for more information about signal delays.

The block’s Correlation window length parameter specifies

how many samples of the signals the block uses to calculate the
cross-correlation. The delay output is a nonnegative integer less than
the Correlation window length.

As the Correlation window length is increased, the reliability of
the computed delay also increases. However, the processing time to
compute the delay increases as well.

You can make the Align Signals block stop updating the delay after it
computes the same delay value for a specified number of samples. To
do so, select the Disable recurring updates check box, and enter a
positive integer in the Number of constant delay outputs to disable
updates field. For example, if you set Number of constant delay
outputs to disable updates to 20, the block will stop recalculating
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and updating the delay after it calculates the same value 20 times in
succession. Disabling recurring updates causes the simulation to run
faster after the target number of constant delays occurs.

Tips for Using the Block Effectively

¢ Set the Correlation window length parameter sufficiently large so
that the computed delay eventually stabilizes at a constant value. If
the computed delay is not constant, you should increase Correlation
window length. If the increased value of Correlation window
length exceeds the duration of the simulation, then you should also
increase the duration of the simulation accordingly.

e If the cross-correlation between the two signals is broad, then
Correlation window length should be much larger than the
expected delay, or else the algorithm might stabilize at an incorrect
value. For example, a CPM signal has a broad autocorrelation, so
it has a broad cross-correlation with a delayed version of itself. In
this case, the Correlation window length value should be much
larger than the expected delay.

e If the block calculates a delay that is greater than 75 percent of
Correlation window length, the signal s1 is probably delayed
relative to the signal s2. In this case, you should switch the signal
lines leading into the two input ports.

¢ If you use the Align Signals block with the Error Rate Calculation
block, you should set the Receive delay parameter of the Error Rate
Calculation block to 0 because the Align Signals block compensates
for the delay. Also, you might want to set the Error Rate Calculation
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.

Examples See the“Computing Delays” section of Communications Blockset User’s
Guide for an example that uses the Align Signals block in conjunction
with the Error Rate Calculation block.
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See Setting the Correlation Window Length, on the reference page for
the Find Delay block, for an example that illustrates how to set the
correlation window length properly.

.
DIG IOg E! Function Block Parameters: Align Signals ll
Box —&lign Signals [mask)

Align bwo gignals £1 and £2 by finding the delay between them uzing cross-cormelation
techniques, then by delaying =1 by the computed delay. The input signal 2 should be
delayed relative to the input =1, or else the computed delay will be incarect, and the
zignalz will not be properly aligned.

=

Corelation window length [zamples]:

I~ Dizable recuring updates

Cancel | Help | Apply

Correlation window length
The number of samples the block uses to calculate the
cross-correlations of the two signals.

Disable recurring updates
Selecting this option causes the block to stop computing the delay
after it computes the same delay value for a specified number
of samples.

Number of constant delay outputs to disable updates
A positive integer specifying how many times the block must
compute the same delay before ceasing to update. This field
appears only if Disable recurring updates is selected.

Algorithm The Align Signals block finds the delay by calculating the
cross-correlations of the first signal with time-shifted versions of the
second signal, and then finding the index at which the cross-correlation
is maximized.

See Also Find Delay, Error Rate Calculation
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APP Decoder

Purpose

Library

Description

Liu)

8]

APP Decoder

L{u)

L

Decode convolutional code using a posteriori probability (APP) method
Convolutional sublibrary of Channel Coding

The APP Decoder block performs a posteriori probability (APP) decoding
of a convolutional code.

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,

this block’s L(c) vectors have length Q*n for some positive integer Q.
Similarly, if the decoded data uses an alphabet of 2* 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), you can attach a

Simulink Ground block to the input L(u) and a Simulink Terminator
block to the output L(c).

This block accepts single and double data types. Both inputs,
however, must be of the same type. The output data type is the same as
the input data type.

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 “Trellis Description
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2-16

of a Convolutional Encoder” in the Communications Toolbox™
documentation. You can use this parameter field in two ways:

¢ If you have a variable in the MATLAB workspace that contains the
trellis structure, 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 described next.

e If you want to specify the encoder using its constraint length,
generator polynomials, and possibly feedback connection polynomials,
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. 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 Operation mode parameter set to Truncated (reset
every frame), use the Truncated option in this block. If you use the
Convolutional Encoder block with the Operation mode parameter set
to Terminate trellis by appending tail bits, use the Terminated
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
decoding as per equations 20-23 in section V of [1]. To gain speed, both
the Max* and Max options approximate expressions like



APP Decoder
|

log Z exp(a;)
i

by other quantities. The Max option uses max(a;) as the approximation,
while the Max* option uses max(a;) plus a correction term given by

In(1 +exp(—|a;_1 —a;])) [3].

The Max* option enables the Scaling bits parameter in the dialog box.

This parameter is the number of bits by which the block scales the data
it processes internally (multiplies the input by (2"numScalingBits) and
divides the pre-output by the same factor). Use this parameter to avoid
losing precision during the computations.

L]
DIG Iog E! Function Block Parameters: APP Decoder =
Box —APP Decoder (mask) {link]

A posteriori probability (APP) decoder. Use the poly2ireliis function to create a
trellis using the constraint length, code generator {octal), and feedback connection
{octal).

—Parameters

Trellis structure:

oly2trelis(7, [171 133], 171)

Termination method: ITruncated LI

Algorithm: IMax" LI

Mumber of scaling bits:

OK. I Cancel Help Apply

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.

2-17



APP Decoder

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

References [1] 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 TDA Progress Report, Vol. 42-127,
November 1996.

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

[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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AWGN Channel

Purpose
Library

Description

AUGN

Add white Gaussian noise to 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 Signal Processing Blockset™ Random Source block
to generate the noise. Random numbers are generated using the
Ziggurat method, which is the same method used by the MATLAB
randn function. 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
Signal Processing Blockset documentation set.

The signal inputs can only be of type single or double. The port data
types are inherited from the signals that drive the block.

Note All values of power assume a nominal impedance of 1 ohm.

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:

e [f your input is a sample-based scalar, then the block adds scalar
Gaussian noise to your signal.

¢ [f your input is a sample-based vector or a frame-based row vector,
then the block adds independent Gaussian noise to each channel.
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¢ If your input is a frame-based column vector, then the block adds a
frame of Gaussian noise to your single-channel signal.

e [f your 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 these modes:

® Signal to noise ratio (Eb/No), where the block calculates the
variance from these quantities that you specify in the dialog box:
= Eb/No, the ratio of bit energy to noise power spectral density
= Number of bits per symbol

= Input signal power, the actual power of the symbols at the input
of the block

= Symbol period

® Signal to noise ratio (Es/No), where the block calculates the
variance from these quantities that you specify in the dialog box:

= Es/No, the ratio of signal energy to noise power spectral density

= Input signal power, the actual power of the symbols at the input
of the block

= Symbol period

® Signal to noise ratio (SNR), where the block calculates the
variance from these quantities that you specify in the dialog box:

= SNR, the ratio of signal power to noise power

= Input signal power, the actual power of the samples at the input
of the block
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® Variance from mask, where you specify the variance in the dialog
box. 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.

Changing the symbol period in the AWGN Channel block affects the
variance of the noise added per sample, which also causes a change in
the final error rate.

SignalPower x SymbolPeriod
Es/ No

SampleTimex10 10

NoiseVariance =

A good rule of thumb for selecting the Symbol period value is to
set it to be what you model as the symbol period in the model. The
value would depend upon what constitutes a symbol and what the
oversampling applied to it is (e.g., a symbol could have 3 bits and be
oversampled by 4).

In both Variance from mask mode and Variance from port mode,

these rules describe how the block interprets the variance:

e [If the variance is a scalar, then all signal channels are uncorrelated
but share the same variance.

e [If the variance is a vector whose length i1s the number of channels in
the input signal, then each element represents the variance of the
corresponding signal channel.
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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.

Relationship Among Eb/No, Es/No, and SNR Modes

For complex input signals, the AWGN Channel block relates E,/N 0,
E/N,, and SNR according to the following equations:

E/N, = (T,/T,..) -SNR
E/N, = E,/N, + 10log,,(k) in dB

where

¢ E_ = Signal energy (Joules)

E, = Bit energy (Joules)
® N, = Noise power spectral density (Watts/Hz)

T,y 1s the Symbol period parameter of the block in Es/No mode

k is the number of information bits per input symbol

® T,y 1s the inherited sample time of the block, in seconds

For real signal inputs, the AWGN Channel block relates E/N,and SNR
according to the following equation:

E/N,=0.5 (T, _/T. ) -SNR

sym' ~ samp:

Note that the equation for the real case differs from the corresponding
equation for the complex case by a factor of 2. This is so because the
block uses a noise power spectral density of N,/2 Watts/Hz for real input
signals, versus N, Watts/Hz for complex signals.



AWGN Channel

For more information about these quantities, see “Describing the
Noise Level of an AWGN Channel” in the Communications Toolbox
documentation.

Tunable Block Parameters

The following table indicates which parameters are tunable, for
different block modes.

Mode Tunable Parameters

Eb/No Eb/No, Input signal power
Es/No Es/No, Input signal power
SNR SNR, Input signal power
Variance from mask Variance

You can tune parameters in normal mode, Accelerator mode and the
Rapid Accelerator mode.

If you use the Real-Time Workshop® rapid simulation (RSIM) target
to build an RSIM executable, then you can tune the parameters listed
in the previous table without recompiling the model. This is useful
for Monte Carlo simulations in which you run the simulation multiple
times (perhaps on multiple computers) with different amounts of noise.
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Dialog
Box

2-24

=] Function Block Parameters: AWGN Channel =

—AWGN Channel (mask) {ink]

Add white Gaussian noise to the input signal. The input and output signals 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 variance values
are equally divided among the real and imaginary components of the input signal.

—Parameters

Initial seed:

Mode: ISignaI to noise ratio {Eb/Mo) LI

Ebj/Mo (dB):
|10

Mumber of bits per symbol:
|1
Input signal power, referenced to 1 ohm (watts):
|1
Symbol period (s):

|1

OK. I Cancel Help Apply

Initial seed
The seed for the Gaussian noise generator.

Mode
The mode by which you specify the noise variance: Signal to
noise ratio (Eb/No), Signal to noise ratio (Es/No),
Signal to noise ratio (SNR), Variance from mask, or
Variance from port.

Eb/No (dB)
The ratio of bit energy per symbol to noise power spectral density,
in decibels. This field appears only if Mode is set to Eb/No.

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.
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|

SNR (dB)
The ratio of signal power to noise power, in decibels. This field
appears only if Mode is set to SNR.

Number of bits per symbol
The number of bits in each input symbol. This field appears only
if Mode is set to Eb/No.

Input signal power, referenced to 1 ohm (watts)
The mean square power of the input symbols (if Mode is Eb/No
or Es/No) or input samples (if Mode is SNR), in watts. This field
appears only if Mode is set to Eb/No, Es/No, or SNR.

Symbol period (s)
The duration of a channel symbol, in seconds. This field appears
only if Mode is set to Eb/No or Es/No.

Variance
The variance of the white Gaussian noise. This field appears only
if Mode is set to Variance from mask.

Examples Many demonstration models and documentation examples use this
block, including:
¢ Gray Coded 8-PSK demo, commgraycode (EbNo mode)
® Phase Noise Effects in 256-QAM demo, commphasenoise (EsNo mode)
¢ “Building a Frequency-Shift Keying Model” (EsNo mode)
¢ “Example: Using Raised Cosine Filters” (SNR mode)

¢ Discrete Multitone Signaling Demo, commdmt (Variance from mask

mode)
See Also Random Source (Signal Processing Blockset documentation)
Reference [1] Proakis, John G., Digital Communications, 4th Ed., McGraw-Hill,
2001.
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Barker Code Generator

Purpose
Library

Description

Barter Code
Generator

2-26

Generate Barker Code
Sequence Generators sublibrary of Comm Sources

Barker codes, which are subsets of PN sequences, are commonly used
for frame synchronization in digital communication systems. Barker
codes have length at most 13 and have low correlation sidelobes. A
correlation sidelobe is the correlation of a codeword with a time-shifted
version of itself. The correlation sidelobe, C,, for a k-symbol shift of an
N-bit code sequence, {Xj}, is given by

N-k
Ck = 2 XJXj+k
Jj=1

where Xj is an individual code symbol taking values +1 or -1 for
=1, 2, 3,..., N, and the adjacent symbols are assumed to be zero.

The Barker Code Generator block provides the codes listed in the
following table:

Code
length Barker Code

1 [-1]

[-11];

[-1 -1 1]

[-1 -1 1 -1]

[-1 -1 11 -1]

N[O s W N

[-1 -1 <111 -11]

11 [-1 -1 -1 111 -111-11]

13 T N IR [ O Y




Barker Code Generator

Dialog
Box

See Also

=) source Block Parameters: Barker Cod =

—Barker Code Generator (mask) {ink]

Generate a Barker Code of the specified length.

The output code is in a bi-polar format with a {0, 1} to {1, -1}

element mapping.

—Parameters
Code length:
Sample time:

|1

™ Frame-based outputs

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “ Changing Source Block Parameters ” in the online Simulink
documentation for details.

Code length
The length of the Barker code.

Sample time
Period of each element of the output signal.

Frame-based outputs
Determines whether the block’s output is frame-based or
sample-based.

Samples per frame
The number of samples in a frame-based output signal. This field
appears if you select the Frame-based outputs check box.

Output data type
The output type of the block can be specified as an int8 or double.
By default, the block sets this to double.

PN Sequence Generator
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Purpose Implement baseband phase-locked loop
Librclry Components sublibrary of Synchronization

Description The Baseband PLL (phase-locked loop) block is a feedback control
system that automatically adjusts the phase of a locally generated
Bacebang signal to match the phase of an input signal. Unlike thePhase-Locked
PLL D Loop block, this block uses a baseband method and does not depend on

s} .
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 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 the Signal Processing Toolbox™
functions butter, cheby1, and cheby2. The default filter is a
Chebyshev type II 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
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Dialog
Box

See Also

References

This model is nonlinear; for a linearized version, use theLinearized
Baseband PLL block.

=]Block Parameters: Baseband PLL 2xl

—Baszeband PLL [mask)

Implement a bageband model of a phasze-locked loop. The three outputs are the
outputs of the lowpassz filker, the phaze detector, and the voltage controlled oscillator
[VCO). The input must be & sample-bazed scalar signal.

Lowpazs filker numeratar:
3.0002 0 40002
Lowpass filker denominator:
|[1 E7.46 2270.9 40002]
WO input sensitivity [Hz )

Jh

Ok | Lancel | Help Apply

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” in Communications
Blockset User’s Guide.
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Purpose Decode BCH code to recover binary vector data
Library Block sublibrary of Channel Coding
Description The BCH Decoder block recovers a binary message vector from a binary
BCH codeword vector. For proper decoding, the first two parameter
B——a values in this block should match the parameters in the corresponding
BEH Desoder BCH Encoder block.

This block supports punctures and erasures (“Shortening, Puncturing,
and Erasures” provides a tutorial).

Note 1s and Os have precisely opposite meanings for the puncture and
erasure vectors. For a puncture vector, a 1 means that the data symbol
is passed unaltered, and a 0 means that the data symbol is punctured
(i.e., removed) from the data stream. For an erasure vector, a 1 means
that the data symbol is to be replaced with an erasure symbol, and a 0
means that the data symbol is passed unaltered. These conventions are
carried for both the encoder and the decoder.

The input must be a frame-based column vector with an integer
multiple of (N - the number of punctures) elements. Each group of N
input elements represents one codeword to be decoded. The values of (N
+ shortening length) and (K + shortening length) must produce a valid
narrow-sense BCH code.

If the decoder is processing multiple codewords per frame, then the
same puncture pattern holds for all codewords.

For a given codeword length N, only specific message lengths K are
valid for a BCH code. For a full length BCH code, N must be of the
form 2M-1, where 3< M <16. If N is less than 2™-1, the block assumes
that the code has been shortened by length 2M-1 . N. However, if N is
greater than or equal to 21, Primitive polynomial must be specified
to appropriately set the value of M.
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No known analytic formula describes the relationship among the
codeword length, message length, and error-correction capability. For
a list of some valid values of K corresponding to values of N up to
511, see the bchenc reference page in the Communications Toolbox
documentation.

The primitive and generator polynomials may be specified in their
respective fields, which appear after selecting their corresponding check
boxes.

To have the block output error information, select Output number of
corrected errors. Selecting this option causes a second output port
to appear. 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.

In the case of a decoder failure, the message portion of the decoder input
1s returned unchanged as the decoder output.

The sample times of all input and output signals are equal.

This block supports double and boolean data types.
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L]
DIO IOg E! Function Block Parameters: BCH Decoder x|
Box — BCH Decoder [mask] [link)

Decode the message in the input vector using an [M.K] BCH decoder with the
narow-senge generator polpnomial. The input must be a frame-bazed column vectar
with an integer multiple of M elementz. Each group of M input elements reprezents
one codeword to be decoded. The values of M and K must produce a valid
hamow-senze BCH code.

If log2[M+1] does not equal M, where 3<=M<=1E, then a shortened code is assumed.
If the: Primitive polynomial is not specified, then the length by which the codeword is
shortened iz 2 ceilllog2(M+1]] - [N+1]. IFit iz specified, then the shortening length is
2"(lengthlPrimitive polynarnial]-1] - [M+1].

The optional ‘Primitive polynomial parameter is & row vector that represents the
binary coefficients of the primitive polynomial in order of descending powers. The
default vwalue iz de2bi(primpoly(4, 'nodisplay’], 'left-msb’]. comesponding ta a [15.5]
code.

The optional 'Generator polynomial parameter iz a row vectar that represents the
coefficients of the generator polynomial in order of descending powers.  The length
of the Generator polynomial must be M-K+1. The default value iz behgenpoly(15.5).

The optional 'Puncture vector' parameter is a column vector of length M-K. ‘When
puncturing a code, a """ in the Puncture vector comesponds to a bit that is not
punctured, and a 0" comesponds to a bit that is punctured.

The optional 'Erasures’ input iz a frame-based binary column vector the same size az
the codeword input. Erasure values of "1" comespond to erased bits in the same
position in the codeword, and erasure values of "0" comespond to non-erazed bits.

— P |
F

Codeword length, M:
J15

Message length, K:
|

[~ Specify primitive polynomial
™ Specify generator polynomial
[T Punctured code

™ Enable erasures input port

[~ Output number of comected errors

QK I Cancel | Help Apply

Codeword length, N
The codeword length.

Message length, K
The message length.
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Specify primitive polynomial
Selecting this check box enables the field Primitive polynomial.

Primitive polynomial
A row vector that represents the binary coefficients of the
primitive polynomial in order of descending powers.

This field defaults to de2bi(primpoly (4, 'nodisplay'),
"left-msb'), corresponding to a (15,5) code.

This field appears only when you select Specify primitive
polynomial.

Specify generator polynomial
Selecting this check box enables the field Generator polynomial.

Generator polynomial
A row vector that represents the binary coefficients of the
generator polynomial in order of descending powers.

The length of the Generator polynomial must be N-K+1.
This field defaults to bchgenpoly(15,5).

This field appears only when you select Specify generator
polynomial.

Disable generator polynomial checking
This check box appears only when you select Specify generator
polynomial.

Each time a model initializes, the block performs a polynomial
check. This check verifies that X ¥ + 1 is divisible by the
user-defined generator polynomial, where N represents the

full code word length. Selecting this check box disables the
polynomial check. For larger codes, disabling the check speeds up
the simulation process. You should always run the check at least
once before disabling this feature.
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Puncture code
Selecting this check box enables the field Puncture vector.

Puncture vector
This field is available only when Puncture code is selected.

A column vector of length N-K. A value of 1 in the Puncture
vector corresponds to a bit that is not punctured, and a 0
corresponds to a bit that is punctured.

The default value is [ones(8,1); zeros(2,1)].

Enable erasures input port
Selecting this check box will open the ports, Era and Err.

Through the Era port, you can input a frame-based binary column
vector the same size as the codeword input. The number of errors
corrected is output through the Err port.

Erasure values of 1 correspond to erased bits in the same position
in the codeword, and values of 0 correspond to nonerased bits.

Output number of corrected errors
Selecting this check box gives the block an additional output
port, which indicates the number of errors the block detected in
the input codeword.

Pair Block BCH Encoder

References [1] Wicker, Stephen B., Error Control Systems for Digital
Communication and Storage, Upper Saddle River, N.dJ., Prentice Hall,
1995.

[2] Berlekamp, Elwyn R., Algebraic Coding Theory, New York,
McGraw-Hill, 1968.

[3] Clark, George C., Jr., and J. Bibb Cain, Error-Correction Coding for
Digital Communications, New York, Plenum Press, 1981.
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See Also bchdec (in Communications Toolbox documentation)
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Purpose
Library

Description

E=::-E

BCH Encoder

Create BCH code from binary vector data
Block sublibrary of Channel Coding

This block supports punctures (“Shortening, Puncturing, and Erasures”
provides a tutorial).

The BCH Encoder block creates a BCH code with message length K and
codeword length (IV - number of punctures). You specify both N and K
directly in the dialog box.

The input must be a frame-based column vector with an integer
multiple of K elements. Each group of K input elements represents
one message word to be encoded.

If the encoder is processing multiple codewords per frame, then the
same puncture pattern holds for all codewords.

For a given codeword length N, only specific message lengths K are
valid for a BCH code. For a full length BCH code, N must be of the

form 2M-1, where 3< M <16. If N is less than 2¥-1, the block assumes
that the code has been shortened by length 2M-1 - N. However, if N is
greater than or equal to 2M1, Primitive polynomial must be specified
to appropriately set the value of M.

No known analytic formula describes the relationship among the
codeword length, message length, and error-correction capability. For
a list of some valid values of K corresponding to values of N up to
511, see the bchenc reference page in the Communications Toolbox
documentation.

This block supports double and boolean data types.

The primitive and generator polynomials may be specified in their
respective fields, which appear after selecting their corresponding check
boxes.



BCH Encoder

Dialog
Box

Note For a puncture vector, a 1 means that the data symbol is passed
unaltered, and a 0 means that the data symbol is punctured (i.e.,
removed) from the data stream. This convention is carried for both the
encoder and the decoder.

EJFunction Block Parameters: BCH Encoder x|

— BCH Encoder [mask] [link]

Encode the meszage in the input vector using an [M.K] BCH encoder with the
narow-senge generator polpnomial. The input must be a frame-bazed column vectar
with an integer multiple of K. elements. Each group of K input elements represents
one meszage word to be encoded.  The values of M and K. must produce a valid
hamow-senze BCH code.

If log2[M+1] does not equal M, where 3<=M<=1E, then a shortened code is assumed.
If the: Primitive polynomial is not specified, then the length by which the codeword is
shortened iz 2 ceilllog2(M+1]] - [N+1]. IFit iz specified, then the shortening length is
2"(lengthlPrimitive polynarnial]-1] - [M+1].

The optional ‘Primitive polynomial parameter is & row vector that represents the
binary coefficients of the primitive polynomial in order of descending powers. The
default vwalue iz de2bi(primpoly(4, 'nodisplay’], 'left-msb’]. comesponding ta a [15.5]
code.

The optional 'Generator polynomial parameter iz a row vectar that represents the
coefficients of the generator polynomial in order of descending powers. The length
of the Generator polynomial must be M-K+1. The default value iz behgenpoly(15.5).

The optional 'Puncture vector' parameter is a column vector of length M-K. ‘When
puncturing a code, a """ in the Puncture vector comesponds to a bit that is not
punctured, and a 0" comesponds to a bit that is punctured.

=) |
F

Codeword length, M:

15|

Message length, K:
|

[~ Specify primitive polynomial
™ Specify generator polynomial
[T Puncture code

QK I Cancel | Help Apply

Codeword length, N
The codeword length.
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Message length, K
The message length.

Specify primitive polynomial
Selecting this check box enables the field Primitive polynomial.

Primitive polynomial
A row vector that represents the binary coefficients of the
primitive polynomial in order of descending powers.

This field defaults to de2bi(primpoly (4, 'nodisplay'),
"left-msb'), corresponding to a (15,5) code.

This field is available only when you select Specify primitive
polynomial.

Specify generator polynomial
Selecting this check box enables the field Generator polynomial.

Generator polynomial
A row vector that represents the binary coefficients of the
generator polynomial in order of descending powers.

The length of the Generator polynomial must be N-K+1.
This field defaults to bchgenpoly(15,5).

This field appears only when you select Specify generator
polynomial.

Disable generator polynomial checking
This check box appears only when you select Specify generator
polynomial.

Each time a model initializes, the block performs a polynomial
check. This check verifies that X ¥ + 1 is divisible by the
user-defined generator polynomial, where N represents the

full code word length. Selecting this check box disables the
polynomial check. For larger codes, disabling the check speeds up
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the simulation process. You should always run the check at least
once before disabling this feature.

Puncture code
Selecting this check box enables the field Puncture vector.

Puncture vector
A column vector of length N-K. A value of 1 in the Puncture
vector corresponds to a bit that is not punctured, and a 0
corresponds to a bit that is punctured.
The field defaults to [ones(8,1); zeros(2,1)].
This field appears only when you select Puncture code.

Pair Block BCH Decoder

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

See Also bchenc (in Communications Toolbox documentation)
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Purpose
Library

Description

Bernoulli bin

Generate Bernoulli-distributed random binary numbers
Random Data Sources sublibrary of Comm Sources

The Bernoulli 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” in Communications
Blockset User’s Guide 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 Binary Generator

Dialog
Box

) source Block Parameters: Bernoulli B =

—Bernoulli Binary Generator

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

—Parameters

Probability of a zero: ID. 5

Initial seed: I 61

Sample time: I 1
™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

OK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

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.
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See Also

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.

Output data type
The output type of the block can be specified as a boolean, int8,
uint8, int16, uint16, int32, uint32, single, or double. By
default, the block sets this to double. Single outputs may lead
to different results when compared with double outputs for the
same set of parameters.

Random Integer Generator, Binary Symmetric Channel; randint (in
Communications Toolboxdocumentation), rand (built-in MATLAB
function)



Binary Cyclic Decoder

Purpose
Library

Description
B——B

Cyelic Decoder

Decode 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
correspondingBinary 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:

e To create an [N,K] code, enter N and K as the first and second
dialog 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 Communications Toolbox cyclpoly function.

This block supports double and boolean data types.
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L]
Dla Iog E1Block Parameters: Binary Cyclic Decoder 2=l
Box —Binary Cyclic Decoder [mask]
Fecover a meszage vector from a codeword vector of a binary spstematic cyclic
code. The message iz of length K. and the codeword iz of length M, where M hasz the
farm 2°M-1, for some integer M greater than or equal to 3.
The input must contain exactly M elements. If it is frame-baged, then it must be a
columh vechar.
-

Codeword length M:

[

Message length K., or generator polynamial:

J4

Apply

Ok | Lancel | Help

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.

Pair Block Binary Cyclic Encoder

See Also cyclpoly (Communications Toolbox)
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Purpose
Library

Description

E=::E

Cyclic Encoder

Create 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:

e To create an [N,K] code, enter N and K as the first and second
dialog 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 Communications Toolbox cyclpoly function.

This block supports double and boolean data types.
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21|

L]
Dla Iog EBlock Parameters: Binary Cyclic Encoder
Box —Binary Cyclic Encoder [mask)
Create a spstematic cyclic code with meszage length K. and codeword length M. The
numnber M must have the form 2°M-1, where M is an integer greater than or equal to
The input must contain exactly K elements. |F it iz frame-based, then it must be a
columh vechar.

=
F

Codeword length M:

]

Message length K. or generator polynomial:
J4

Ok | Lancel | Help Apply

Codeword length N
The codeword length, which is also the output vector length.

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 (in the Communications Toolbox documentation)

2-46



Binary-Input RS Encoder

Purpose
Library

Description

Binany Inpu[

RS Encoder

Create Reed-Solomon code from binary vector data
Block sublibrary of Channel Coding

This block supports punctures (“Shortening, Puncturing, and Erasures”
provides a tutorial).

Note For a puncture vector, a 1 means that the data symbol is passed
unaltered, and a 0 means that the data symbol is punctured (i.e.,
removed) from the data stream. This convention is carried for both the
encoder and the decoder.

The Binary-Input RS Encoder block creates a Reed-Solomon code with
message length, K, and codeword length, (N - number of punctures).
You specify both N and K directly in the dialog box. The symbols for
the code are binary sequences of length M, corresponding to elements of
the Galois field GF(2M), where the first bit in each sequence is the most
significant bit. Restrictions on M and N are given in “Restrictions on
the M and the Codeword Length N” on page 2-49 below. The difference
N-K must be an even integer.

This block can output shortened codewords when N and K are
appropriately specified. To specify output codewords that are shortened
by a length S, N and K must be specified in the dialog box as N, — S
and K, , — S, where Ny, and K; , are the N and K of an unshortened

code. If S < (Ng, +1)/2, the encoder can automatically determine

the value of Ny, and K, . However, if S>(Ng,; +1)/2, Primitive
polynomial must be specified in order to properly define the extension
field for the code.

The input and output are binary-valued signals that represent messages
and codewords, respectively. The input must be a frame-based column

vector whose length is an integer multiple of M*K. The block can accept
the data types int8, uint8, int16, uint16, int32, uint32, single, and
double. The output is a frame-based column vector whose length is the
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same integer multiple of M*(N - number of punctures), and whose data
type is inherited from the input. For more information on representing
data for Reed-Solomon codes, see the section “Integer Format
(Reed-Solomon Only)” in Communications Blockset User’s Guide.

If the encoder is processing multiple codewords per frame, then the
same puncture pattern holds for all codewords.

The default value of M is the smallest integer that is greater than or
equal to log2(N+1), that is, ceil(log2(N+1)). You can change the
value of M from the default by specifying the primitive polynomial for
GF(2M), as described in “Specifying the Primitive Polynomial” on page
2-48 below. If N is less than 2M-1, the block assumes that the code has
been shortened by length 2M-1 . N,

Each M*K input bits represent K integers between 0 and 2M-1.
Similarly, each M*(N - number of punctures) output bits represent N
integers between 0 and 2M-1. These integers in turn represent elements
of the Galois 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.

Specifying the Primitive Polynomial

You can specify the primitive polynomial that defines the finite

field GF(2M), corresponding to the integers that form messages and
codewords. To do so, first select Specify primitive polynomial. Then,
set Primitive polynomial to a binary row vector that represents a
primitive polynomial over GF(2) of degree M, in descending order of
powers. For example, to specify the polynomial x3+x+1, enter the vector
[1 01 1].

If you do not select Specify primitive polynomial, the

block uses the default primitive polynomial of degree M =
ceil(log2(N+1)). You can display the default polynomial by entering
primpoly(ceil(log2(N+1))) at the MATLAB prompt.



Binary-Input RS Encoder

Examples

Restrictions on the M and the Codeword Length N

The restrictions on the degree M of the primitive polynomial and the
codeword length N are as follows:

e If you do not select Specify primitive polynomial, N must lie in
the range 3 < N < 2161,

e If you do select Specify primitive polynomial, N must lie in the
range 3 < N < 216-1 and M must lie in the range 3 <M < 16.

Specifying the Generator Polynomial

You can specify the generator polynomial for the Reed-Solomon code.
To do so, first select Specify generator polynomial. Then, in the
Generator polynomial field, enter an integer row vector whose
entries are between 0 and 2M-1. The vector represents a polynomial,

in descending order of powers, whose coefficients are elements of
GF(2M) represented in integer format. See the section“Integer Format
(Reed-Solomon Only)” for more information about integer format. The
generator polynomial must be equal to a polynomial with a factored form

g(x) = (x+AP) (x+AP) (x+AP*2) . (x+APFNK-1)

where A is the primitive element of the Galois field over which the input
message is defined, and b is a non-negative integer.

If you do not select Specify generator polynomial, the block uses the
default generator polynomial, corresponding to b=1, for Reed-Solomon
encoding. You can display the default generator polynomial by entering
rsgenpoly(N1,K1), where N1=2"M-1 and K1=K+(N1-N), at the MATLAB
prompt, if you are using the default primitive polynomial. If the
Specify primitive polynomial box is selected, and you specify the
primitive polynomial specified as poly, the default generator polynomial
is rsgenpoly (N1,K1,poly).

Suppose M =3, N=231=7, and K =5. Then a message is a binary

vector of length 15 that represents 5 three-bit integers. A corresponding
codeword 1s a binary vector of length 21 that represents 7 three-bit
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integers. The following figure shows the codeword that would result
from a particular message word. The integer format equivalents
1llustrate that the highest order bit is at the left.

Message input: [011111001000001] [37101]

in integer format
Binary-Input RS Encoder

withN=7,K=5

Codeoutput: [0 11 1T 1100100000101 10°11] [3710133]
in integer format
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Dialog
Box

EJFunction Block Parameters: Binary-Input RS E x|

r— Binary-Input RS Encoder [mask] [link]

Encode the message in the input vectar using an [M.K] Reed-Solomon encader with
the narrow-gense generator polynomial. The input must be a frame-based column
wector with an integer multiple of K ceilllog2[M+1]] bitz. Each group of K*ceilllog2
[M+1]] input bits reprezents one meszage word to be encoded.

If log2[M+1] does not equal M, where 3<=M<=1E, then a shortened code is assumed.
If the: Primitive polynomial is not specified, then the length by which the codeword is
shortened iz 2 ceilllog2(M+1]] - [N+1]. IFit iz specified, then the shortening length is
2"(lengthlPrimitive polynarnial]-1] - [M+1].

The optional ‘Primitive polynomial parameter is & row vector that represents the
binary coefficients of the primitive polynomial in order of descending powers. ‘When
such a user-defined Primitive polynomial is provided, the number of input bits must be
an integer multiple of K times the order of the Primitive polynomial instead.

The optional 'Generator polynomial parameter iz a row vectar that represents the
coefficients of the generator polynomial in order of descending powers. Each
coefficient is an element of the Galois field defined by the primitive palpnomial.

The optional 'Puncture vector' parameter is a column vector of length M-K. ‘When
puncturing a code, a """ in the Puncture vector comesponds to a symbal that is not
punctured, and a "0" comesponds to a symbol that is punctured.

=) |
F

Codeword length M:

7

Meszage length K:
E]

[~ Specify primitive polynomial
™ Specify generator polynomial
[T Puncture code

Output data type: |Same as input LI

QK I Cancel | Help Apply

Codeword length N
The codeword length. The output has vector length NC*M*(N -
NP), where NC is the number of codewords being output, and NP
is the number of punctures per codeword.

Message length K
The message length. The input has vector length NM*M*K,
where NM is the number of messages per frame being input.
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Specify primitive polynomial
Selecting this check box enables the field Primitive polynomial.

Primitive polynomial
This field is available only when Specify primitive polynomial
is selected.

Binary row vector representing the primitive polynomial in
descending order of powers.

Specify generator polynomial
Selecting this check box enables the field Generator polynomial.

Generator polynomial
This field is available only when Specify generator polynomial
is selected.

Integer row vector, whose entries are in the range from 0 to
2M.1, representing the generator polynomial in descending order
of powers.

Puncture code
Selecting this check box enables the field Puncture vector.

Puncture vector

This field is available only when Puncture code is selected.

A column vector of length N-K. A value of 1 in the Puncture
vector corresponds to an M-bit symbol that is not punctured, and
a 0 corresponds to an M-bit symbol that is punctured.

The default value is [ones(2,1); zeros(2,1)].

Output data type
The output type of the block can be specified as Same as input,
boolean, or double. By default, the block sets this to Same as
input.

Pair Block Binary-Output RS Decoder
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See Also Integer-Input RS Encoder
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Purpose
Library

Description

E:::E

Linear Drecoder

Decode 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 2¥%-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.

This block supports double and boolean data types.



Binary Linear Decoder

L]
DIG IOg E! Block Parameters: Binary Linear Decoder 2=l
Box —Binary Linear Decoder [mask)

Fecover a binary message vector from a binary codeword vector of a linear block
code. The message iz of length K. and the codeword iz of length M, where K and M
are the number of rows and columnz of the generator matrix respectively. The
nurnber M must have the form 2°M-1, for some integer M greater than or equal to 3.

The decoder assumes that the encoder's generator matrix has the standard
systematic form [P 1], In other words, the input codewaords must contain parity-check
bitz followed by message bits.

The input must contain exactly M elements. If it i frame-based, then it must be a
column vector.

=) |
F

Generator matrix [binary K-by-M matriz]:
110:0711:711:1071] eveld]

Decoding table [0 for table coresponding to Generator matriz):

a

Ok | Lancel | Help | Apply

Generator matrix
Generator matrix for the code; same as in Binary Linear Encoder
block.

Decoding table
Either a 2¥K.by-N matrix that lists correction vectors for each
codeword’s syndrome; or the scalar 0, in which case the block
defaults to the table corresponding to the Generator matrix
parameter.

Pair Block Binary Linear Encoder
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Purpose
Library

Description

B

Linear Encoder

Dialog
Box

Pair Block

2-56

Create 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 specify. 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.

This block supports double and boolean data types.

E! Block Parameters: Binary Linear Encoder i ﬂﬂ

—Binary Linear Encoder [mask]

Create a binary linear block code with message length K. and codeword length M,
where K. and M are the number of rows and columns of the generator matrix
respectively.

To uge the Binary Linear Decoder block at the decoder side, provide a generator
matrix in the standard spstematic form [P 1].

The input must contain exactly K. elements. [f it iz frame-bazed, then it must be a
columh vechar.

=
F

Generator matrix [binary K-by-M matriz]:
110:011:111:101 4]

Ok | Lancel Help Apply

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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|

Purpose Decode Reed-Solomon code to recover binary vector data
Library Block sublibrary of Channel Coding
Description The Binary-Output RS Decoder block recovers a binary message vector

from a binary Reed-Solomon codeword vector. For proper decoding, the
Am———— parameter values in this block should match those in the corresponding
RS Decoder EN Binary-Input RS Encoder block.

This block supports punctures (“Shortening, Puncturing, and Erasures”
provides a tutorial).

Note 1s and Os have precisely opposite meanings for the puncture and
erasure vectors. For a puncture vector, a 1 means that the data symbol
is passed unaltered, and a 0 means that the data symbol is punctured
(i.e., removed) from the data stream. For an erasure vector, a 1 means
that the data symbol is to be replaced with an erasure symbol, and a 0
means that the data symbol is passed unaltered. These conventions are
carried for both the encoder and the decoder.

The Reed-Solomon code has message length, K, and codeword length,
(N - number of punctures). You specify both N and K directly in the
dialog box. The symbols for the code are binary sequences of length M,
corresponding to elements of the Galois field GF(2M), where the first bit
in each sequence is the most significant bit. Restrictions on M and N
are described in “Restrictions on the M and the Codeword Length N” on
page 2-49. The difference N-K must be an even integer.

This block can output shortened codewords when N and K are
appropriately specified. To specify output codewords that are shortened
by a length S, N and K must be specified in the dialog box as N, — S
and K, , — S, where Ny, and K; , are the N and K of an unshortened

code. If S < (Ng, +1)/2, the encoder can automatically determine
the value of Ny, and K, . However, if S>(Ng,; +1)/2, Primitive
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polynomial must be specified in order to properly define the extension
field for the code.

The input and output are binary-valued signals that represent
codewords and messages, respectively. The input must be a frame-based
column vector whose length is an integer multiple of M*(N - number

of punctures). The block can accept the data types int8, uint8,

int16, uint16, int32, uint32, single, and double. The output is a
frame-based column vector whose length is the same integer multiple
of M*K, and whose data type is inherited from the input. For more
information on representing data for Reed-Solomon codes, see “Integer

Format (Reed-Solomon Only)” in Communications Blockset User’s
Guide.

If the decoder is processing multiple codewords per frame, then the
same puncture pattern holds for all codewords.

The default value of M is ceil(1log2(N+1)), that is, the smallest integer
greater than or equal to log2(N+1). You can change the value of M
from the default by specifying the primitive polynomial for GF(2M), as
described in “Specifying the Primitive Polynomial” on page 2-48 below.
If N is less than 2M-1, the block uses a shortened Reed-Solomon code.

You can also specify the generator polynomial for the Reed-Solomon
code, as described in “Specifying the Generator Polynomial” on page
2-49.

Each M*K input bits represent K integers between 0 and 2M-1.
Similarly, each M*(N - number of punctures) output bits represent N
integers between 0 and 2M-1. These integers in turn represent elements
of the Galois field GF(2M).

The second output is a vector of the number of errors detected during
decoding of the codeword. A -1 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 data type of this output is also
inherited from the input signal.
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You can disable the second output by deselecting Output port for
number of corrected errors. This removes the block’s second output
port.
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(]
Dialog ﬂ

Box r— Binary-Output RS Decoder [maszk] [link]

Attemnpt to decode the input received zignal using an [M.K] Reed-Solomon decoder
with the narmow-senze generator polynomial. The input must be a frame-bazed
column vector with an integer multiple of M*ceilllog2(M+1]] bits. Each group of

M ceilllog2(M+1]] input bits represents one received word to be decoded.

If log2[M+1] does not equal M, where 3<=M<=1E, then a shortened code is assumed.
If the: Primitive polynomial is not specified, then the length by which the codeword is
shortened iz 2 ceilllog2(M+1]] - [N+1]. IFit iz specified, then the shortening length is
2"(lengthlPrimitive polynarnial]-1] - [M+1].

The optional ‘Primitive polynomial parameter is & row vector that represents the
binary coefficients of the primitive polynomial in order of descending powers. ‘When
such a user-defined Primitive polynomial is provided, the number of input bits must be
an integer multiple of M times the order of the Primitive polynomial instead.

The optional 'Generator polynomial parameter iz a row vectar that represents the
coefficients of the generator polynomial in order of descending powers. Each
coefficient is an element of the Galois field defined by the primitive palpnomial.

The optional 'Puncture vector' parameter is a column vector of length M-K. ‘When
puncturing a code, a 1" in the Puncture vector comesponds to a symbol that iz not
punctured, and a "0" comesponds to a symbol that is punctured.

The optional 'Erasures' input is a frame-based binary column vectar that is 1/2°M as
long as the codeword input. Erasure values of 1" corespond to erazed symbols in

the zame poszition in the bit-packed codeword, and erasure values of "0" corespond
to non-erased symbols.

The number of corected emors can be gent to a second output port by checking the
‘Dutput number of corrected enors’ check box. A decoding failure occurs when a
certain received word in the input containg more than [M-K]/2 spmbol errars. This is
indicated by a value of -1 in the coresponding position in the second output vector,

=) |
F

Codeword length M:

7

Meszage length K:
E]

[~ Specify primitive polynomial
™ Specify generator polynomial
[T Punctured code

™ Enable erasures input port

[~ Output number of comected errors

Output data type:ISame az input LI

QK I Cancel Help | Apply |
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Codeword length N
The codeword length. The input has vector length NC*M*(N -
NP), where NC is the number of codewords being output, and NP
1s the number of punctures per codeword.

Message length K
The message length. The first output has vector length NM*M*K,
where NM is the number of messages per frame being output.

Specify primitive polynomial
Selecting this check box enables the field Primitive polynomial.

Primitive polynomial
This field is available only when Specify primitive polynomial
is selected.

Binary row vector representing the primitive polynomial in
descending order of powers.

Specify generator polynomial
Selecting this check box enables the field Generator polynomial.

Generator polynomial
This field is available only when Specify generator polynomial
is selected.

Integer row vector, whose entries are in the range from 0 to
2M.1, representing the generator polynomial in descending order
of powers.

Puncture code
Selecting this check box enables the field Puncture vector.

Puncture vector
This field is available only when Puncture code is selected.

A column vector of length N-K. A value of 1 in the Puncture
vector corresponds to an M-bit symbol that is not punctured, and
a 0 corresponds to an M-bit symbol that is punctured.
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Algorithm

Pair Block

References

See Also

The default value is [ones(2,1); zeros(2,1)].

Enable erasures input port
Selecting this check box will open the port, Era.

Through the port, you can input a frame-based binary column
vector that is 1/M times as long as the codeword input.

Erasure values of 1 correspond to erased symbols in the same
position in the bit-packed codeword, and values of 0 correspond to
nonerased symbols.

Output number of corrected errors
When you select this box, the block outputs the number of
corrected errors in each word through a second output port.

Output data type
The output type of the block can be specified as Same as input,
boolean, or double. By default, the block sets this to Same as
input.

This block uses the Berlekamp-Massey decoding algorithm. For
information about this algorithm, see the references listed below.

Binary-Input RS Encoder

[1] Wicker, Stephen B., Error Control Systems for Digital
Communication and Storage, Upper Saddle River, N.J., Prentice Hall,
1995.

[2] Berlekamp, Elwyn R., Algebraic Coding Theory, New York,
McGraw-Hill, 1968.

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

Integer-Output RS Decoder



Binary Symmetric Channel

Purpose
Library

Description

BSC

En

Introduce binary errors
Channels

The Binary Symmetric Channel block introduces binary errors to the
signal transmitted through this channel.

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.

This block uses the Signal Processing Blockset Random Source block
to generate the noise. Random numbers are generated using the
Ziggurat method, which is the same method used by the MATLAB
randn function. 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
Signal Processing Blockset documentation set.

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. To suppress the second output port, clear the Output
error vector check box.
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Dialog
Box

See Also

ZIFunction Block Parameters: Binary Symmetric Cha x|

—Binary Symmetric Channel [mazk] (link]

Add binary errors ta the input signal. The error probability can be a scalar or a vector
with the zame length az the input vector length.

The optional gecond output iz the eror vector.

Error probability:
Joos

Initial seed:
7

¥ Output error vectar

Output datatype: I double LI

QK I Cancel Help | Apply |

Error probability

The probability that a binary error will occur. The value of this
parameter must be between zero and one.

Initial seed
The initial seed value for the random number generator.

Output error vector
If this box 1s checked, then the block outputs the vector of errors.

Output datatype
You can set the output data type to double or boolean.

Bernoulli Binary Generator



Bipolar to Unipolar Converter

Purpose
Library

Description

Bipolar to
Unipalar
Conwverter

Dialog
Box

Map bipolar signal into unipolar signal in range [0, M-1]
Utility Blocks

The Bipolar to Unipolar Converter block maps the bipolar input signal
to a unipolar output signal. If the input consists of integers in the set
{-M+1, -M+3, -M+5,..., M-1}, where M is the M-ary number parameter,
then the output consists of integers between 0 and M-1. This block is
only designed to work when the input value is within the set {-M+1,
-M+3, -M+5,..., M-1}, where M is the M-ary number parameter. If the
input value is outside of this set of integers the output may not be valid.

The table below shows how the block’s mapping depends on the
Polarity parameter.

Output Corresponding to
Polarity Parameter Value Input Value of k
Positive M-1+k)/2
Negative M-1-k)/2
x|

r— Bipolar to Unipolar Converter [mazk] [link]

Convert a bipolar signal into a unipolar signal in the range [0, M-1], where M iz the
-y number.

=
F

-y number:

Polarity: IPositive

El
El

Output data type: IInherit wia internal rule

QK I Cancel Help | Apply |

M-ary number
The number of symbols in the bipolar or unipolar alphabet.
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Polarity
A value of Positive causes the block to maintain the relative
ordering of symbols in the alphabets. A value of Negative
causes the block to reverse the relative ordering of symbols in
the alphabets.

Output Data Type
The type of bipolar signal produced at the block’s output.

The block supports the following output data types:

Inherit via internal rule
Same as input

double

int8

uint8

int16

uint16

int32

uint32

boolean

When the parameter is set to its default setting, Inherit via
internal rule, the block determines the output data type based
on the input data type.

If the input signal is floating-point (either single or double),

the output data type is the same as the input data type.

e If the input data type is not floating-point:

— Based on the M-ary number parameter, the output data
type is the ideal unsigned integer output word length
required to contain the range [0 M-1] and is computed as
follows:
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ideal word length = ceil(log2(M))

— The block sets the output data type to be an unsigned
integer, based on the smallest word length (in bits) that can
fit best the computed ideal word length.

Note The selections in the Hardware Implementation pane
pertaining to word length constraints do not affect how this block
determines output data types.

Examples If the input is [-3; -1; 1; 3], the M-ary number parameter is 4, and
the Polarity parameter is Positive, then the output is [0; 1; 2; 3].
Changing the Polarity parameter to Negative changes the output to
[3; 2; 1; 0].

If the value for the M-ary number is 28 the block gives an output of
uint8.

If the value for the M-ary number is 28+1 the block gives an output of
uint16.

Pair Block Unipolar to Bipolar Converter
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Purpose Map vector of bits to corresponding vector of integers
Library Utility Blocks
Description The Bit to Integer Converter block maps groups of bits in the input

vector to integers in the output vector.

E"éﬁi,';fffr For unsigned integers, if M is the Number of bits per integer, 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. For signed integers, if M is the Number of bits per integer
then the block maps each group of M bits to an integer between —2M!
and 2M-1-1,

If the input signal is a sample-based input, then it must be a vector
whose length equals the value for 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 can accept input data types double, single, boolean, int8,
uint8, int16, uint16, int32, uint32 and ufix1.

L]
Dialog x
r— Bit to Integer Converter [maszk] (link]
Box )

Map a vector of bits to a comesponding vector of integer values. The 'Mumber of bits per
integer' parameter defines how many bitz are mapped for each output.

Thiz block is gingle-rate and single-channel. The input can be either a scalar, a
sample-based vector, or a frame-based column vector. For sample-based inputs, the
input length must equal the 'Mumber of bits per integer’. For frame-bazed inputs, the input
length must be an integer multiple of the 'Mumber of bitz per integer’. The output iz
always a column vector with a length equal to Mumber of bits per integer’ times smaller
than the input signal length.

— P
F

Mumber of bits per integer:

Input bit order:IMSB firsgt LI
After bit packing, treat resulting integer values as: IUnsigned LI
Output data type: IInherit via internal rule LI

QK I Cancel | Help | Apply |
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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 32.

Input bit order
Defines whether the first bit of the input signal is the most
significant bit (MSB) or the least significant bit (LSB). The default
selection is MSB.

After bit packing, treat resulting integer value as
Indicates if the integer value input ranges should be treated as
signed or unsigned. The default setting is Unsigned.

Note This parameter setting determines which Output data
type selections are available.

Output data type
If the input values are unsigned integers, you can choose from the
following Output data type options:

® Inherit via internal rule
® Smallest integer
® Same as input

® double

® single

® int8

® uint8

® int16

® uinti6

® int32

® yint32
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If the input values are signed integers, you can choose from the
following Output data type options:

® Inherit via internal rule
® Smallest integer

® double

® single

® int8

® int16

® int32

The default selection for this parameter is Inherit via internal
rule.

When the parameter is set to Inherit via internal rule, the
block determines the output data type based on the input data

type.

e If the input signal is floating-point (either double or single),
the output data type is the same as the input data type.

¢ If the input data type is not floating-point, the output data type
1s determined as if the parameter is set to Smallest integer.

When the parameter is set to Smallest integer, the software
selects the output data type based on the settings used in

the Hardware Implementation pane of the Configuration
Parameters dialog box.

e If ASIC/FPGA 1is selected, the output data type is the smallest
ideal integer or fixed-point data type, based on the setting for
the Number of bits per integer parameter.

¢ For all other selections, the output data type is the smallest
available (signed or unsigned) integer word length that is large
enough to fit the ideal minimum bit size.
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Exumples Refer to the example on the Integer to Bit Converter reference page:
Fixed-Point Integer To Bit and Bit To Integer Conversion (Audio
Scrambling and Descrambling Example)

See Also
bi2de, bin2dec

Pair Block Integer to Bit Converter
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Purpose Demodulate BPSK-modulated data
Librclry PM, in Digital Baseband sublibrary of Modulation
Description The BPSK Demodulator Baseband block demodulates a signal that was
modulated using the binary phase shift keying method. The input is
BPSK a baseband representation of the modulated signal. The input can be

either a scalar or a frame-based column vector. The block accepts the
data types double, single, and signed fixed-point (in hard-decision
modes only).

The input must be a discrete-time complex signal. The block maps
the points exp(jO) and -exp(j0) to 0 and 1, respectively, where 0 is the
Phase offset parameter.
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Re

Algorithm

constellation
|

v

mapping to
{0, 1}
symbol index

input DT

Q

v

(simple sign
comparisons)

input DT

symbol
index
(integer)

A4

output
formatting
(and data
type casting)

lOutput DT
Hard-Decision BPSK Demodulator Signal Diagram for Trivial Phase

Offset (multiple of g)

2-73



BPSK Demodulator Baseband

2-74

_______________________________________________________

input DT :
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: simple sign
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| input DT ' output
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: input - lOutput DT

Hard-Decision BPSK Demodulator Floating-Point Signal Diagram for
Nontrivial Phase Offset
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_______________________________________________________

input DT :
Re [— » X > :
1 'y l
: * o
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Im [— " X > :
E 7'y i
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; > input DT i
: | x 5
E a
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i | cos(Phase offset) Derotate E
E factor DT '
5 sin(Phase offset) 5
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mapping to
{0, 1}
symbol index

(simple sign
comparisons)

symbol
index
(integer)
A4

output
formatting
(and data
type casting)

lOutput DT

Hard-Decision BPSK Demodulator Fixed-Point Signal Diagram for

Nontrivial Phase Offset

The exact LLR and approximate LLR cases (soft-decision) are described
in “Exact LLR Algorithm” and “Approximate LLR Algorithm” in the
Communications ToolboxUser’s Guide.
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L]
Dla Iog E! Function Block Parameters: BPSK Demodulator Baseband ll

Box BPSK Demodulator Baseband

Demodulate the input signal using the binary phase shift keying method.
For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector,
The Decision type parameter allows a choice between Hard decizsion demodulation, Log-likelihood ratio and

Approximate log-likelihood ratio. The output values for Log-likelihood ratio and Approximate log-ikelihood ratio
Decigion types are of the same data type az the input values.

M ain [rata Types

=
F

FPhase offzet(rad]: ID

Decizion type: IHard decizion LI

QK I Cancel Help Apply

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Decision type
Specifies the use of hard decision, LLR, or approximate
LLR during demodulation. See “Exact LLR Algorithm”
and “Approximate LLR Algorithm” in the Communications
ToolboxUser’s Guide for algorithm details.

Noise variance source
This field appears when Approximate log-likelihood ratio or
Log-likelihood ratio is selected for Decision type.

When set to Dialog, the noise variance can be specified in the

Noise variance field. When set to Port, a port appears on the
block through which the noise variance can be input.
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Noise variance
This parameter appears when the Noise variance source is set
to Dialog and specifies the noise variance in the input signal.
This parameter is tunable in normal mode, Accelerator mode and
Rapid Accelerator mode.

If you use the Real-Time Workshop® rapid simulation (RSIM)
target to build an RSIM executable, then you can tune the
parameter without recompiling the model. This is useful for Monte
Carlo simulations in which you run the simulation multiple times
(perhaps on multiple computers) with different amounts of noise.

The LLR algorithm involves computing exponentials of very large
or very small numbers using finite precision arithmetic and would
yield:

e Inf to -Inf if Noise variance is very high
¢ NaN if Noise variance and signal power are both very small

In such cases, use approximate LLR, as its algorithm does not
involve computing exponentials.
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EIFunction Block Parameters: BPSK Demodulator Baseband x|

BPSK. Demodulatar Baseband

Demodulate the input signal using the binary phase shift keying method.
For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector,
The Decision type parameter allows a choice between Hard decizsion demodulation, Log-likelihood ratio and

Approximate log-likelihood ratio. The output values for Log-likelihood ratio and Approximate log-ikelihood ratio
Decigion types are of the same data type az the input values.

tain Data Types

Output: {Inherit via internal rle j

Fixed-point algorithm p

Settings below apply only when block inputs are fised-point zsignals.

Mode Signed ‘“word Length Fraction Length Rounding Overflow

Derctate raCtU“ISame word length as input VIYes Same az input Best precision  Mearest  Saturate

QK I Cancel Help Apply

Data Types Pane for Hard-Decision

Output
When Decision type is set to Hard decision, the output data
type can be set to 'Inherit via internal rule', 'Smallest
unsigned integer', double, single, int8, uint8, int16,
uint16, int32, uint32, or boolean.

When this parameter is set to ' Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is a floating-point type (single or double).
If the input data type is fixed-point, the output data type will work
as if this parameter is set to 'Smallest unsigned integer'.

When this parameter is set to 'Smallest unsigned integer',
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box of the model. If ASIC/FPGA is selected in
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the Hardware Implementation pane, the output data type

is the ideal minimum one-bit size, i.e., ufix(1). For all other
selections, it 1s an unsigned integer with the smallest available
word length large enough to fit one bit, usually corresponding to
the size of a char (e.g., uint8).

Derotate factor
This parameter only applies when the input is fixed-point and

Phase offset is not a multiple of g

This can be set to Same word length as input or Specify word
length, in which case a field is enabled for user input.

EIFunction Block Parameters: BPSK Demodulator Baseband x|

BPSK. Demodulatar Baseband

Demodulate the input signal using the binary phase shift keying method.
For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector,
The Decision type parameter allows a choice between Hard decizsion demodulation, Log-likelihood ratio and

Approximate log-likelihood ratio. The output values for Log-likelihood ratio and Approximate log-ikelihood ratio
Decigion types are of the same data type az the input values.

tain Data Types

Output: Same as input

QK I Cancel Help Apply

Data Types Pane for Soft-Decision

When Decision type is set to Log-1ikelihood ratio or Approximate
log-likelihood ratio, the output data type is inherited from the
input (e.g., if the input is of data type double, the output is also of
data type double).
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Pair Block BPSK Modulator Baseband

See Also M-PSK Demodulator Baseband, QPSK Demodulator Baseband, DBPSK
Demodulator Baseband
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Purpose
Library

Description

L

BFSK

Dialog
Box

Modulate using 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. For both integer and bit inputs, this block can accept
the data types int8, uint8, int16, uint16, int32, uint32, boolean,
single, and double.

The input must be a discrete-time binary-valued signal. If the input bit
is 0 or 1, respectively, then the modulated symbol is exp(jO) or -exp(j0)
respectively, where 0 is the Phase offset parameter.

Constellation Visualization

The BPSK Modulator Baseband block provides the capability to
visualize a signal constellation from the block mask. This Constellation
Visualization feature allows you to visualize a signal constellation for
specific block parameters. For more information, see the Constellation
Visualization section of the Communications Blockset User’s Guide.

= Function Block Parameters: BPSK Modulator Ba =

BPSK Modulator Baseband

Modulate the input signal using the binary phase shift keying method.

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

Main Data Types I
Parameters

Phase offset{rad): IIII

View Constellation |
OK. I Cancel | Help | Apply |

Phase offset (rad)
The phase of the zeroth point of the signal constellation.

2-81



BPSK Modulator Baseband

Output data type
The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.

Setting this parameter to Fixed-point or User-defined enables
fields in which you can further specify details. Setting this
parameter to Inherit via back propagation, sets the output
data type and scaling to match the following block.

Output word length
Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.

Set output fraction length to
Specify the scaling of the fixed-point output by either of the
following two methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point for the
Output data type parameter or when you select User-defined
and the specified output data type is a fixed-point data type.

User-defined data type
Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point software. This
parameter is only visible when you select User-defined for the
Output data type parameter.

Output fraction length
For fixed-point output data types, specify the number of fractional
bits, or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
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the Output data type parameter and User-defined for the Set
output fraction length to parameter.

Pair Block BPSK Demodulator Baseband

See Also M-PSK Modulator Baseband, QPSK Modulator Baseband, DBPSK
Modulator Baseband
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Purpose Implement charge pump phase-locked loop using digital phase detector
Librclry Components sublibrary of Synchronization
Description The Charge Pump PLL (phase-locked loop) block automatically adjusts
the phase of a locally generated signal to match the phase of an input
Charge Filt signal. It is suitable for use with digital signals.
Fump FL
FLL wco This PLL has these three components:

* A sequential logic phase detector, also called a digital phase detector
or a phase/frequency detector.

¢ A filter. You specify the filter’s transfer function using the Lowpass
filter numerator and Lowpass filter denominator 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, cheby1, and
cheby?2 in Signal Processing Toolbox software. The default filter is

a Chebyshev type II 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
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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.

.
DIG IOg Z)Block Parameters: Charge Pump PLL 2=l
Box —Charge Pump PLL [mask]

Implement a charge pump phase-locked loop uzing a digital phaze detectar. The three
outputs are the outputs of the lowpass filter, the phasze detector, and the voltage
controlled ozcillator [(YCO). The input must be a sample-bazed scalar zsignal.

=
F

Lowpazs filker numeratar:
0 40002

Lowpass filker denominator:
I[‘I E7.46 2270.9 40002]
WO input sensitivity [HzAf):
Jh
WO quiescent frequency [Hz):
J100

WCO initial phaze [rad]:

Jo
WO output amplitude [V]:

Jh

Ok I Lancel | Help Apply

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.
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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.

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” in Communications
Blockset User’s Guide.
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Purpose

Library

Description

Inpt

Bqualized
Er

ks

Equalize using constant modulus algorithm
Equalizers

The CMA Equalizer block uses a linear equalizer and the constant
modulus algorithm (CMA) to equalize a linearly modulated baseband
signal through a dispersive channel. During the simulation, the block
uses the CMA to update the weights, once per symbol. If the Number
of samples per symbol parameter is 1, then the block implements a
symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

When using this block, you should initialize the equalizer weights with
a nonzero vector. Typically, CMA is used with differential modulation;
otherwise, the initial weights are very important. A typical vector

of initial weights has a 1 corresponding to the center tap and zeros
elsewhere.

Input and Output Signals
The port labeled Input receives the signal you want to equalize, as a

scalar or a frame-based column vector. The port labeled Equalized
outputs the result of the equalization process.

You can configure the block to have one or more of the extra ports listed
in the table below.

Port Meaning How to Enable

Err output y(@R -|y|?), where y is | Check the Output
the equalized signal | error check box.

and R is a constant
related to the signal

constellation
Wts output A vector listing the Check the Output
weights after the weights check box.

block has processed
either the current
input frame or, in
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Dialog
Box
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Port Meaning

How to Enable

sample-based mode,
the current input
sample.

Equalizer Delay

The delay between the transmitter’s modulator output and the CMA
equalizer output is typically unknown (unlike the delay for other
adaptive equalizers in this blockset). If you need to determine the delay,

you can use the Find Delay block.

EBlock Parameters: CMA Equalizer 2=l

—Chidy Equalizer [mask]

Equalize a linearly modulated signal through a dispersive channel using the Chis,
algorithm.

The block computes filker weights with the CMA algorithm and filkers the input signal.
‘wihen the number of samples per symbols is 1, the filter weights are updated once for
each symbol, for a symbol spaced equalizer. “When the number of samples per symbals
is greater than one, the weights are update once every Mth sample, for a fractionally
spaced equalizer.

The Leakage factor must be in the range Oto 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

=3 |
F

Murnber of taps:
[
Mumber of samples per symbal:
1

Signal constellation:
Jaammad([0:15],16]

Step size:

Joo

Leakage factor:

1

Initial weights:

oo

V' Dutput error

[~ Output weights

Ok I Lancel Help Apply




CMA Equalizer

References

See Also

Number of taps
The number of taps in the filter of the equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Step size
The step size of the CMA.

Leakage factor
The leakage factor of the CMA, a number between 0 and 1. A
value of 1 corresponds to a conventional weight update algorithm,
and a value of 0 corresponds to a memoryless update algorithm.

Initial weights
A vector that lists the initial weights for the taps.

Output error
If you check this box, the block outputs the error signal described
in the table above.

Output weights
If you check this box, the block outputs the current weights.

[1] Haykin, Simon, Adaptive Filter Theory, Third Ed., Upper Saddle
River, N.J., Prentice-Hall, 1996.

[2] Johnson, Richard C. Jr., Philip Schniter, Thomas. J. Endres, et al.,

"Blind Equalization Using the Constant Modulus Criterion: A Review,"
Proceedings of the IEEE, vol. 86, pp. 1927-1950, October 1998.

LMS Linear Equalizer, LMS Decision Feedback Equalizer, RLS Linear
Equalizer, RLS Decision Feedback Equalizer
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Purpose
Library

Description

Complex Phass
Drifference

Dialog
Box

See Also

Output phase difference between two complex input signals
Utility Blocks

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 the second to the first, measured in radians. The
elements of the output are between - and 1.

The input signals can have any size or frame status. This block
processes each pair of elements independently.

[=)Block Parameters: Complex Phase Difference 21l

Output the phase difference between the bwo complex input signals. The range of
the phaze difference iz from -pi to pi

"EDmplex Fhase Difference [maszk]

=5 ancel | e -

Complex Phase Shift



Complex Phase Shift

Purpose
Library

Description

n Complex

PhF'hass_- Shift

Dialog
Box

See Also

Shift phase of complex input signal by second input value
Utility Blocks

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.

E1Block Parameters: Complex Phase Shift | 2=l

"Eomplex Fhase Shift [mask)]

Shift the phaze of the complex input gsignal by the "Ph' input value.

== g == | Cancel Help Aol

Complex Phase Difference
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Continuous-Time VCO

Purpose Implement voltage-controlled oscillator
Librclry Components sublibrary of Synchronization
Description The Continuous-Time VCO (voltage-controlled oscillator) block

generates a signal whose frequency shift from the Quiescent
ContinuousTime frequency parameter is proportional to the input signal. The input
WEO signal is interpreted as a voltage. If the input signal is u(¢), then the
Continuous-Time Output Signal iS

ey

y(t) = A, cos(2nfct +2onk, j; w(dt + (p)

where A_ is the Output amplitude parameter, f, is the Quiescent
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.

.
qu Iog E! Function Block Parameters: Continuous-Time ¥ ll
—Continuous-Time YCO [mask]
Box :

Generate a continuous-time output signal whoze frequency changes in responge to the
amplitude variations of the input gignal. The input signal must be a sample-based
sralar.

=
F

Output amplitude [4):

Quiescent frequency [Hz):
Jio

Input sensitivity [Hz AL

Jh

Initial phaze [rad]:

Jo

Lancel Help Lpply
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See Also

Output amplitude
The amplitude of the output.

Quiescent frequency
The frequency of the oscillator output when the input signal 1s
Z€ro.

Input sensitivity
This value scales the input voltage and, consequently, the shift
from the Quiescent frequency value. The units of Input
sensitivity are Hertz per volt.

Initial phase
The initial phase of the oscillator in radians.

Discrete-Time VCO
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Convolutional Deinterleaver

Purpose Restore ordering of symbols that were permuted using shift registers
Librclry Convolutional sublibrary of Interleaving
Description The Convolutional Deinterleaver block recovers a signal that was

interleaved using theConvolutional Interleaver block. The parameters
in the two blocks should have the same values.

Convalutional
Deinterleaver

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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

M -
DIO IOg [Z]Block Parameters: Convolutional Deinterleaver 2=l
Box i~ Convalutional Deinter

A convolutional deinterleaver consists of M shift registers. The ith register has delay
[M-i]*B where B iz a specified register length step. “With each new input symbaol, a
commutatar switches to a new register and the new symbol iz shifted in while the
oldest symbal in that register iz shifted out. “When the commutator reaches the Mth
register, upoh the next new input, it returns to the first register.

[mazk]

P.
Fiows of shift registers:
Fiegister length step:
|2
Initial conditions:

Jo

Ok | Lancel | Help Apply

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.
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Examples

Pair Block
See Also

References

Initial conditions
The values that fill each shift register when the simulation begins.

For an example that uses this block, see “Example: Convolutional
Interleavers”.

Convolutional Interleaver
General Multiplexed Deinterleaver, Helical Deinterleaver

[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, dJ. L. "Realization of Optimum Interleavers." IEEE
Transactions on Information Theory, IT-16 (3), May 1970. 338-345.
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Purpose
Library

Description

Convelutional
Encoder

Create 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 2* possible
input symbols), this block’s input vector length is L*% for some positive
integer L. Similarly, if the encoder produces n output bit streams (that
is, can produce 2" possible output symbols), 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.

For both its inputs and outputs for the data ports, the block supports
double, single, boolean, int8, uint8, int16, uint16, int32, uint32,
and ufix1. The port data types are inherited from the signals that
drive the block. The input reset port supports double and boolean
typed signals.

Note This block works for cases & >1, where it has the same values
for constraint lengths in each input stream (e.g., constraint lengths of [2
2] or [7 7] will work, but [5 4] will not).

Specifying the Encoder

To define the convolutional encoder, use the Trellis structure
parameter. This parameter is a MATLAB structure whose format is
described in “Trellis Description of a Convolutional Encoder” in the
Communications Toolbox documentation. You can use this parameter
field in two ways:



Convolutional Encoder

¢ If you have a variable in the MATLAB workspace that contains the
trellis structure, enter its name as the Trellis structure parameter.
This way 1s preferable because it causes Simulink to spend less time
updating the diagram at the beginning of each simulation, compared
to the usage described next.

e If you want to specify the encoder using its constraint length,
generator polynomials, and possibly feedback connection polynomials,
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, set the Operation mode to Reset
on nonzero input via port. The block then opens a second input
port, labeled Rst. The signal at the Rst port is a scalar signal. When

it 1s nonzero, the encoder resets before processing the data at the first
input port.
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Dialog
Box

2-98

=] Function Block Parameters: Convolutional Encod =

— Convolutional Encoder {mask) {ink)

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

Select the "Terminate trellis by appending bits™ operation mode to terminate the
trellis at the all-zero state by appending tail bits at the end of each input frame.
Check the Puncture code checkbox to puncture the encoded data for all other
operation modes,

Use the istrellis function in MATLAB to check if a structure is a valid trellis structure.

—Parameters

Trellis structure:

Operation mode: IConﬁnuous LI

™ output final state

[~ Puncture code

0K I Cancel Help Apply

Trellis structure

MATLAB structure that contains the trellis description of the
convolutional encoder.

Operation mode

In Continuous mode, the block retains the encoder states at the
end of each frame, for use with the next frame.

In Truncated (reset every frame) mode, the block treats each
frame independently. IL.e., the encoder states are reset to all-zeros

state at the start of each frame.

In Terminate trellis by appending bits mode, the block
treats each frame independently. For each input frame,
extra bits are used to set the encoder states to all-zeros
state at the end of the frame. The output length is given by

y=n-(x+s)/k, where x is the number of input bits, and

s = constraint length —1 (or, in the case of multiple constraint



Convolutional Encoder

Puncture
Pattern
Examples

See Also

References

lengths, s =sum(ConstraintLength(i)-1)). The block supports
this mode for frame-based inputs only.

In Reset on nonzero input via port mode, the block has an
additional input port, labeled Rst. When the Rst input is nonzero,
the encoder resets to the all-zeros state.

Output final state
When you select Output final state, the second output port
signal specifies the output state for the block. The output signal
1s a scalar, integer value. You can select Output final state for
all operation modes except Terminate trellis by appending
bits .

Specify initial state via input port
When you select Specify initial state via input port the second
input port signal specifies the starting state for every frame
in the block. The input signal must be a scalar, integer value.
Specify initial state via input port appears only in Truncated
operation mode.

Puncture code
Selecting this option opens the field Puncture vector.

Puncture vector
Vector used to puncture the encoded data. The puncture vector is
a pattern of 1s and Os where the Os indicate the punctured bits.
This field appears when you select Punctured code.

For some commonly used puncture patterns for specific rates and
polynomials, see the last three references listed on this page.
Viterbi Decoder, APP Decoder

[1] Clark, George C. Jr. and J. Bibb Cain, Error-Correction Coding for
Digital Communications, New York, Plenum Press, 1981.
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[2] Gitlin, Richard D., Jeremiah F. Hayes, and Stephen B. Weinstein,
Data Communications Principles, New York, Plenum, 1992.

[3] Yasuda, Y., et. al., “High rate punctured convolutional codes for soft
decision Viterbi decoding,” IEEE Transactions on Communications, Vol.
COM-32, No. 3, pp 315-319, March 1984.

[4] Haccoun, D., and Begin, G., “High-rate punctured convolutional
codes for Viterbi and Sequential decoding,” IEEE Transactions on
Communications, Vol. 37, No. 11, pp 1113-1125, Nov. 1989.

[5] Begin, G., et.al., “Further results on high-rate punctured
convolutional codes for Viterbi and sequential decoding,” IEEE
Transactions on Communications, Vol. 38, No. 11, pp 1922-1928, Nov.
1990.
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Purpose
Library

Description

Convalutional
Interleaver

Permute input symbols using 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.
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Dialog
Box

Examples

Pair Block
See Also

References
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E! Block Parameters: Convolutional Interleaver 2=l

—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 spmbol, &
commutatar switches to a new register and the new symbol iz shifted in while the
oldest symbal in that register iz shifted out. “When the commutator reaches the Mth
register, upoh the next new input, it returns to the first register.

=
F

Fiows of shift registers:
Fiegister length step:
|2

Initial conditions:

Jo

Ok | Lancel | Help Apply

Rows of shift registers
The number of shift registers that the block uses internally.

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.

For an example that uses this block, see “Example: Convolutional
Interleavers”.

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.
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[3] Ramsey, J. L. "Realization of Optimum Interleavers." IEEE
Transactions on Information Theory, IT-16 (3), May 1970. 338-345.
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Purpose

Library

Description

2-104

AL

CPFSK

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 2¥ for some positive integer K.

The Modulation index parameter times m 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.

e [If the input signal is sample-based, then the delay consists of D+1
zero symbols.

e [f 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



CPFSK Demodulator Baseband

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” in Communications
Blockset User’s Guide.

The input can be either a scalar or a frame-based column vector and
must be of type single or double.

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” in Communications Blockset User’s Guide.
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L]
DIG Iog E! Function Block Parameters: CPFSK Demodulator Ba x|

Box —LCPFSK Demodulator Bazeband [mazk] (link]

Demodulate the CPFSK modulated input signal using the Yiterbi algorithm. Traceback
length is the number of trellis branches that the algorithm wses to construct each
traceback path.

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

The output can be either bitz or integers. |n case of bit output, the output width iz an
integer multiple of the number of bits per symbal. The symbols 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 symbols and the Samples per symbal value.

I case of sample-bazed input, the sample time of the input is the symbal period divided
by the Samples per spmbol value.

-y number:

Olutput bype: I Integer

Ll L«

Symbaol zet ordering:l Binary
Modulation index:

|5

Fhase offzet [rad):

Jo

Samples per symbal:

Ja

Traceback length:

J16

Output datatype: I double LI

QK I Cancel Help | Apply |

M-ary number
The size of the alphabet.

Output type
Determines whether the output consists of integers or groups
of bits.

Symbol set ordering
Determines how the block maps each integer to a group of output
bits. This field is active only when Qutput type is set to Bit.
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Pair Block
See Also

References

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 CPFSK Demodulator
Baseband block uses to construct each traceback path.

Output datatype
The output data type can be boolean, int8, int16, int32, or
double.

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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Purpose

Library

Description
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LI

CPFSK

Modulate using 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 2¥ for some
positive integer K.

The Modulation index parameter times m radians 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 among the
references listed below.

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” in Communications Blockset User’s Guide.

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.
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Dialog
Box

Upsampling the Modulated Signal

This block can output an upsampled version of the modulated signal.

The Samples per symbol parameter is the
be a positive integer. For more information,

upsampling factor. It must
see “Upsampled Signals

and Rate Changes” in Communications Blockset User’s Guide.

EJFunction Block Parameters: CPFSK Modulator B

—LCPFSK Modulator Baseband [mask)] [link]

x|

Modulate the input signal uging the continuous phasze frequency shift keying method.

The input can be either bits or integers. In caze of sample-based bit input, the input
width must equal the number of bits per symbol. In case of frame-bazed bit input, the
input width must be an integer multiple of the number of bits per spmbol. The bits can
be either binary-mapped or Gray-mapped inta symbols.

For zample-based integer input, the input must be a scalar. For frame-based integer
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 symbols and the Samples per symbal value.

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

-y number:

Input type: I Inteqer LI

Symbol zet ordering: I Binary LI

Modulation index:

|5
Fhase offzet [rad):

Jo

Samples per symbal:

Ja

Output data type: I double LI

QK I Cancel Help | Apply

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
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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.

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.

Output datatype
The output data type can be single or double.

CPFSK Demodulator Baseband
CPM Modulator Baseband, M-FSK Modulator Baseband

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



CPM Demodulator Baseband

Purpose
Library

Description

AL

CPM

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 and
must be of type single or double.

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 theCPM
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.

e [f the input signal is sample-based, then the delay consists of D+1
zero symbols.

e [f the input signal is frame-based, then the delay consists of D zero
symbols.

Ovutputs 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.
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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” in Communications
Blockset User’s Guide.

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” in Communications Blockset User’s Guide.



CPM Demodulator Baseband

Dialog
Box

JFunction Block Parameters: CPM Demodulator Bas x|

—LCPM Demodulator Bazeband [mazk] [link]

Demodulate the CP modulated input signal using the Yiterbi algorithm. Traceback
length is the number of trellis branches that the algorithm wses to construct each
traceback path.

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

The output can be either bitz or integers. |n case of bit output, the output width iz an
integer multiple of the number of bits per symbal. The symbols 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 symbols and the Samples per symbal value.

I case of sample-bazed input, the sample time of the input is the symbal period divided
by the Samples per spmbol value.

-y number:

Olutput bype: I Integer

Ll Lo

Symbaol zet ordering:l Binary

Modulation index:
Jos

Frequency pulse shape:l Fectangular LI
Pulze length [symbol intervals]:

Ji
Symbal prehistory:
Ji
Fhase offzet [rad):
Jo
Samples per symbal:
Ja
Traceback length:
J16

Output datatype: I double LI

QK I Cancel Help | Apply

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.

Main lobe pulse duration (symbol intervals)
Number of symbol intervals of the largest lobe of the spectral
raised cosine pulse. This field is active only when Frequency
pulse shape is set to Spectral Raised Cosine.

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.
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Pair Block
See Also

References

Traceback length
The number of trellis branches that the CPM Demodulator block
uses to construct each traceback path.

Output datatype
The output data type can be boolean, int8, int16, int32, or
double.

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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LI

CPM

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 2¥ 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 multiplied by time,
1s a nonnegative scalar. It is used to reduce the bandwidth at the
expense of increased intersymbol interference.

e Tamed FM (tamed frequency modulation)

For the exact definitions of these pulse shapes, see the work by
Anderson, Aulin, and Sundberg among the references listed below.
Each pulse shape has a correponding pulse duration. The Pulse length
parameter measures this quantity in symbol intervals.

The Modulation index parameter times m radians 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.



CPM Modulator Baseband

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.

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” in Communications Blockset User’s Guide.

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” in Communications BlocksetUser’s Guide.
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L]
DIG Iog E! Function Block Parameters: CPM Modulator Baseba x|

Box —LCPM Modulator Baseband [mask] [link]

Output the complex envelope representation of the selected continuous phase
modulation.

The input can be either bits or integers. In caze of sample-based bit input, the input
width must equal the number of bits per symbol. In case of frame-bazed bit input, the
input width must be an integer multiple of the number of bits per spmbol. The bits can
be either binary-mapped or Gray-mapped inta symbols.

For zample-based integer input, the input must be a scalar. For frame-based integer
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 symbols and the Samples per symbal value.

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

The Symbol prehistary parameter is the data symbol(s] uzed before the start of the
simulation.

-y number:

Input type: I Integer

Ll L«

Symbaol zet ordering:l Binary

Modulation index:
Jos

Frequency pulse shape:l Fectangular LI
Pulze length [symbol intervals]:

Ji

Symbal prehistory:

Ji

Fhase offzet [rad):

Jo

Samples per symbal:

Ja

Output data type: I double LI

QK I Cancel Help | Apply |

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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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.

Main lobe pulse duration (symbol intervals)
Number of symbol intervals of the largest lobe of the spectral
raised cosine pulse. This field is active only when Frequency
pulse shape is set to Spectral Raised Cosine.

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.
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Pair Block

See Also

References

2-120

Output data type
This block supports double and single data types.

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.
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Purpose
Library

Description

CPM sig
Phase Recoveny Bh

Recover carrier phase using 2P-Power method
Carrier Phase Recovery sublibrary of Synchronization

The CPM Phase Recovery block recovers the carrier phase of the input
signal using the 2P-Power method. This feedforward, non-data-aided,
clock-aided method is suitable for systems that use these types of
baseband modulation: continuous phase modulation (CPM), minimum
shift keying (MSK), continuous phase frequency shift keying (CPFSK),
and Gaussian minimum shift keying (GMSK). This block is suitable for
use with blocks in the Baseband Continuous Phase Modulation library.

If you express the modulation index for CPM as a proper fraction,
h =K/ P, then P is the number to which the name "2P-Power" refers.

The 2P-Power method assumes that the carrier phase is constant over
a series of consecutive symbols, and returns an estimate of the carrier
phase for the series. The Observation interval parameter is the
number of symbols for which the carrier phase is assumed constant.
This number must be an integer multiple of the input signal’s vector
length.

Input and Outputs

The input signal must be a frame-based column vector or a sample-based
scalar of type double or single. The input signal represents a baseband
signal at the symbol rate, so it must be complex-valued and must
contain one sample per symbol.

The outputs are as follows:

® The output port labeled Sig gives the result of rotating the input
signal counterclockwise, where the amount of rotation equals the
carrier phase estimate. The Sig output is thus a corrected version
of the input signal, and has the same sample time and vector size
as the input signal.

® The output port labeled Ph outputs the carrier phase estimate, in
degrees, for all symbols in the observation interval. The Ph output is
a scalar signal.
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Note Because the block internally computes the argument of

a complex number, the carrier phase estimate has an inherent
ambiguity. The carrier phase estimate is between -90/P and 90/P
degrees and might differ from the actual carrier phase by an integer

multiple of 180/P degrees.

Delays and Latency

The block’s algorithm requires it to collect symbols during a period of
length Observation interval before computing a single estimate of the
carrier phase. Therefore, each estimate is delayed by Observation
interval symbols and the corrected signal has a latency of Observation

interval symbols, relative to the input signal.

Dialog [ block Parameters: o phase Recovery 20

Box —LCPM Phase Recovery [maszk)]

Fiecover the carrier phaze uzing the 2P-Power method. This non-data-aided,
clock-aided feedforward method iz suitable for full rezponse CPM signals.

The parameter P is the: denominator of the modulation index [h=K./P] when expressed
az a proper fraction. The observation interval parameter must be an integer multiple of
the input signal vectar length.

F:

8

Observation interval [zpmbols]):
J10a

Ok Lancel Help Apply

The denominator of the modulation index for CPM (h = K/ P)

when expressed as a proper fraction.

Observation interval

The number of symbols for which the carrier phase is assumed

constant.
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Algorithm

References

See Also

If the symbols occurring during the observation interval are x(1), x(2),
x(3),..., x(L), then the resulting carrier phase estimate is

Loar i(x(k))zp
2P 8| &

where the arg function returns values between -180 degrees and 180
degrees.

[1] Mengali, Umberto, and Aldo N. D’Andrea, Synchronization
Techniques for Digital Receivers, New York, Plenum Press, 1997.

M-PSK Phase Recovery, CPM Modulator Baseband
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Purpose

Library

Description

2-124

CRC-M
Generator

Generate CRC bits according to CRC method and append to input data
frames

CRC sublibrary of Error Detection and Correction

The CRC-N Generator block generates cyclic redundancy code (CRC)
bits for each input data frame and appends them to the frame. The
CRC-N Generator block is a simplified version of the General CRC
Generator block. With the CRC-N Generator block, you can select the
generator polynomial for the CRC algorithm from a list of commonly
used polynomials, given in the CRC-N method field in the block’s
dialog. N is degree of the generator polynomial. The table below lists
the options for the generator polynomial.

CRC Method | Generator Polynomial Number of Bits
CRC-32 x324+x26+x23+x224x6+x12+x11 32
+x 10+ xS+ x TP+t x2+x+
CRC-24 x24x 2 xtx 2 4x 8+ 1 24
CRC-16 x164+x15+x2+1 16
Reversed x16+x14+x+1 16
CRC-16
CRC-8 xB+xT+x6+x+x2+1
CRC-4 xtx3xi+x+l

You specify the initial state of the internal shift register using the
Initial states parameter. You specify the number of checksums that
the block calculates for each input frame using the Checksums per
frame parameter. For more detailed information, see the reference
page for the General CRC Generator block.

This block supports double and boolean data types. The output data
type is inherited from the input.



CRC-N Generator

Dialog
Box

Algorithm

Signal Attributes

The General CRC Generator block has one input port and one output
port. Both ports allow frame based binary column vectors only.

[=)Block Parameters: CRC-N Generator 2xl

—LCRC-M Generator [maszk]
Generate CRLC bitz according to the selected CRC method and append them ta the
input data frames. The CRC method uzes a pre-defined CRC-M polynomial where M iz
the number of bits in the checksum.

The initial states parameter must be a binary scalar or vector of length equal to M.

The input must be a binary frame-bazed column vectar.

=
F

CRC method: [{mz{el=

Initial States:
[
Checksums per frame:

Jh

Ok | Lancel Help Apply

CRC-N method
The generator polynomial for the CRC algorithm.

Initial states
A binary scalar or a binary row vector of length equal to the

degree of the generator polynomial, specifying the initial state of
the internal shift register.

Checksums per frame
A positive integer specifying the number of checksums the block

calculates for each input frame.
For a description of the CRC algorithm as implemented by this block,

see “Cyclic Redundancy Check Coding” in Communications Blockset
User’s Guide.
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Schematic
of the CRC

Implementatio

References

Pair Block

See Also
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(® XOR addition

A(k)

{ap_1,ap_9,...,a1,a0}

The above circuit divides the polynomial

alx) = ak_lxk_l + ozk_zxk_2 +otax+ag by

-1 -2
8(x) =g, 1" + g ¥ "+t g1+ 8o , and returns the remainder
dx) =d, 12"+ d,_ox 2 4 v dyx+dy
The input symbols (ap1,ap-2,---,@2,01, 00} are fed into the shift
register one at a time in order of decreasing index. When the last

symbol (?0) works its way out of the register (achieved by augmenting
the message with r zeros), the register contains the coefficients of the

remainder polynomial d(x).

This remainder polynomial is the checksum that is appended to the
original message, which is then transmitted.

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

[2] Wicker, Stephen B., Error Control Systems for Digital
Communication and Storage, Upper Saddle River, N.dJ., Prentice Hall,
1995.

CRC-N Syndrome Detector

General CRC Generator, General CRC Syndrome Detector
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Purpose
Library

Description

CRC-MN
Syndrome
Letector Em

Detect errors in input data frames according to selected CRC method
CRC sublibrary of Error Detection and Correction

The CRC-N Syndrome Detector block computes checksums for its
entire input frame. The block’s second output is a vector whose size is
the number of checksums, and whose entries are 0 if the checksum
computation yields a zero value, and 1 otherwise. The block’s first
output is the set of message words with the checksums removed.

The CRC-N Syndrome Detector block is a simplified version of the
General CRC Syndrome Detector block. You can select the generator
polynomial for the CRC algorithm from a list of commonly used
polynomials, given in the CRC-N method field in the block’s dialog. N
is the degree of the generator polynomial. The reference page for the
CRC-N Generator block contains a list of the options for the generator
polynomial.

The parameter settings for the CRC-N Syndrome Detector block should
match those of the CRC-N Generator block.

You specify the initial state of the internal shift register by the Initial
states parameter. You specify the number of checksums that the
block calculates for each input frame by the Checksums per frame
parameter. For more detailed information, see the reference page for
the General CRC Syndrome Detector block.

This block supports double and boolean data types. The output data
type is inherited from the input.
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Dialog
Box

Algorithm

References
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EBlock Parameters: CRC-N Syndrome Detector 2=l
—LCRC-M Syndrome Detector [mazk]

Detect errors in the input data frames according to the selected CRC method. The
CRC method uses a pre-defined CRC-M polynomial where M iz the number of bits in
the checksum.

The first output iz the data frame with the CRC bits removed and the second output
indicates if an eror was detected in the data frame.

The initial states parameter must be a binary scalar or vector of length equal to M.

The input must be a binary frame-based column vector,

=
F

CRC method:

Initial states:
[

Checksums per frame:

Jh

Ok | Lancel Help Apply

CRC-N method
The generator polynomial for the CRC algorithm.

Initial states
A binary scalar or a binary row vector of length equal to the
degree of the generator polynomial, specifying the initial state of
the internal shift register.

Checksums per frame
A positive integer specifying the number of checksums the block
calculates for each input frame.

For a description of the CRC algorithm as implemented by this block,
see “Cyclic Redundancy Check Coding” in Communications Blockset
User’s Guide.

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



CRC-N Syndrome Detector

[2] Wicker, Stephen B., Error Control Systems for Digital
Communication and Storage, Upper Saddle River, N.J., Prentice Hall,

1995.
Pair Block CRC-N Generator
See Also General CRC Generator, General CRC Syndrome Detector
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Purpose Map integer symbols from one coding scheme to another
Library Utility Blocks
Description The Data Mapper block accepts integer inputs and produces integer
outputs. You can select one of four mapping modes: Binary to Gray,
Data Gray to Binary, User Defined, or Straight Through.
Mlapper

The input can be a scalar, a sample-based vector, or a frame-based
signal. The block can accept multichannel inputs and allows for input
and output data types of double, single, int32, int16, int8, uint32,
uint16, and uint8. If the input is double or single, then it must be
non-negative in value. Note that although the block will provide outputs
for non-integer valued inputs, the results will likely be meaningless.

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.
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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) 5
4 6 (110) 4 (100) 7
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
553

When you select the Straight Through mode, the output equals the

input.
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= Function Block Parameters: Data Mapper =

—Data Mapper {mask) {ink]

Map integer symbols from one coding scheme to another,

The input can be a scalar, a sample-based vector or a frame-based signal.

—Parameters

Mapping mode: Elinar\-I to Gray vl

Symbol set size (M):

3

OK. I Cancel Help Apply

Dialog
Box

Mapping mode
The type of data mapping that the block performs.

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 appears if Mapping mode is set
to User Defined.
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Purpose
Library

Description

AN

LBEFSK

Dialog
Box

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
0 and o+, respectively, to outputs of 0 and 1, respectively, where 0 is
the Phase rotation 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. The
block accepts input of data types single and double.

JFunction Block Parameters: DBPSK Demodula x|

— DEPSE. Demodulator Bazeband [mazk) (link]

Demodulate the input signal uging 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 vectar.

=

Fhase ratation [rad):
a

Output data type: IInherit via internal rule LI

QK I Cancel | Help | Apply |

Phase rotation (rad)
This phase difference between the current and previous modulated
symbols results in an output of zero.

Output data type
When the parameter is set to 'Inherit via internal rule'
(default setting), the block will inherit the output data type from
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the input port. The output data type will be the same as the input
data type if the input is of type single or double.

For both integer and bit inputs, this block can output the data
types int8, uint8, int16, uint16, int32, uint32, boolean,
single, and double.

Pair Block DBPSK Modulator Baseband

See Also M-DPSK Demodulator Baseband, DQPSK Demodulator Baseband,
BPSK Demodulator Baseband
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Purpose
Library

Description

L

LBEFSK

Dialog
Box

Modulate using 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. For both integer
and bit inputs, the block can accept the data types int8, uint8, int16,
uint16, int32, uint32, boolean, single, and double. These rules
govern this modulation method when the Phase rotation parameter

is O:

e If the first input bit is 0 or 1, respectively, then the first modulated
symbol is exp(jO) or -exp(jO), respectively.

e 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.

ZJFunction Block Parameters: DBPSK Modulator B x|

—DEPSE Modulator Bazeband [maszk] [link]
Modulate the input signal uging the differential binary phaze shift keying method.

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

=
F

Fhase ratation [rad):
[a
Output Data type: | double LI

Ok I Lancel | Help | Lpply |

Phase rotation (rad)
The phase difference between the previous and current modulated
symbols when the input is zero.

2-135



DBPSK Modulator Baseband

Output Data type
The output data type can be either single or double. By default,
the block sets this to double.

Pair Block DBPSK Demodulator Baseband

See Also DQPSK Modulator Baseband, BPSK Modulator Baseband
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Deinterlacer

Purpose

Library

Description

a
Leinteracer
E

Dialog
Box

Examples

Pair Block

Distribute elements of input vector alternately between two output
vectors

Sequence Operations

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. The block
can accept the data types int8, uint8, int16, uint16, int32, uint32,
boolean, single, double, and fixed-point. The data types of this output
will be the same as that of the input signal.

This block can be useful for separating in-phase and quadrature

information from a single vector into separate vectors.

EBlock Parameters: Deinterlacer 2=l

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 signal, while the
even-numbered elements of the input signal become the second output signal.

The input can be either a sample-based 2-element vector or frame-bazed colurmmn
wector whose length iz any even integer.

............. g K .............. | Cancel | Help | o |

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
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See Also Demux (Simulink documentation)
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Derepeat

Purpose
Library

Description

[rerepeat
5

Reduce sampling rate by averaging consecutive samples
Sequence Operations

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 Signal Processing Blockset Repeat block. The
positive integer N is the Derepeat factor parameter in the Derepeat
dialog.

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 block does not support empty matrices
for initial conditions.

The input can have any shape or frame status. The block can accept the
data types single and double. The data type of the output will be the
same as that of the input signal.

This block will work within a triggered subsystem, as long as it is used
in the single-rate mode.

Sample-Based Operation

If the input is sample-based, and Framing is set to Maintain input
size, 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. The output is delayed by one output period, and the
first output value is the Initial condition value. If Framing is set to
Maintain input rate, the block will generate an error message.

Frame-Based Operation

If the input is frame-based, then the block derepeats each frame,
treating distinct channels independently. Each element of the output
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1s 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 of N, the output frame period is N times the
input frame period, but the input and output frame sizes are equal.
The output is delayed by one output frame, and the first output frame
1s determined only by the Initial condition value.

For example, if a single-channel input with a frame period of 1 second
1s 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. Derepeat factor should be an
integer factor of the number of rows in the input vector or matrix.
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.
When you use this option, the Initial condition parameter does
not apply and the block incurs no delay, 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

Dialog
Box

See Also

=] Function Block Parameters: Derepeat =

—Derepeat (mask) (ink]

Derepeat by an integer factor, The value of each output sample is the mean value
of M consecutive input samples.

—Parameters

Derepeat factor, M:
8

Framing: IMaintain input frame size LI

Initial condition:

lo

OK. I Cancel | Help Apply

Derepeat factor, N
The number of consecutive input samples to average in order to
produce each output sample.

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.

Initial condition
The value with which to initialize the block.

Repeat (Signal Processing Blockset documentation), Downsample
(Signal Processing Blockset documentation)
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Descrambler

Purpose
Library

Description

Descrambler

2-142

Descramble input signal
Sequence Operations

The Descrambler block descrambles the input signal, which must be a
scalar or a frame-based column vector. The Descrambler block is the
inverse of theScrambler 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 and the one
subtracter operate modulo N, where N is the Calculation base
parameter. The input values must be integers between 0 and N-1.

Input data 1 9 ———- M-1 M
1 n J Py J Pm-1 J P
O
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 Seramble polynomial parameter. To make the Descrambler
block reverse the operation of the Scrambler block, use the same
Scramble polynomial parameters in both blocks. If there is no signal
delay between the scrambler and the descrambler, then the Initial
states in the two blocks must be the same. See the reference page for
theScrambler block for more information about these parameters.



Descrambler

Dialog
Box

Pair Block

Z1Block Parameters: Descrambler 2=l

—Descrambler [mask]

Descramble the input scalar or frame-bagzed column data using a linear feedback shift
register whoge 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 descending ordered polynomial to
indicate the connection points.

For the binary vector representation the first and lazt elements of the vector must be 1.
For the descending ordered polynomial representation the first element of the vector
must be 0.

P |

Calculation base:
[
Scramble polynomial:
Jni1o1]

Initial states:
[OREE]

Ok I Lancel Help Apply

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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Purpose

Library

Description

2-144

Differantial
Decoder

Decode binary signal using differential coding
Source Coding

The Differential Decoder block decodes the binary input signal. The
output is the logical difference between the present input and the
previous input. More specifically, the block’s input and output are
related by

m(t,) = d(t,) XOR Initial condition parameter value

m(t,) = d(t) XOR d(t, ;)

where

d is the differentially encoded input.

®* m is the output message.

t, is the kth time step.

XOR is the logical exclusive-or operator.

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



Differential Decoder

EJFunction Block Parameters: Differential Decoder x|

— Differential Decoder [mask] [link]

Differentially decode the input data.

The output of this block iz the logical difference between the present input to this
block and the previous input of this block.

The input can be either a scalar, a vector, or a frame-baszed matrix.

Initial condition:

[
. QK Cancel Hel Appl
Dialog | - —
Box
Initial condition
The logical exclusive-or of this value with the initial input value
forms the initial output value.
References [1] Couch, Leon W., I, Digital and Analog Communication Systems,
Sixth edition, Upper Saddle River, N. J., Prentice Hall, 2001.
Pair Block Differential Encoder
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Purpose

Library

Description

Differantial
Encoder

Encode binary signal using differential coding
Source Coding

The Differential Encoder block encodes the binary input signal. The
output is the logical difference between the present input and the
previous output. More specifically, the input and output are related by

d(t,) = m(t,) XOR Initial condition parameter value
d(t,) = d(t, ) XOR m(t,)
where

®* m is the input message
¢ d is the differentially encoded output.
® t,is the kth time step.

® XOR is the logical exclusive-or operator.

The input can be either a scalar or a vector.



Differential Encoder

IFunction Block Parameters: Differential Encoder x|

— Differential Encoder [mazk) (link]

Differentially encode the input data.

The output of this block iz the logical difference between the present input to this
block and the previous output of this block.

The input can be either a scalar, a vector, or a frame-baszed matrix.

Initial condition:

[
. QK Cancel Hel Appl
Dialog | - —
Box
Initial condition
The logical exclusive-or of this value with the initial input value
forms the initial output value.
References [1] Couch, Leon W., I, Digital and Analog Communication Systems,
Sixth edition, Upper Saddle River, N. J., Prentice Hall, 2001.
Pair Block Differential Decoder
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Discrete-Time Eye Diagram Scope

Purpose
Library

Description
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<=

Display multiple traces of modulated signal
Comm Sinks

The Discrete-Time Eye Diagram Scope block displays multiple traces of
a modulated signal to produce an eye diagram. You can use the block
to reveal the modulation characteristics of the signal, such as pulse
shaping or channel distortions.

The Discrete-Time Eye Diagram Scope block has one input port. The
block accepts signal of type double, single, boolean, base integer,
and fixed-point data types for input, but will cast as double prior to
display. In sample-based mode, the input signal must be a scalar value.
In frame-based mode, the input signal must be a column vector or

a scalar value.

Warning

Neither the Rapid Accelerator nor external mode allows for the
uploading of data to this block, preventing any display on this
scope. Run the model in accelerator or normal mode to take full
advantage of this scope block.

Marker and Line Styles

The Marker, Line style, and Line color parameters, on the
Rendering Properties panel, control the appearance of the signal
trajectory. The Marker parameter specifies the marker style for points
in the eye diagram. The following table lists some of the available line
markers.

Marker Parameter

Style Symbol Appearance

Plus + + } +
Circle o} ° o
Asterisk * * * *




Discrete-Time Eye Diagram Scope

Marker Parameter

Style Symbol Appearance
Point

Cross X

The Line style parameter specifies the style for lines in the eye
diagram. The following lists some of the available line styles.

Line Style

Appearance

Solid

Dashed

Dotted

Dash-dot

The Line color parameter specifies the color of the eye diagram. These
settings plot the signal channels in the following colors (8-bit RGB
equivalents are shown in the center column).

RGB
Color Equivalent | Appearance
Black (0,0,0)
Blue (0,0,255)
Red (255,0,0)
Green (0,255,0)
Dark (192,0,192)
purple

See the 1ine function in the MATLAB documentation for more
information about the available markers, colors, and line styles.
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Discrete-Time Eye Diagram Scope

Recommended Settings

The following table summarizes the recommended parameter settings
for the Discrete-Time Eye Diagram Scope.

Parameter Recommended Setting

Samples per symbol Same as the Samples per
symbol setting in the modulator
block, or the Interpolation
factor setting in the interpolation
block

Offset (samples) 0 to view the open part of the eye
(Samples per symbol)/2 to view
the closed part of the eye

Symbols per trace An integer between 1 and 4

Traces displayed 10 times the alphabet size of the
modulator, M

New traces per display Same as Traces displayed for
greater speed A small positive
integer for best animation

Marker None or a point (.) to see where
the samples are plotted

Line style Solid dash (-)

Line color Blue (b)

Duplicate points at trace Check Duplicate points at

boundary trace boundary for modulations

such as PSK and QAM.

Clear to display the phase trees
for MSK, CPFSK, GFSK, GMSK,
and other continuous phase
modulations.
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Discrete-Time Eye Diagram Scope

Parameter

Recommended Setting

Color fading

Check Color fading for
animation that resembles an
oscilloscope.

Clear for greater speed and
animation that resembles a plot.

High quality rendering

Check High quality rendering
for better animation.

Clear for greater speed.

Eye diagram to display

Select In-phase and
Quadrature to view real and
imaginary components.

Select In-phase Only to view
real component only and for
greater speed.

When the input is real and

you choose In-phase and
Quadrature, the quadrature
component of the eye diagram is
Zero.

Open at start of simulation

Check Open at start of
simulation to view the signal at
the start of simulation.

Clear to view the signal after
convergence to steady state and
for greater initial speed.

2-151



Discrete-Time Eye Diagram Scope

Parameter Recommended Setting

Y-axis minimum Approximately 10% less than the
expected minimum value of the
signal

Y-axis maximum Approximately 10% greater than
the expected maximum value of
the signal

Scope Options

The scope title (in the window title bar) is the same as the block title.
You can set the axis scaling by setting the y-axis minimum and y-axis
maximum parameters on the Axes Properties panel.

In addition to the standard MATLAB figure window menus (File,
Edit, Window, Help), the Vector Scope window has an Axes and
a Channels menu.

The properties listed in the Axes menu apply to all channels. Many

of the parameters in this menu are also accessible through the block
parameter dialog box. These are Autoscale, Show grid, Frame #, and
Save Position. Below are descriptions of the other parameters listed
in the Axes menu:

® Autoscale resizes the y-axis to best fit the vertical range of the data.
The numerical limits selected by the autoscale feature are displayed
in the Minimum Y-limit and Maximum Y-limit parameters in the
parameter dialog box. You can change them by editing those values.

¢ Show grid - When selected, the scope displays a grid according to
tick marks on the x- and y-axes.

* Frame # - When selected, the scope displays the current frame
number at the bottom of the scope window.

e Save Position automatically updates the Scope position
parameter in the Figure properties panel to reflect the scope
window’s current position and size. To make the scope window open
at a particular location on the screen when the simulation runs,
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Discrete-Time Eye Diagram Scope

Dialog
Box

simply drag the window to the desired location, resize it as needed,

and select Save Position.

The properties listed in the Channels menu apply to a particular
channel. The parameters listed in this menu are Style, Marker, and
Color. They correspond to the parameters Line style, Marker, and

Line color, respectively.

You can also access many of these options by right-clicking with the
mouse anywhere on the scope display. The menu that pops up contains
a combination of the options available in both the Axes and Channels

menus.

E! Block Parameters: Discrete-Time Eye Diagram 5

Dizcrete-Time Eye Diagram Scope [mazk]

2|

The Digcrete-Time Eye Diagram Scope dizplays multiple traces of a modulated signal
to reveal the modulation characteristics such as pulze shaping, as well as channel

distortions of the signal.

The signal iz divided inta traces with length, 'S amples per symbal' * *Symbols per trace’

starting by skipping 'Offset’ samples at the beginning.

Samples per symbal:

Fendering Properties | Awxes Properties

Figure Properties

|a

Offset [samples]:

Jo

Symbols per trace:

Jh

Traces displayed:

Jao

Mew traces per display:

Jio

Ok I Lancel

Apply

Samples per symbol

Number of samples per symbol. Use with Symbols per trace to
determine the number of samples per trace.
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Discrete-Time Eye Diagram Scope

Offset (samples)
Nonnegative integer less than the product of Samples per

symbol and Symbols per trace, specifying the number of
samples to omit before plotting the first point. Tunable.

Symbols per trace
Positive integer specifying the number of symbols plotted per
trace.

Traces displayed
Number of traces plotted.

New traces per display
Positive integer less than Traces displayed, specifying the

number of new traces that appear in each display.

Azes Properties I Figure Properties I

Flotting Properties |
Markers:

Line style:

Line color:

[

¥ Diuplicate points at trace boundar
¥ Colar fading

IV High quality rendering

V' Show grid

Markers
The marker for points in the eye diagram. Tunable.

Line style
The line style in the eye diagram. Tunable.

Line color
The line color in the eye diagram. Tunable.

Duplicate points at trace boundary
Check to enable duplicate points at the trace boundary. Clear

to disable.
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Discrete-Time Eye Diagram Scope

Color fading
When selected, the points in the eye diagram fade as the interval
of time after they are first plotted increases. Tunable.

High quality rendering
When selected, the block renders a slow, higher-quality picture
with overwrite raster operations. When cleared, the block renders
a fast, lower-quality picture with XOR raster operations. Tunable.

Show grid
Toggles the scope grid on and off. Tunable.

I Figure Properties I

' awis minimum:
|15
' &z masimunm:
|15

In-phaze *-axiz label:

IIn-phase Amplitude

Quadrature v-axis label:

IQuadrature Amplitude

Y-axis minimum
Minimum signal value the scope displays. Tunable.

Y-axis maximum
Maximum signal value the scope displays. Tunable.

In-phase Y-axis label
Label for y-axis of the in-phase diagram. Tunable.

Quadrature Y-axis label
Label for y-axis of the quadrature diagram. Tunable.
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Discrete-Time Eye Diagram Scope

Examples
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Flotting Properties I Fendering Properties | Axes Properties

V' Open scope at start of simulation

Eye diagram to dizplay: I In-phaze and Quadrature LI
[T Trace rumber

Scope poszition:

|get[D,'defaultfigureposition'];
Title:
IE ve Diagram

Open scope at start of simulation
When selected, the scope opens at the start of simulation.
When cleared, you must double-click the block after the start of
simulation to open the scope. Tunable.

Eye diagram to display
Type of eye diagram to display. Choose In-phase and
Quadrature to display real and complex components, or In-phase
Only to display only the real component. Tunable.

Trace number

Displays the number of the current trace in the input sequenced.
Tunable.

Scope position
A four-element vector of the form [left bottom width height]
specifying the position of the scope window. (0,0) is the lower left
corner of the display. Tunable.

Title
Title of eye diagram figure window. Tunable.

For documentation examples that use this block, see “Example: Viewing
a Sinusoid” and “Example: Viewing a Modulated Signal”.

Also, the following Communications Blockset demos illustrate how to
use the Discrete-Time Eye Diagram Scope block:



Discrete-Time Eye Diagram Scope

CPM Phase Tree Example
Filtered Offset QPSK vs. Filtered QPSK

Rayleigh Fading Channel
QPSK vs. MSK

See Also Discrete-Time Scatter Plot Scope, Discrete-Time Signal Trajectory
Scope
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Discrete-Time Scatter Plot Scope

Purpose

Library

Description

2-158

Display in-phase and quadrature components of modulated signal
constellation

Comm Sinks

The Discrete-Time Scatter Plot Scope block displays scatter plots of a
modulated signal, to reveal the modulation characteristics, such as
pulse shaping or channel distortions of the signal.

The Discrete-Time Scatter Plot Scope block has one input port. The
input signal must be complex. The block accepts signal of type double,
single, base integer, and fixed-point for input, but will cast it as
double. In sample-based mode, the input signal must be a scalar value.
In frame-based mode, the input signal must be a column vector or

a scalar value.

See the reference page for the Discrete-Time Signal Trajectory Scope
block to compare the preceding scatter plot with the trajectory of the
same signal. The Discrete-Time Signal Trajectory Scope block connects
the points displayed by the Discrete-Time Scatter Plot Scope block to
display the signal trajectory.

Setting Samples per symbol to 8, increasing Points displayed to
100, and running the model for 100 seconds produces the following
scatter plot.



Discrete-Time Scatter Plot Scope
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Warning

Neither the Rapid Accelerator nor external mode allows for the
uploading of data to this block, preventing any display on this
scope. Run the model in accelerator or normal mode to take full
advantage of this scope block.

Markers and Color

The Markers and Color parameters, on the Rendering Properties
panel, specify the style and color of markers in the scatter plot. For
details on the options for these parameters, see the reference page for
the Discrete-Time Eye Diagram Scope block.

Recommended Settings

The following table summarizes the recommended parameter settings
for the Discrete-Time Scatter Plot Scope.
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Parameter

Recommended Setting

Samples per symbol

Same as the Samples per
symbol setting in the modulator
block, or the Interpolation
factor setting in the interpolation
block

Points displayed

10 times the alphabet size of the
modulator

New points per display

Same as Points displayed for
greater speed

A small positive integer for best
animation

Line style

Solid dash (-)

Line color

Blue (b)

Color fading

Check Color fading for
animation that resembles an
oscilloscope.

Clear for greater speed and
animation that resembles a plot.

High quality rendering

Check High quality rendering
for higher quality rendering.

Clear for greater speed.

Open at start of simulation

Check Open at start of
simulation to view the signal at
the start of simulation.

Clear to view the signal after
convergence to steady state and
for greater initial speed.




Discrete-Time Scatter Plot Scope

Dialog
Box

Parameter

Recommended Setting

X-axis minimum

Approximately 10% less than the
expected minimum value of the
signal

X-axis maximum

Approximately 10% greater than
the expected maximum value of
the signal

C1Block Parameters: Discrete-Time Scatter Plo

Dizcrete-Time Scatter Flot Scope [mazk)]

2|

The Digcrete-Time Scatter Plot Scope is used to display a modulated signal
constellation in itz signal space by plotting the In-phaze component versus the
Buadrature component.

Uze with 'Samples per Symbol' zet to 1 to view signals after detection or for signals
without overzampling. For oversampled signals, the input is decimated by 'Samples per
zymbaol' skipping ‘Offzet’ initial zamples.

Fendering Properties | Awxes Properties | Figure Properties

Samples per symbal:

Jh

Offset [samples]:

Jo
Foints dizplayed:

Jao
Mew points per display:

Jio

Ok I Lancel | Help Apply

Samples per symbol
Number of samples per symbol.

Offset (samples)

Nonnegative integer less than the number of samples per symbol,
specifying the number of samples to skip before plotting points.
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Discrete-Time Scatter Plot Scope

Points displayed
Total number of points plotted.

New points per display
Number of new points that appear in each display.

Flotting Properties | IAxes Froperties I Figure Properties I

Markers:

|

Line color:

[

V' Color fading

[+ High quality rendering
¥ Show grid

Markers
Line markers used in the scatter plot. Tunable.

Line color
The line color used in the scatter plot. Tunable.

Color fading
When selected, the points in the scatter plot fade as the interval

of time after they are first plotted increases. Tunable.

High quality rendering
When selected, the block renders a slow, higher-quality picture
with overwrite raster operations. When cleared, the block renders
a fast, lower-quality picture with XOR raster operations. Tunable.

Show grid
Toggles the scope grid on and off. Tunable.
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Discrete-Time Scatter Plot Scope

Flotting Properties | Rendering Properties

Figure Properties

F-awiz minimurm:

|15

F-awis masimnm:

|15

*r-awis minimum:

|15

' &z masimunm:

|15

In-phaze ¥-axiz label:

IIn-phase Amplitude

Quadrature v-axis label:

IQuadrature Amplitude

X-axis minimum

Minimum value the scope displays on the x-axis. Tunable.

X-axis maximum

Maximum value the scope displays on the x-axis. Tunable.

Y-axis minimum

Minimum signal value the scope displays on the y-axis. Tunable.

Y-axis maximum

Maximum signal value the scope displays on the y-axis. Tunable.

In-phase X-axis label
Label for x-axis. Tunable.

Quadrature Y-axis label
Label for y-axis. Tunable.
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Examples
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Flotting Properties | Fendering Properties | Axes Properties

V' Open scope at start of simulation
[~ Puirt rumber

Scope poszition:

Iget[D,'defaultfigureposition'];
Title:
IScatter Plot

Open at start of simulation
When selected, the scope opens at the start of simulation.
When cleared, you must double-click the block after the start of
simulation to open the scope.

Point number

Displays the number of the current point in the input sequence.
Tunable.

Scope position
A four-element vector of the form [left bottom width height]
specifying the position of the scope window. (0,0) is the lower left
corner of the display. Tunable.

Title
Title of scatter plot. Tunable.

For documentation examples that use this block, see “Example: Viewing
a Sinusoid” and “Example: Viewing a Modulated Signal”.

The following demos in Communications Blockset software illustrate
how to use the Discrete-Time Scatter Plot Scope block:

¢ Digital Video Broadcasting Model — Terrestrial

e HiperLAN/2



Discrete-Time Scatter Plot Scope

® Phase Noise Effects in 256 QAM
e Multipath Rayleigh Fading Channel

See Also Discrete-Time Eye Diagram Scope, Discrete-Time Signal Trajectory
Scope, Real-Imag to Complex
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Discrete-Time Signal Trajectory Scope

Purpose

Library

Description
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Plot modulated signal’s in-phase component versus its quadrature
component

Comm Sinks

The Discrete-Time Signal Trajectory Scope displays the trajectory of a
modulated signal in its signal space by plotting its in-phase component
versus its quadrature component.

The Discrete-Time Signal Trajectory Scope block has one input port.
The input signal must be complex. The block accepts signal of type
double, single, base integer, and fixed-point for input, but will cast it
as double. In sample-based mode, the input signal must be a scalar
value. In frame-based mode, the input signal must be a column vector
or a scalar value.

Warning

Neither the Rapid Accelerator nor external mode allows for the
uploading of data to this block, preventing any display on this
scope. Run the model in accelerator or normal mode to take full
advantage of this scope block.

Line Style and Color

The Line style and Line color parameters on the Rendering
Properties panel control the appearance of the signal trajectory.
The Line style parameter specifies the style for lines in the signal
trajectory. For details on the options for these parameters, see the
reference page for the Discrete-Time Eye Diagram Scope block.

Recommended Settings

The following table summarizes the recommended parameter settings
for the Discrete-Time Signal Trajectory Scope.



Discrete-Time Signal Trajectory Scope

Parameter

Recommended Setting

Samples per symbol

Same as the Samples per
symbol setting in the modulator
block, or the Interpolation
factor used in the interpolation
block

Symbols displayed

10 times the alphabet size of the
modulator, M

New symbols per display

Same as Symbols displayed for
greater speed

A small positive integer for best
animation

Line style

Solid dash (-)

Line color

Blue (b)

Color fading

Check Color fading for
animation that resembles an
oscilloscope.

Clear for greater speed and
animation that resembles a plot.

High quality rendering

Check High quality rendering
for higher quality rendering.

Clear for greater speed.

Open at start of simulation

Check Open at start of
simulation to view the signal at
the start of simulation.

Clear to view the signal after
convergence to steady state and
for greater initial speed.
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Parameter

Recommended Setting

Y-axis minimum

Approximately 10% less than the
expected minimum value of the
signal

Y-axis maximum

Approximately 10% greater than
the expected maximum value of
the signal

Dialog
Box
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CBlock Parameters: Discrete-Time Signal Traj 2=l

Dizcrete-Time Signal Trajectory Scope [mazk]

The Digcrete-Time Signal Trajectory Scope is uged to display a modulated signal
constellation in itz signal space by plotting the In-phaze component versus the
Buadrature component.

Fendering Properties | Awxes Properties | Figure Properties

Samples per symbal:

|a
Symbols dizplayed:

Jao
Mew symbols per dizplay:

Jio

Ok I Lancel | Help Apply

Samples per symbol
Number of samples per symbol.

Symbols displayed
Total number of symbols plotted.

New symbols per display

Number of new symbols that appear in each display.



Discrete-Time Signal Trajectory Scope

Flotting Properties Axes Properties | Figure Properties

Line style:

|.

Line color:

[

V' Color fading

[+ High quality rendering
¥ Show grid

Line markers
The line markers used in the signal trajectory. Tunable.

Line color
The line color used in the signal trajectory. Tunable.

Color fading
When selected, the points in the signal trajectory fade as the
interval of time after they are first plotted increases. Tunable.

High quality rendering
When selected, the block renders a slow, higher-quality picture
with overwrite raster operations. When cleared, the block renders
a fast, lower-quality picture with XOR raster operations. Tunable.

Show grid
Toggles the scope grid on and off. Tunable.
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Flotting Properties | Rendering Properties

Figure Properties
F-awiz minimurm:

|15

F-awis masimnm:

|15

*r-awis minimum:

|15

' &z masimunm:

|15

In-phaze ¥-axiz label:

IIn-phase Amplitude

Quadrature v-axis label:

|Quadrature Amplitude

X-axis minimum

Minimum value the scope displays on the x-axis. Tunable.
X-axis maximum

Maximum value the scope displays on the x-axis. Tunable.
Y-axis minimum

Minimum signal value the scope displays on the y-axis. Tunable.

Y-axis maximum
Maximum signal value the scope display on the y-axis. Tunable.

In-phase X-axis label
Label for x-axis. Tunable.

Quadrature Y-axis label
Label for y-axis. Tunable.



Discrete-Time Signal Trajectory Scope

Examples

Flotting Properties | Fendering Properties | Axes Properties

IV Open scope at start of simulation
™ Symbol number

Scope poszition:

Iget[D,'defaultfigureposition'];
Title:
ISignaI Trajectory

Open at start of simulation
When selected, the scope opens at the start of simulation.
When cleared, you must double-click the block after the start of
simulation to open the scope. Tunable

Symbol number
Displays the number of the current symbol in the input sequence.
Tunable.

Scope position
A four-element vector of the form [left bottom width height]
specifying the position of the scope window. (0,0) is the lower left
corner of the display. Tunable.

Title
Title of signal trajectory plot. Tunable.

For documentation examples that use this block, see “Example: Viewing
a Sinusoid” and “Example: Viewing a Modulated Signal”.

Also, the following demos in Communications Blockset software
illustrate how to use the Discrete-Time Signal Trajectory Scope:

¢ Filtered Offset QPSK vs. Filtered QPSK
¢ GMSK vs. MSK

2-171



Discrete-Time Signal Trajectory Scope

See Also Discrete-Time Eye Diagram Scope, Discrete-Time Scatter Plot Scope
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Discrete-Time VCO

Purpose
Library

Description

Discrete-Time
WwCo

Implement voltage-controlled oscillator in discrete time
Components sublibrary of Synchronization

The Discrete-Time VCO (voltage-controlled oscillator) block generates a
signal whose frequency shift from the Quiescent frequency parameter
is proportional to the input signal. The input signal is interpreted as a
voltage. If the input signal is u(f), then the output signal is

y(t) = A, cos(2nfct +2onk, j; w)dt+ (p))

where A_ is the Output amplitude, f, is the Quiescent 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 can be scalars of data type single or
double. The data type of the output will be the same as that of the input
signal. The block supports double precision only for code generation.
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Dialog
Box

See Also
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Z1Block Parameters: Discrete-Time ¥CO 2=l

—Discrete-Time YCO [mask)

Generate a discrete-time output zsignal whoze frequency changes in responge to the
amplitude variations of the input gignal. The input signal must be a scalar.

=
F

Output amplitude [4]:
Quiescent frequency [Hz):
J10

Input sensitivity [HzAf):
Jh

Initial phaze [rad]:

Jo

Sample time [z]:
|

Ok I Lancel Help Apply

Output amplitude
The amplitude of the output.

Quiescent frequency (Hz)
The frequency of the oscillator output when the input signal is
Zero.

Input sensitivity
This value scales the input voltage and, consequently, the shift
from the Quiescent 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.

Continuous-Time VCO



DQPSK Demodulator Baseband

Purpose
Library

Description

AL

LQPsk

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. The
block accepts the input data types single and double.

Ovutputs and Constellation Types

If the Output type parameter is set to Integer, then the block maps a
phase difference of

0 + mm/2

to m, where 0 is the Phase rotation parameter and m is 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 theDQPSK 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.
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Dialog
Box

Pair Block
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EJFunction Block Parameters: DQPSK Demodula x|

— DAPSK Demodulatar Baseband (maszk] [link]

Demodulate the input signal using the differential guaternary phase shift keying
methad.

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

The output can be either bits or integers. In case of bit output, the output width is an

— P
F

Dutput type:
Constellation ordering: IBinary LI
Fhase ratation [rad):

pifd

Output data type: IInherit wvia internal rule LI

QK I Cancel Help | Apply |

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 rotation (rad)

This phase difference between the current and previous modulated

symbols results in an output of zero.

Output data type

When the parameter is set to 'Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is of type single or double.

For integer outputs, this block can output the data types int8,
uint8, int16, uint16, int32, uint32, single, and double. For
bit outputs, output can be int8, uint8, int16, uint16, int32,

uint32, boolean, single, or double.

DQPSK Modulator Baseband



DQPSK Demodulator Baseband
|

See Also M-DPSK Demodulator Baseband, DBPSK Demodulator Baseband,
QPSK Demodulator Baseband
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DQPSK Modulator Baseband

Purpose

Library

Description

2-178

L

LQPsk

Modulate using 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. For integer inputs, the block
can accept the data types int8, uint8, int16, uint16, int32, uint32,

single, and double. For bit inputs, the block can accept int8, uints,

int16, uint16, int32, uint32, boolean, single, and double.

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 + jum/2)

where 0 is the Phase rotation parameter. If a successive input is m,
then the modulated symbol is the previous modulated symbol multiplied
by exp(jO + jmm/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 rotation parameter is set to pi/4; in
other cases, the two schematics would be rotated accordingly.



DQPSK Modulator Baseband

Binary Gray
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The figure below shows the signal constellation for the DQPSK
modulation method when the Phase rotation parameter is /4. The
arrows indicate the four possible transitions from each symbol to the
next symbol. The Binary and Gray options determine which transition
1s associated with each pair of input values.

I
®

®  (onstellation point

<— Transition to next point
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Dialog
Box

Pair Block
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More generally, if the Phase rotation parameter has the form m/k for
some integer k, then the signal constellation has 2k points.

JFunction Block Parameters: DQPSK Modulator B x|

—DRPSK Modulatar Baseband [mask] (link)

Modulate the input signal uging the differential quaternary phase shift keying method.

The input can be either bits or integers. In caze of sample-based bit input, the input
width must be two. In case of frame-based bit input, the input width must be an integer
multiple of bwo.

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

The input can be either binary-mapped or Gray-mapped into spmbols.

=
F

Input type: g
Constellation ordering: | Binary LI
Fhase ratation [rad):
pifd
Output Data type: | double LI
ak. I Caneel Help | Apply |
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 rotation (rad)
The phase difference between the previous and current modulated
symbols when the input is zero.

Output Data type
The output data type can be either single or double. By default,
the block sets this to double.

DQPSK Demodulator Baseband



DQPSK Modulator Baseband
|

See Also M-DPSK Modulator Baseband, DBPSK Modulator Baseband, QPSK
Modulator Baseband
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DSB AM Demodulator Passband

Purpose

Library

Description

2-182

LT T

LB A

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 order,
coefficients, passband ripple and stopband ripple are described by their
respective lowpass filter parameters.

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.



DSB AM Demodulator Passband

L]
Dla Iog E! Function Block Parameters: DSB AM Demodulator F ll
—DSE Ak Demodulator Passband [mask] [link]
Block )

Demodulate a double-sideband amplitude modulated signal. The input signal must be a
zample-bazed scalar. The output is a 1-0 sample-based scalar.

=
F

Input sighal offset:
Carrier frequency [Hz):
Ja00

Initial phase [rad);
Jo

Lowpass filker design method:l Butterwarth LI
Filter order:

J4

Cutoff frequency [Hz]:

Ja00

QK I Cancel Help Apply

Input signal offset
The same as the Input signal offset parameter in the
corresponding DSB AM Modulator Passband block.

Carrier frequency (Hz)
The frequency of the carrier in the corresponding DSB AM
Modulator Passband block.

Initial phase (rad)
The initial phase of the carrier in radians.

Lowpass filter design method
The method used to generate the filter. Available methods are
Butterworth, Chebyshev type I, Chebyshev type II, and Elliptic.

Filter order
The order of the lowpass digital filter specified in the Lowpass
filter design method field .
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DSB AM Demodulator Passband

Pair Block

2-184

Cutoff frequency (Hz)
The cutoff frequency of the lowpass digital filter specified in the
Lowpass filter design method field in Hertz.

Passband ripple (dB)
Applies to Chebyshev type I and Elliptic filters only. This is
peak-to-peak ripple in the passband in dB.

Stopband ripple (dB)
Applies to Chebyshev type IT and Elliptic filters only. This is the
peak-to-peak ripple in the stopband in dB.

DSB AM Modulator Passband



DSB AM Modulator Passband
|

Purpose Modulate using double-sideband amplitude modulation
Librclry Analog Passband Modulation, in Modulation

Description The DSB AM Modulator Passband block modulates using

double-sideband amplitude modulation. The output is a passband

<ML representation of the modulated signal. Both the input and output
peBAM signals are real sample-based scalar signals.

If the input is u(f) as a function of time ¢, then the output is
(w(t) + k) cos(2mf,t + 6)
where:

® kis the Input signal offset parameter.

¢ f.is the Carrier frequency parameter.

® 0 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 wu(%).

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.
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Dialog
Box

Pair Block
See Also
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EJFunction Block Parameters: DSB AM Modulator Pas x|

—DSE Ak Modulator Pazsband [mask)] [link]

Modulate the input signal uging the double-gsideband amplitude modulation method.
The input signal must be a sample-bazed scalar. The output iz a 1-D sample-bazed

=

Input signal offset:

Carrier frequency [Hz):
Ja00

Initial phaze [rad]:

Jo

QK I Cancel Help Apply

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.

DSB AM Demodulator Passband

DSBSC AM Modulator Passband, SSB AM Modulator Passband



DSBSC AM Demodulator Passband

Purpose
Library

Description

LT T

LSBESC Al

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 order,
coefficients, passband ripple and stopband ripple are described by the
their respective lowpass filter parameters.

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.
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L]
DIG Iog E! Function Block Parameters: DSBSC AM Demodulato x|

Box —DSBSC AWM Demodulator Pazsband [mazk] (link]

Demodulate a double-sideband suppreszed carier amplitude modulated signal. The
input zignal must be a sample-based scalar. The output is a 1-0 zample-based scalar.

=

Carrier frequency [Hz):
0]
Initial phase [rad):
Jo

Lowpass filker design method:l Butterwarth LI
Filter order:

J4

Cutoff frequency [Hz]:

Ja00

QK I Cancel | Help Apply

Carrier frequency (Hz)
The carrier frequency in the corresponding DSBSC AM Modulator
Passband block.

Initial phase (rad)
The initial phase of the carrier in radians.

Lowpass filter design method
The method used to generate the filter. Available methods are
Butterworth, Chebyshev type I, Chebyshev type II, and Elliptic.

Filter order
The order of the lowpass digital filter specified in the Lowpass
filter design method field .

Cutoff frequency (Hz)
The cutoff frequency of the lowpass digital filter specified in the
Lowpass filter design method field in Hertz.

Passband Ripple (dB)
Applies to Chebyshev type I and Elliptic filters only. This is
peak-to-peak ripple in the passband in dB.
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DSBSC AM Demodulator Passband
|

Stopband Ripple (dB)
Applies to Chebyshev type IT and Elliptic filters only. This is the
peak-to-peak ripple in the stopband in dB.

Pair Block DSBSC AM Modulator Passband

See Also DSB AM Demodulator Passband, SSB AM Demodulator Passband
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DSBSC AM Modulator Passband

Purpose

Library

Description

A

LSBESC Al

Dialog
Box
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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(f) as a function of time ¢, then the output is
u(t) cos(2nf, t + 6)

where f, is the Carrier frequency parameter and 0 is the Initial
phase parameter.

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.

EIFunction Block Parameters: DSBSC AM Modulak x|

—DSBSC AM Modulator Pazsband [mask)] [link]

Modulate the input signal uging the double-zsideband suppressed carier amplitude
modulation method. The input signal must be a sample-bazed scalar. The output iz a
1-D zample-based scalar.

=
F

Carrier frequency [Hz):
0]
Initial phase [rad):
Jo

QK I Cancel Help Apply




DSBSC AM Modulator Passband

Pair Block
See Also

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

DSBSC AM Demodulator Passband

DSB AM Modulator Passband, SSB AM Modulator Passband

2-191



Early-Late Gate Timing Recovery

Purpose

Library

Description

2-192

Early-Late GateS\‘rm
Timing Recoveny Fh

Recover symbol timing phase using early-late gate method
Timing Phase Recovery sublibrary of Synchronization

The Early-Late Gate Timing Recovery block recovers the symbol timing
phase of the input signal using the early-late gate method. This block
implements a non-data-aided feedback method.

Inputs

By default, the block has one input port. Typically, the input signal is
the output of a receive filter that is matched to the transmitting pulse
shape. For best results, the input signal power should be normalized.
The input must be a scalar or a frame-based column vector. The input
uses N samples to represent each symbol, where N > 1 is the Samples
per symbol parameter. If the input is frame-based, then its vector
length is N*R, where R is a positive integer that indicates the number
of symbols per frame. If the input is sample-based, then its sample time
is 1/N times the underlying symbol period.

If the Reset parameter is set to On nonzero input via port, then the
block has a second input port, labeled Rst. The Rst input determines

when the timing estimation process restarts, and must be a scalar. The
sample time of the Rst input equals the symbol period if the input signal
1s sample-based, and the frame period if the input signal is frame-based.

Typically, Samples per symbol is at least 4 and the input signal is

shaped using a raised cosine filter.

Outputs

The block has two output ports, labeled Sym and Ph:

¢ The Sym output is the result of applying the estimated phase
correction to the input signal. This output is the signal value for each

symbol, which can be used for decision purposes. The values in the
Sym output occur at the symbol rate:



Early-Late Gate Timing Recovery

= If the input signal is a frame-based column vector of length N*R,
then the Sym output is a frame-based column vector of length R
having the same frame period.

= If the input signal is a sample-based scalar with sample time T/N,
then the Sym output is a sample-based scalar with sample time T.

® The Ph output gives the phase estimate for each symbol in the input
signal.

The Ph output contains nonnegative real numbers less than N.
Noninteger values for the phase estimate correspond to interpolated
values that lie between two values of the input signal. The sample
time or frame period of the Ph output is the same as that of the Sym
output.

Note If the Ph output is very close to either zero or Samples per

symbol, or if the actual timing phase offset in your input signal is
very close to zero, then the block’s accuracy might be compromised
by small amounts of noise or jitter. The block works well when the
timing phase offset is significant rather than very close to zero.

Delays

This block incurs a delay of two symbols when the input is frame-based
and three symbols when the input is sample-based.
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Dialog
Box

Algorithm
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E1Block Parameters: Early-Late Gate Timing Reco / 2=l

—Early-Late Gate Timing Recovery [mask)

Fecover the symbal timing phaze uzing the early-late gate method. Thiz
hon-data-aided feedback method is suitable for linear baseband modulations.

The method estimates the symbal timing phase offset for each incoming symbal and
outputs the signal value comesponding to the estimated spmbol zampling ingtant.

The gecond output returns the estimated timing phase offset for each symbol, which
iz a nonnegative real number lezs than M where M iz the number of samples per
zymbaol.

The ermor update gain parameter iz the step size used for updating the successive
phase estimates.

=
F

Samples per symbal:

Error update gain:
Joos

Reset: I MHone LI

Ok | Lancel | Help | Apply |

Samples per symbol
The number of samples, N, that represent each symbol in the
input signal. This must be greater than 1.

Error update gain
A positive real number representing the step size that the block
uses for updating successive phase estimates. Typically, this
number is less than 1/N, which corresponds to a slowly varying
phase.

Reset
Determines whether and under what circumstances the block
restarts the phase estimation process. Choices are None, Every
frame, and On nonzero input via port. The last option causes
the block to have a second input port, labeled Rst.

This block uses a timing error detector whose result for the kth symbol
1s e(k), given by
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References

See Also

e(k) = ar(k) +ag(k)
aI(k) = yI(kT+dk){y1(kT+T/2+dk)—y1(kT—T/2+dk_1)}
aq(®) = yokT +dp){yg(RT + T /2+dy) - yo (kT T/ 2+dj,_1)}

where

® y,and yq are the in-phase and quadrature components, respectively,
of the block’s input signal

¢ T is the symbol period

¢ d, is the phase estimate for the kth symbol

For more information about the role that e(k) plays in this block’s

algorithm, see “Feedback Methods for Timing Phase Recovery” in
Commaunications Blockset User’s Guide.

[1] Mengali, Umberto and Aldo N. D’Andrea, Synchronization
Techniques for Digital Receivers, New York, Plenum Press, 1997.

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

Gardner Timing Recovery, Squaring Timing Recovery, Mueller-Muller
Timing Recovery
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Error Rate Calculation

Purpose
Library

Description

T Error Rate
Caleulation
R

2-196

Compute 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.

Note This block does not generate C code when the block parameter
Output data is set to Workspace. Consider changing Output data
to Port instead.

Input Data

This block has between two and four input ports, depending on how
you set the dialog 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 of fixed-point data type, or int8, uint8, int16, uint16, int32,
uint32, boolean, single, or double. 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 Communications Blockset Repeat block using the
Maintain input frame rate option.)
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If you check the Reset port box, then an additional inport appears,
labeled Rst. The Rst input must be a sample-based scalar signal (of
type double or boolean) 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 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

of type double.

The guidelines below indicate how you should configure the inputs
and the dialog parameters depending on how you want this block to
interpret your Tx and Rx data.

¢ Ifboth 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 dialog. 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
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format as that of the Selected samples from frame parameter
described above.

¢ [f 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.
The Error Rate Calculation block ignores zeros in the Sel signal.

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 base MATLAB workspace or to
an output port, depending on how you set the Output data parameter:

¢ If you set the Output data parameter to Workspace and fill in the
Variable name parameter, then that variable in the base MATLAB
workspace 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®
software, then you should not use the Workspace option; instead, use
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the Port option below and connect the output port to a Simulink
To Workspace block.

e 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.

If you do not know the receive delay in your model, you can use the
Align Signals block, which automatically compensates for the delay. If
you use the Align Signals block, you should set the Receive delay in
the Error Rate Calculation block to 0.

Alternatively, you can use the Find Delay block to find the value of the
delay, and then set the Receive delay parameter in the Error Rate
Calculation block to that value.

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.
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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.

Stopping the Simulation Based on Error Statistics

You can configure this block so that its error statistics control

the duration of simulation. This is useful for computing reliable
steady-state error statistics without knowing in advance how long
transient effects might last. To use this mode, check the Stop
simulation check box. The block attempts to run the simulation until
it detects Target number of errors errors. However, the simulation
stops before detecting enough errors if the time reaches the model’s
Stop time setting (in the Configuration Parameters dialog box),
if the Error Rate Calculation block makes Maximum number of
symbols comparisons, or if another block in the model directs the
simulation to stop.

To ignore either of the two stopping criteria in this block, set the
corresponding parameter (Target number of errors or Maximum
number of symbols) to Inf. For example, to reach a target number of
errors without stopping the simulation early, set Maximum number
of symbols to Inf and set the model’s Stop time to Inf.

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

e 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
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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 ¢.

—A A Error rates as fractions
™x123123177-165—>)Tx Error Rate

. > 0/4-1/4-12/1-4/10—>
Rx * * 1-2 4 12 3 3-3 2 11— JRx Calculation

t=0 =1

time time

Note: Tx and Rx inputs are frame-based column vectors.

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.
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=0 t=1
A"
2312317716 5—> ATx c R Error rates as fractions
rror Rate
Rx = * 1-2 4 1-233-32 11— X COlCUlOﬁOﬂ > 0/4-1/4-2/1-2/3—>
~ =0 1]
0 0 0 1 » Rst
=0 =1 time fime

Note: Tx and Rx inputs are frame-based column vectors.

Tuning Parameters in an RSim Executable (Real-Time
Workshop Software)

If you use the Real-Time Workshop rapid simulation (RSim) target
to build an RSim executable, then you can tune the Target number
of errors and Maximum number of symbols parameters without
recompiling the model. This is useful for Monte Carlo simulations in
which you run the simulation multiple times (perhaps on multiple
computers) with different amounts of noise.
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E1Block Parameters: Error Rate Calculation 2=l

—Emor Rate Calculation [mazk]

Compute the errar rate of the received data by comparing it to a delayed version of
the tranzmitted data. The block output is a three-element vector congisting of the
erar rate, followed by the number of errors detected and the total number of symbals
compared. This vector can be sent to either the workspace or an output port.

The delays are specified in number of samples, regardless of whether the input is a
zcalar or a vector. The inputs to the 'Tx" and ‘A=’ ports must be sample-bazed scalars
ar frame-based column vectars.

The 'Stop simulation’ option stops the simulation upon detecting a target number of
erors or a maximum number of spmbols, whichever comes first.

=) |
F

Feceive delay:
0]
Computation delay:
Jo

Computation mode: I Entire frame LI

Output data: IW’orkspace LI
Y ariable name:

IErrorVec:

™ Reset port

I~ Stop simulation

Target number of errors:
Jioa

M aximum number of symbols:
Jeg

ok | Lancel Help Apply

Dialog
Box

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.
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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.

Output data
Either Workspace or Port, depending on where you want to send
the output data.

Variable name
Name of variable for the output data vector in the base MATLAB
workspace. This field appears only if Qutput data is set to
Workspace.

Reset port
If you check this box, then an additional input port appears,
labeled Rst.

Stop simulation
If you check this box, then the simulation runs only until this
block detects a specified number of errors or performs a specified
number of comparisons, whichever comes first.

Target number of errors
The simulation stops after detecting this number of errors. This
field is active only if Stop simulation is checked.

Maximum number of symbols
The simulation stops after making this number of comparisons.
This field is active only if Stop simulation is checked.

Align Signals, Find Delay
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Purpose

Library

Description

sRef Fing

zDel Delay

delay

Find delay between two signals
Utility Blocks

The Find Delay block finds the delay between a signal and a delayed,
and possibly distorted, version of itself. The block is particularly useful
when you want to compare a transmitted and received signal to find the
bit error rate, but do not know the delay in the received signal. See
“Computing Delays” for more information about signal delays.

The input port labeled sRef receives the original signal, while the input
port labeled sDel receives the delayed version of the signal. The two
input signals must have the same sample times.

The output port labeled delay outputs the delay in units of samples. If
you select Include "change signal" output port, then an output
port labeled chg appears. The chg output port outputs 1 when there

is a change from the delay computed at the previous sample, and 0
when there is no change. The delay output port outputs signals of type
double, and the chg output port outputs signals of type boolean.

The block’s Correlation window length parameter specifies

how many samples of the signals the block uses to calculate the
cross-correlation. The delay output is a nonnegative integer less than
the Correlation window length.

As the Correlation window length is increased, the reliability of
the computed delay also increases. However, the processing time to
compute the delay increases as well.

You can make the Find Delay block stop updating the delay after it
computes the same delay value for a specified number of samples. To
do so, select the Disable recurring updates check box, and enter a
positive integer in the Number of constant delay outputs to disable
updates field. For example, if you set Number of constant delay
outputs to disable updates to 20, the block will stop recalculating
and updating the delay after it calculates the same value 20 times in
succession. Disabling recurring updates causes the simulation to run
faster after the target number of constant delays occurs.
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Tips for Using the Block Effectively

Set Correlation window length sufficiently large so that the
computed delay eventually stabilizes at a constant value. When
this occurs, the signal from the optional chg output port stabilizes
at the constant value of zero. If the computed delay is not constant,
you should increase Correlation window length. If the increased
value of Correlation window length exceeds the duration of

the simulation, then you should also increase the duration of the
simulation accordingly.

If the cross-correlation between the two signals is broad, then the
Correlation window length value should be much larger than the
expected delay, or else the algorithm might stabilize at an incorrect
value. For example, a CPM signal has a broad autocorrelation, so

it has a broad cross-correlation with a delayed version of itself. In
this case, the Correlation window length value should be much
larger than the expected delay.

If the block calculates a delay that is greater than 75 percent of the
Correlation window length, the signal sRef is probably delayed
relative to the signal sDel. In this case, you should switch the signal
lines leading into the two input ports.

Finding the Delay Before Calculating an Error Rate

A typical use of this block is to determine the correct Receive

delay parameter in the Error Rate Calculation block. This is
illustrated in “Finding the Delay in a Model”. In that example, the
modulation/demodulation operation introduces a computational delay
into the received signal and the Find Delay block determines that the
delay is 6 samples. This value of 6 becomes a parameter in the Error
Rate Calculation block, which computes the bit error rate of the system.

Another example of this usage is in “Computing Delays”.

Finding the Delay to Help Align Words

Another typical use of this block is to determine how to align the
boundaries of frames with the boundaries of codewords or other types of
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data blocks. “Manipulating Delays” describes when such alignment is
necessary and also illustrates, in the “Aligning Words of a Block Code”
discussion, how to use the Find Delay block to solve the problem.

Setting the Correlation Window Length

The next example illustrates how to tell when the Correlation
window length is not sufficiently large.

i Iy B T
EIeBr.nu:-uIIi sRef Find delay +|:|
nan Dela
— =Del ¥ chg e
Bermoulli Binary 10
Generator = Find Drelay Scape

Crelay

The model uses a Delay block to delay a signal by 10 samples, and uses
the Find Delay block to compare the original signal with the delayed
version. The model then displays the output of the Find Delay block in a
scope. If the Correlation window length is 15, the scope shows that
the calculated delay is not constant over time, as you can see below.

a0 100 120 140 160 180 200

This result tells you to increase the Correlation window length. If
you increase it to 50, the calculated delay stabilizes at 10, as shown
below.
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Delay

100 120 140 160

Dialog 213

Box —Find Delay [mask]

Find the delay between two signals sRef and sDel by finding the masimum of the
crozs-conelation function between them. The signal sDel should be delayed relative to
sRef, or else the computed delay will be incomect.

The optional ""change signal” output port emits an impulze at the time instant when the
current computed delay changes from the previous computed delay.

=
F

Correlation window length [samplez]:
[

™ Include "change signal” output port

[™ Disable recurring updates

Ok I Lancel | Help | Apply

Correlation window length
The number of samples the block uses to calculate the
cross-correlations of the two signals.

Include "change signal" output port
If you select this option, then the block has an extra output port
that emits an impulse when the current computed delay differs
from the previous computed delay.

Disable recurring updates
Selecting this option causes the block to stop computing the delay
after it computes the same delay value for a specified number
of samples.
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Number of constant delay outputs to disable updates
A positive integer specifying how many times the block must
compute the same delay before ceasing to update. This field
appears only if Disable recurring updates is selected.

Algorithm The Find Delay block finds the delay by calculating the cross-correlations
of the first signal with time-shifted versions of the second signal, and

then finding the index at which the cross-correlation is maximized.

See Also Align Signals, Error Rate Calculation
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Library

Description
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LT T

Fhd

Demodulate FM-modulated data
Analog Passband Modulation, in Modulation

The FM Demodulator Passband block demodulates a signal that was
modulated using frequency modulation. The input is a passband
representation of the modulated signal. Both the input and output
signals are real sample-based scalar signals.

For best results, use a carrier frequency which is estimated to be larger
than 10% of the reciprocal of your input signal’s sample time. This is
due to the implementation of the Hilbert transform by means of a filter.

In the following example, we sample a 10Hz input signal at 8000
samples per second. We then designate a Hilbert Transform filter
of order 100. Below is the response of the Hilbert Transform filter as
returned by fvtool.
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-} Figure 1: Filter ¥isualization Tool - Magnitude (dB) and Phase R nses =10l x|
Eile Edit Analysis Insert Wew ‘Window Help - u
DR KOTNNNR 220X 12k
MR £ 2 0 Bk &R E

Magnitude (dB) and Phase Responzses

10 ¢ T T

Magnitude (dB)
Phase (radianz)

501 f ' ' ' ' | -160
05 1 15 2 25 < 35
Frequency (kHz)

Note the bandwidth of the filter’s magnitude response. By choosing a
carrier frequency larger than 10% (but less than 90%) of the reciprocal
of your input signal’s sample time (8000 samples per second, in this
example) or equivalently, a carrier frequency larger than 400Hz, we
ensure that the Hilbert Transform Filter will be operating in the flat
section of the filter’s magnitude response (shown in blue), and that our
modulated signal will have the desired magnitude and form.

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.
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Pair Block
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This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.

ZJFunction Block Parameters: FM Demodulator Passh x|

—FM Demodulator Pazsband [mazk] (link]

Demodulate a frequency modulated signal with a discriminator. The input signal must
be a sample-bazed scalar. The output is a 1-0 zample-based scalar.

Carrier frequency [Hz):
[Em
Initial phaze [rad]:

Jo

Frequency deviation [Hz]:

50

Hilbert tranzform filker order [must be even]:
J100

QK I Cancel | Help Apply

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

Frequency deviation (Hz)
The frequency deviation of the carrier frequency in Hertz.
Sometimes it is referred to as the "variation" in the frequency.

Hilbert transform filter order
The length of the FIR filter used to compute the Hilbert transform.

FM Modulator Passband
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Purpose Modulate using frequency modulation
Librclry Analog Passband Modulation, in Modulation
Description 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.

g 1)

Fhi

If the input is u(f) as a function of time ¢, then the output is
t
cos(anct + 21K, jo u(tdt+ 6)

where:

¢ f is the Carrier frequency parameter.

¢ 0O is 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.

By the Nyquist sampling theorem, the reciprocal of the model’s sample
time (defined by the model’s signal source) must exceed twice the
Carrier frequency parameter.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.
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Pair Block
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IFunction Block Parameters: FM Modulator Passbal x|

—FM Modulator Pazsband [mask] [link]

Modulate the input signal uzging the frequency modulation method. The input zignal
must be a sample-bazed scalar. The output iz a1-D sample-bazed scalar.

=

Carrier frequency [Hz):
[Em
Initial phaze [rad]:

Jo

Frequency deviation [Hz]:
50

QK I Cancel | Help Apply

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

Frequency deviation (Hz)
The frequency deviation of the carrier frequency in Hertz.
Sometimes it is referred to as the "variation" in the frequency.

FM Demodulator Passband



Free Space Path Loss

Purpose
Library

Description

Frae Space
Fath Loz
10 dB

Dialog
Box

Reduce amplitude of input signal by amount specified
RF Impairments

The Free Space Path Loss block simulates the loss of signal power due
to the distance between transmitter and receiver. The block reduces
the amplitude of the input signal by an amount that is determined in
either of two ways:

¢ By the Distance (km) and Carrier frequency (MHz) parameters,
if you specify Distance and Frequency in the Mode field

¢ By the Loss (dB) parameter, if you specify Decibels in the Mode
field

The input to this block must be a complex signal.

[=)Block Parameters: Free Space Path Loss | 21xl

—Free Space Path Loss [mask)]

Fieduce the amplitude of the input signal by the amount specified. The losz can be
specified directly using the "Decibels" mode, or indirectly using the "Distance and
Frequency'' mode.

The reciprocal of the loss is applied as a gain, e.g., a loss of +20 dB, which reduces
the signal by a factor of 10, comesponds to a gain value of 0.1

Mote: The decibel amount shown on the mask iz rounded for dizsplay purpozes only.

nd Frequency
Distance [km]:
Jo1on

Carrier frequency [MHz]:
J1320

Ok Lancel Help Apply

Mode
Method of specifying the amount by which the signal power
is reduced. The choices are Decibels and Distance and
Frequency.
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Loss

The signal loss in decibels. This parameter appears when you
set Mode to Decibels.

Distance
Distance between transmitter and receiver in kilometers. This

parameter appears when you set Mode to Distance and
Frequency.

Carrier frequency (MHz)
The carrier frequency in megahertz. This parameter appears
when you set Mode to Distance and Frequency.

The model below illustrates the effect of the Free Space Path Loss block
with the following parameter settings:

® Mode is set to Distance and Frequency.
¢ Distance (km) is set to 0.5

¢ Carrier frequency (MHz) is set to 180

Free Space 0.0002651
comple=1) Fath Loss
7z dB

Constant

¥

Free Space Display
Fath Loss

Memoryless Nonlinearity
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Purpose
Library

Description

Gardner Sym

Timing Recovery o

Recover symbol timing phase using Gardner’s method
Timing Phase Recovery sublibrary of Synchronization

The Gardner Timing Recovery block recovers the symbol timing phase
of the input signal using Gardner’s method. This block implements a
non-data-aided feedback method that is independent of carrier phase
recovery. The timing error detector that forms part of this block’s
algorithm requires at least two samples per symbol, one of which is the
point at which the decision can be made.

Inputs

By default, the block has one input port. Typically, the input signal is
the output of a receive filter that is matched to the transmitting pulse
shape. For best results, the input signal power should be less than 1.
The input must be a scalar or a frame-based column vector. The input
uses N samples to represent each symbol, where N > 1 is the Samples
per symbol parameter. If the input is frame-based, then its vector
length is N*R, where R is a positive integer that indicates the number
of symbols per frame. If the input is sample-based, then its sample time
is 1/N times the underlying symbol period.

If the Reset parameter is set to On nonzero input via port, then the
block has a second input port, labeled Rst. The Rst input determines

when the timing estimation process restarts, and must be a scalar. The
sample time of the Rst input equals the symbol period if the input signal
is sample-based, and the frame period if the input signal is frame-based.

Outputs
The block has two output ports, labeled Sym and Ph:

e The Sym output is the result of applying the estimated phase
correction to the input signal. This output is the signal value for each
symbol, which can be used for decision purposes. The values in the
Sym output occur at the symbol rate:
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= If the input signal is a frame-based column vector of length N*R,
then the Sym output is a frame-based column vector of length R
having the same frame period.

= If the input signal is a sample-based scalar with sample time T/N,
then the Sym output is a sample-based scalar with sample time T.

The Ph output gives the phase estimate for each symbol in the input.

The Ph output contains nonnegative real numbers less than N.
Noninteger values for the phase estimate correspond to interpolated
values that lie between two values of the input signal. The sample
time or frame period of the Ph output is the same as that of the Sym
output.

Note If the Ph output is very close to either zero or Samples per

symbol, or if the actual timing phase offset in your input signal is
very close to zero, then the block’s accuracy might be compromised
by small amounts of noise or jitter. The block works well when the
timing phase offset is significant rather than very close to zero.

Delays

This block incurs a delay of two symbols when the input is frame-based
and three symbols when the input is sample-based.
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L]
DIG Iog E! Block Parameters: Gardner Timing Recovery ﬂﬂ
—Gardner Timing Recovery [mask)
Box ,

Fiecover the symbol timing phaze uzing Gardner's method. This non-data-aided
feedback method iz suitable for linear baseband modulations.

The method estimates the symbal timing phase offset for each incoming symbal and
outputs the signal value comesponding to the estimated spmbol zampling ingtant.

The gecond output returns the estimated timing phase offset for each symbol, which
iz a nonnegative real number lezs than M where M iz the number of samples per
zymbaol.

The ermor update gain parameter iz the step size used for updating the successive
phase estimates.

=
F

Samples per symbal:

Error update gain:
Joos

Reset: I MHone LI

Ok | Lancel | Help | Apply |

Samples per symbol
The number of samples, N, that represent each symbol in the
input signal. This must be greater than 1.

Error update gain
A positive real number representing the step size that the block
uses for updating successive phase estimates. Typically, this
number is less than 1/N, which corresponds to a slowly varying
phase.

Reset
Determines whether and under what circumstances the block
restarts the phase estimation process. Choices are None, Every
frame, and On nonzero input via port. The last option causes
the block to have a second input port, labeled Rst.

Algorithm This block uses a timing error detector whose result for the kth symbol
1s e(k), given by
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e(k) = ar(k) +ag(k)

aI(k) = {yl((k —1)T+ dk—l) —yl(kT +dk)}y1(kT— T/2+ dk—l)

aqg®R) ={yo((k—DT +dj,_1) - yo (kT +dp)} yo (kT T /2+dj,_1)
where
® y,and yq are the in-phase and quadrature components, respectively,

of the block’s input signal
e T is the symbol period
¢ d, is the phase estimate for the kth symbol
Notice from the expressions in curly braces above that the timing error
detector approximates the derivative of y using finite differences.

For more information about the role that e(k) plays in this block’s
algorithm, see “Feedback Methods for Timing Phase Recovery” in
Communications Blockset User’s Guide.

The commgardnerphrecov demonstration model uses this block.
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[4] Oerder, M., "Derivation of Gardner’s Timing-Error Detector from the
ML principle", IEEE Transactions on Communications, Vol. COM-35,
No. 6, June 1987, pp. 684-685.
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See Also Early-Late Gate Timing Recovery, Squaring Timing Recovery,
Mueller-Muller Timing Recovery
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Purpose

Library

Description
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A N

Gaussian

Filter input signal, possibly downsampling, using Gaussian FIR filter
Comm Filters

The Gaussian Filter block filters the input signal using a Gaussian FIR
filter. The block expects the input signal to be upsampled, so that the
Input samples per symbol parameter, N, is at least 2. The block’s
icon shows the filter’s impulse response.”

Characteristics of the Filter

The impulse response of the Gaussian filter is

exp| —=
ht) = ’ 28°
V218

where

JIn(2)

~ 2nBT

and B is the filter’s 3-dB bandwidth. The BT product parameter is B
times the input signal’s symbol period. For a given BT product, the
Signal Processing Toolbox gaussfir function generates a filter that
is half the bandwidth of the filter generated by the Communications
Blockset Gaussian Filter block.

The Group delay parameter is the number of symbol periods between
the start of the filter’s response and the peak of the filter’s response.
The group delay and N determine the length of the filter’'s impulse
response, which is 2 * N * Group delay + 1.

The Filter coefficient normalization parameter indicates how the

block scales the set of filter coefficients:

e Sum of coefficients means that the sum of the coefficients equals
1.
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® Filter energy means that the sum of the squares of the coefficients
equals 1.

® Peak amplitude means that the maximum coefficient equals 1.

After the block normalizes the set of filter coefficients as above, it
multiplies all coefficients by the Linear amplitude filter gain
parameter.

Input and Output Signals

The input signal must be a scalar or a frame-based column vector. Set
the Input sampling mode parameter according to whether the input
is sample-based or frame-based. double, single, and fixed-point data
types are supported.

Exporting Filter Coefficients to the MATLAB Workspace

To examine or manipulate the coefficients of the filter that this block
designs, select Export filter coefficients to workspace. Then set
the Coefficient variable name parameter to the name of a variable
that you want the block to create in the MATLAB workspace. Running
the simulation causes the block to create the variable, overwriting any
previous contents in case the variable already exists.
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L]
DIG IOg E! Function Block Parameters: Gaussian Filter x|
Box —Gaussian Filter

Filter the input signal using a Gaussian FIR filker.

The group delay iz specified az the number of symbaol periods between the start of the
filker rezponse and its peak. Thiz delay alzo determines the length of the filker impulse
responze, which is 2N * Group delay + 1.

Input zamples per symbal [M]: IE

BT product: ID.3

Group delay [number of spmbols]: |2

Input zampling mode:l Frame-based

L L«

Filter coefficient normalization:l Sum of coefficients

Linear amplitude filker gair: |1

[~ Export filter coefficients to workspace

YWisualize filker with FVTooll
QK I Cancel | Help Apply

Input samples per symbol

A positive integer representing the number of samples per symbol
in the input signal.

BT product
The product of the filter’s 3-dB bandwidth and the input signal’s
symbol period

Group delay

A positive integer that represents the number of symbol periods
between the start of the filter response and its peak.

Input sampling mode
The type of input signal: Frame-based or Sample-based.

Filter coefficient normalization
The block scales the set of filter coefficients so that this quantity
equals 1. Choices are Sum of coefficients, Filter energy,
and Peak amplitude.
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Linear amplitude filter gain
A positive scalar used to scale the filter coefficients after the
block uses the normalization specified in the Filter coefficient
normalization parameter.

Export filter coefficients to workspace
If you check this box, then the block creates a variable in the
MATLAB workspace that contains the filter coefficients.

Coefficient variable name
The name of the variable to create in the MATLAB workspace.
This field appears only if Export filter coefficients to
workspace is selected.

Visualize filter with FVTool
If you click this button, then MATLAB launches the Filter
Visualization Tool, fvtool, to analyze the Gaussian filter
whenever you apply any changes to the block’s parameters. If you
launch fvtool for the filter, and subsequently change parameters
in the mask, fvtool will not update. You will need to launch a
new fvtool in order to see the new filter characteristics. Also
note that if you have launched fvtool, then it will remain open
even after the model is closed.
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IFunction Block Parameters: Gaussian Filter x|

Gaussian Filker

Filter the input signal uzing a Gaussian FIR filker.

The group delay iz specified as the number of symbol periods between the start of
the filter responge and its peak. Thiz delay alzo determines the length of the filter
impulse response, which is 2 * N * Group delay + 1.

tain Fixed-point |

Settings on thiz pane only apply when block inputs are fixed-point signals.

i~ Fixed-point operational p

Fiounding mode:lFIoor VI Overflow mode: IWrap VI

r— Fized-point data type:
Mode

Coefficients lm
Product outputlm
Accumulator W
Qupwt  [Game v sooomisor =]

™ Lock scaling against changes by the autoscaling tool

QK I Cancel | Help Apply

Rounding mode
Select the rounding mode for fixed-point operations. The filter
coefficients do not obey this parameter; they always round to
Nearest. The block uses the Rounding selection if a number
cannot be represented exactly by the specified data type and
scaling, it 1s rounded to a representable number. For more
information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink® Fixed Point™ documentation.

Overflow mode
Select the overflow mode for fixed-point operations. The filter
coefficients do not obey this parameter; they are always saturated.

Coefficients
Choose how you specify the word length and the fraction length of
the filter coefficients (numerator and/or denominator). See “Filter
Structure Diagrams” in the Signal Processing Blockset Reference
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Guide for illustrations depicting the use of the coefficient data
types in this block:

¢ When you select Same word length as input, the word
length of the filter coefficients match that of the input to the
block. In this mode, the fraction length of the coefficients is
automatically set to the binary-point only scaling that provides
you with the best precision possible given the value and word
length of the coefficients.

¢ When you select Specify word length, you are able to enter
the word length of the coefficients, in bits. In this mode, the
fraction length of the coefficients is automatically set to the
binary-point only scaling that provides you with the best
precision possible given the value and word length of the
coefficients.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the coefficients,
in bits. If applicable, you are able to enter separate fraction
lengths for the numerator and denominator coefficients.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the coefficients.
If applicable, you are able to enter separate slopes for the
numerator and denominator coefficients. This block requires
power-of-two slope and a bias of zero.

¢ The filter coefficients do not obey the Rounding mode and the
Overflow mode parameters; they are always saturated and
rounded to Nearest.

Product output
Use this parameter to specify how you would like to designate the
product output word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” in the Signal
Processing Blockset Reference Guide for illustrations depicting the
use of the product output data type in this block:
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® When you select Same as input, these characteristics match

those of the input to the block.

When you select Binary point scaling, you are able to enter
the word length and the fraction length of the product output,
in bits.

When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the product
output. This block requires power-of-two slope and a bias of
Z€ro.

Accumulator
Use this parameter to specify how you would like to designate
the accumulator word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” for illustrations
depicting the use of the accumulator data type in this block:

Output

When you select Same as input, these characteristics match
those of the input to the block.

When you select Same as product output, these
characteristics match those of the product output.

When you select Binary point scaling, you are able to enter
the word length and the fraction length of the accumulator,
in bits.

When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the accumulator.
This block requires power-of-two slope and a bias of zero.

Choose how you specify the output word length and fraction
length:

When you select Same as input, these characteristics match
those of the input to the block.

When you select Same as accumulator, these characteristics
match those of the accumulator.
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® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the output, in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the output. This
block requires power-of-two slope and a bias of zero.

Lock scaling against changes by the autoscaling tool
Select this parameter to prevent any fixed-point scaling
you specify in this block mask from being overridden by the
autoscaling tool in the Fixed-Point Tool.

See Also Raised Cosine Receive Filter, gaussfir
References [1] 3GPP TS 05.04 V8.4.0 — 3rd Generation Partnership Project;
Technical Specification Group GSM/EDGE Radio Access Network;

Digital cellular telecommunications system (Phase 2+); Modulation
(Release 1999)
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Purpose

Library

Description
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Arpesboefip

Gaussian

Generate Gaussian distributed noise with given mean and variance
values

Noise Generators sublibrary of 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

fx) = ((2n)” det K)_I/Z exp(—(x ~wT K (x- u)/z)

where x is a length-n vector, K is the n-by-n covariance matrix, u is the
mean value vector, and the superscript 7 indicates matrix transpose.

Initial Seed

The Initial seed parameter initializes the random number generator
that the Gaussian Noise Generator block uses to add noise to the input
signal. For best results, the Initial seed should be a prime number
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greater than 30. Also, if there are other blocks in a model that have
an Initial seed parameter, you should choose different initial seeds
for all such blocks.

You can choose seeds for the Gaussian Noise Generator block using the
Communications Blockset randseed function. At the MATLAB prompt,
enter

randseed

This returns a random prime number greater than 30. Entering

randseed again produces a different prime number. If you supply an
integer argument, randseed always returns the same prime for that
integer. For example, randseed(5) always returns the same answer.

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” in the
Communications Blockset User’s Guide 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 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.
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Dialog
Box
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x

— Gaussian Moise Generator (mask) (Jink)

Generate Gaussian distributed noise with given mean and variance
values.

—Parameters

Mean value:

[3

Variance (vector or matrix):
|1

Initial seed:

|41
Sample time:
|1

™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

QK I Cancel | Help

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink

documentation for details.

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.
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See Also

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
1s 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.

Output data type
The output can be set to double or single data types.

Random Source (Signal Processing Blockset documentation), AWGN
Channel, rand (built-in MATLAB function), randseed
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Purpose

Library

Description

General
Blod
Deinterleaver

Dialog
Box
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Restore ordering of symbols in 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

To use this block as an inverse of theGeneral 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.

E1Block Parameters: General Block Deinterleaveﬁ 2=l

—General Block Deinterl [mazk]

Fieorder the elements of the input vector. yelements] = u. The length of Elements
must match the input zsignal width,

=
F

Elements:

[EE

Ok Lancel Help Apply
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Examples

Pair Block

See Also

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 Elements is [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].

General Block Interleaver

perms (MATLAB function)
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Purpose
Library

Description

General
Blod
Interleawer

Dialog
Box
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Reorder symbols in 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

EBlock Parameters: General Block Interleaver 2=l

—General Block |nterl [mazk]

Fieorder the elements of the input vector. y = ulElements). The length of Elements
must match the input zsignal width,

=
F

Elements:

[EE

Ok Lancel Help Apply

Elements
A vector of length N that lists the indices of the input elements
that form the output vector.
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Examples If Elements is [4,1,3,2] and the input vector 1s [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].

Pair Block General Block Deinterleaver

See Also perms (MATLAB function)
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Purpose

Library

Description
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Zeneral
CRC
Generator

Generate CRC bits according to generator polynomial and append to
input data frames

CRC sublibrary of Error Correction and Detection

The General CRC Generator block generates cyclic redundancy code
(CRC) bits for each input data frame and appends them to the frame.
You specify the generator polynomial for the CRC algorithm using the
Generator polynomial parameter. This block is general in the sense
that the degree of the polynomial does not need to be a power of two.
You represent the polynomial in one of these ways:

® As a binary row vector containing the coefficients in descending
order of powers. For example, [1 1 0 1] represents the polynomial
X3+ a2+ 1.

® As an integer row vector containing the powers of nonzero terms
in the polynomial, in descending order. For example, [3 2 0]
represents the polynomial x®+ x?+ 1.

You specify the initial state of the internal shift register by the Initial
states parameter. The Initial states parameter is either a scalar

or a binary row vector of length equal to the degree of the generator
polynomial. A scalar value is expanded to a row vector of length equal
to the degree of the generator polynomial. For example, the default
initial state of [0] is expanded to a row vector of all zeros.

You specify the number of checksums that the block calculates for
each input frame by the Checksums per frame parameter. The
Checksums per frame value must evenly divide the size of the input
frame. If the value of Checksums per frame is k, the block does the
following:

1 Divides each input frame into k subframes of equal size
2 Prefixes the Initial states vector to each of the k subframes

3 Applies the CRC algorithm to each augmented subframe
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4 Appends the resulting checksums at the end of each subframe

5 Outputs concatenated subframes

If the size of the input frame is m and the degree of the generator
polynomial is r, the output frame has size m + k * r.

This block supports double and boolean data types. The output data
type is inherited from the input.

Example

Suppose the size of the input frame is 10, the degree of the generator
polynomial is 3, Initial states is [0], and Checksums per frame is
2. The block divides each input frame into two subframes of size 5 and
appends a checksum of size 3 to each subframe, as shown below. The
initial states are not shown in this example, because an initial state of
[0] does not affect the output of the CRC algorithm. The output frame
then has size 5+ 3+ 5 + 3 = 16.

[ (]] ] Transmitted codeword
F T
0 First half of message word 0
Message word 1 0
- 0
1 L0 1
0 R 0
0 1
: 1 } First checksum :
0 L0 0
1 o 1
1 ! ]
1 ! ]
0 1 Second half of message word 0
0 0 0
L i 0 ] 1
F 1 g
0 Second checksum L
L 0
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Example of Cyclic Redundancy Check Encoding

This example clarifies the operation of the General CRC Generator
block by comparing the generated CRC bits from the library block with
those generated from primitive Simulink blocks. The model is located
at: matlabroot/help/toolbox/commblks/examples/doc_crcgen.

[Cyclic Redundancy Check Encoding |

1

General
CRC

[M11010]

Meszage Bits
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TS -

Generator

General CRE Selector

Generator

Appended CRC Bits
(from librane blod)

R

— - XOR 1 XOR

¥

1

¥
4
c
%

Unbuffer

¥

Appended CRC Bits
(from Simulink blocks)

For a known input message with a length of 6 bits, the model generates

CRC bits for a generator polynomial, g(x) = X3+ x +1, and a specific
initial state of the register.

You can experiment with different initial states by changing the value
of Initial states prior to running the simulation. For all values, the
comparison (generated CRC bits from the library block with those
generated from primitive Simulink blocks) holds true.

Using the General CRC Generator block allows you to easily specify the
generator polynomial (especially for higher order polynomials).
Signal Attributes

The General CRC Generator block has one input port and one output
port. Both ports allow only frame-based binary column vectors.
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L
Dla Iog ZBlock Parameters: General CRC Generator 2=l
Box —General CRC Generator [mazk)]
Generate CRLC bits according to the generator polynomial and append them ta the

input data frames. The generator polynomial must be specified as a binary vector or a
descending ordered polynomial, to indicate the connection points.

The initial states parameter must be a binary scalar or vector of length equal ta the
degree of the polynomial.

The input must be a binary frame-based column vector,

=
F

Generator polynomial:

Initial states:
[
Checksums per frame:

Jh

Ok | Lancel | Help | Apply |

Generator polynomial
A binary or integer row vector specifying the generator

polynomial, in descending order of powers.

Initial states
Binary scalar or a binary row vector of length equal to the degree
of the generator polynomial, specifying the initial state of the
internal shift register.

Checksums per frame
Positive integer specifying the number of checksums the block
calculates for each input frame.

Algorithm For a description of the CRC algorithm as implemented by this block,

see “Cyclic Redundancy Check Coding” in Communications Blockset
User’s Guide.
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Schematic
of the CRC

Implementation

References

Pair Block
See Also
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(® XOR addition

A(k)

{akflaakfzr-walaao}

The above circuit divides the polynomial

a(x) = ap_12* 7+ ap_gx* 2+ agx+aq by

-1 -2
8(x) =g, X" + g% "+t g1+ 8o , and returns the remainder
dx) =d, 12"+ d,_ox 2 4 v dyx+dy
The input symbols lap1,ap-2,---,@2,01, 00} are fed into the shift
register one at a time in order of decreasing index. When the last

symbol (ao) works i1ts way out of the register (achieved by augmenting
the message with r zeros), the register contains the coefficients of the

remainder polynomial d(x).

This remainder polynomial is the checksum that is appended to the
original message, which is then transmitted.

[1] Sklar, Bernard, Digital Communications: Fundamentals and
Applications. Englewood Cliffs, N.dJ., Prentice-Hall, 1988.

[2] Wicker, Stephen B., Error Control Systems for Digital

Communication and Storage, Upper Saddle River, N.dJ., Prentice Hall,
1995.

General CRC Syndrome Detector

CRC-N Generator, CRC-N Syndrome Detector
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Purpose
Library

Description

Feneral CRC
Syndrome
Letector Em

Detect errors in input data frames according to generator polynomial
CRC sublibrary of Error Correction and Detection

The General CRC Syndrome Detector block computes checksums for its
entire input frame. The block’s second output is a vector whose size is
the number of checksums, and whose entries are 0 if the checksum
computation yields a zero value, and 1 otherwise. The block’s first
output is the set of message words with the checksums removed.

The block’s parameter settings should agree with those in the General
CRC Generator block.

You specify the number of checksums the block calculates for each
frame by the Checksums per frame parameter. If the Checksums
per frame value is k, the size of the input frame is n, and the degree of
the generator polynomial is r, then k must divide n - k*r, which is the
size of the message word.

This block supports double and boolean data types. The output data
type is inherited from the input.

Example

Suppose the received codeword has size 16, the generator polynomial
has degree 3, Initial states is [0], and Checksums per frame is

2. The block computes the two checksums of size 3, one from the first
half of the received codeword, and the other from the second half of the
received codeword, as shown in the following figure. The initial states
are not shown in this example, because an initial state of [0] does not
affect the output of the CRC algorithm. The block concatenates the two
halves of the message word as a single vector of size 10 and outputs this
vector through the first output port. The block outputs a 2-by-1 binary
frame vector whose entries depend on whether the computed checksums
are zero. The following figure shows an example in which the first
checksum is nonzero and the second checksum is zero. This indicates
that an error occurred in transmitting the first half of the codeword.
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Received codeword 1 [ 17
T 0 . 0
0 0 First half of message word 0
0 ' ]
1 0 0 0
0 | First checksum | | 1
1 0 is nonzero | | 1
0 1
1
1 ST 0
1 T | 0
1 1 First output
1
0 1 Second half of message word
0 0
0
' | [o]
0 ! Second chefksum 0 __———10
L 0 0 szer0 | Second output
| 0 ]

Signal Attributes

The General CRC Syndrome Detector block has one input port and two
output ports. All ports allow frame-based binary column vectors only.
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Dialog
Box

Algorithm

References

EBlock Parameters: General CRC Syndrome Del:e: 2=l

—General CAC Syndrome Detector [mask)

Detect errors in the input data frames according to the generator polynomial. The
generator polynomial must be specified az a binary vector or a descending ordered
polynamial, to indicate the connection points.

The first output iz the data frame with the CRC bits removed and the second output
indicates if an eror was detected in the data frame.

The initial states parameter must be a binary scalar or vector of length equal to the
degree of the polynomial.

The input must be a binary frame-based column vector,

=
F

Generator polynomial:

Initial states:
[

Checksums per frame:

Jh

Ok | Lancel | Help Apply

Generator polynomial
A binary or integer row vector specifying the generator
polynomial, in descending order of powers.

Initial states
A binary scalar or a binary row vector of length equal to the
degree of the generator polynomial, specifying the initial state of
the internal shift register.

Checksums per frame
A positive integer specifying the number of checksums the block
calculates for each input frame.

For a description of the CRC algorithm as implemented by this block,
see “Cyclic Redundancy Check Coding” in Communications Blockset
User’s Guide.

[1] Sklar, Bernard. Digital Communications: Fundamentals and
Applications. Englewood Cliffs, N.J., Prentice-Hall, 1988.
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[2] Wicker, Stephen B., Error Control Systems for Digital
Communication and Storage, Upper Saddle River, N.J., Prentice Hall,

1995.
Pair Block General CRC Generator
See Also CRC-N Generator, CRC-N Syndrome Detector
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Purpose
Library

Description

General
Multiplexed
Deinterleawer

Dialog
Box

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 theGeneral
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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

ElBlock Parameters: General Multiplexed Deinter:_ 2=l

—General Multiplexed Deinterl [mazk]

A general multiplexed deinterleaver conzsists of M registers. “With each new input
symbol, a commutator switches to a new register and the new symbal is 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 returns to the first register.

The multiplexed deinterleaver azzociated with a general multiplexed interleaver has
the same number of registers as the interleaver. The delay in a particular
deinterleaver register depends on the largest interleaver delay minuz the interleawver
delay for the given register.

=
F

Interleaver delay [samples]:

Initial conditions:
a

Ok Lancel Help Apply
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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
1s the number of shift registers.

Initial conditions
The values that fill each shift register when the simulation begins.

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.

2-248



General Multiplexed Interlea

ver

Purpose
Library

Description

General
Multiplexed
Interleawver

Permute input symbols using 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 block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

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.
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Dialog
Box

Pair Block
See Also

References
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E! Block Parameters: General Multiplexed Interlea; 2=l

—General Multiplexed Interl [mazk]

A general multiplexed interleaver congists of M registers, each with a specified delay.
‘with each new input symbol, & commutatar switches to a new register and the new
zymbaol iz zhifted 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 ta the first
register.

=
F

Interleaver delay [samples]:

201310

Initial conditions:
a

ok | Lancel | Help | Apply

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.

Initial conditions

The values that fill each shift register when the simulation begins.

General Multiplexed Deinterleaver

Convolutional Interleaver, Helical Interleaver

[1] Heegard, Chris and Stephen B. Wicker. Turbo Coding. Boston:

Kluwer Academic Publishers, 1999.



General QAM Demodulator Baseband
|

Purpose Demodulate QAM-modulated data
Librclry AM, in Digital Baseband sublibrary of Modulation
Description The General QAM Demodulator Baseband block demodulates a signal
that was modulated using quadrature amplitude modulation. The input
W is a baseband representation of the modulated signal.
AN 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 and
must be of data types single or double.
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L]
Dla |Og E! Function Block Parameters: General QAM Demo 5'

BOX —@eneral QAM Demodulator Baseband

Demodulate the input signal using the quadrature amplitude modulation method.

Far sample-based input, the input must be a scalar, For frame-based input, the
input must be & column vectar,

The output can be either bits or integers, For bit output, the size of signal
conskellation must be an integer power of two and the output width is an integer
rultiple of the number of bits per symbol. In this case, Decision type parameter
allowss to choose between Hard decision demodulation, Log-likelihood ratio and
Approximate log-likelihood ratio, The output values For Log-likelihood ratio and
Approximate log-likelihood ratio Decision tvpes are of the same data bvpe as the
input walues, For integer output, the black alwaws performs Hard decision
demadulation.

Main Data Types
—Parameters

Signal constellation: |[e>cp(2*pi*i*[0:?],|'8)]

Qukput bype: Integer ;I

(o] 4 I Cancel | Help | Apply |

Signal constellation
A real or complex vector that lists the constellation points.

Output type
Determines whether the block produces integers or binary
representations of integers.
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If you set this parameter to Integer, the block produces integers.

If you set this parameter to Bit, the block produces a group of K
bits, called a binary word, for each symbol, when Decision type is
set to Hard decision. If Decision type is set to Log-1ikelihood
ratio or Approximate log-likelihood ratio, the block outputs
bitwise LLR and approximate LLR, respectively.

Decision type
This field appears when Bit is selected in the pull-down list
Output type.

Specifies the use of hard decision, LLR, or approximate

LLR during demodulation. See “Exact LLR Algorithm” and
“Approximate LLR Algorithm” in the Communications Toolbox
User’s Guide for algorithm details.

Noise variance source
This field appears when you set Approximate log-likelihood
ratio or Log-likelihood ratio for Decision type.

When you set this parameter to Dialog, you can then specify the
noise variance in the Noise variance field. When you set this
option to Port, a port appears on the block through which the
noise variance can be input.

Noise variance
This parameter appears when the Noise variance source is set
to Dialog and specifies the noise variance in the input signal.
This parameter is tunable in normal mode, Accelerator mode and
Rapid Accelerator mode.

If you use the Real-Time Workshop® rapid simulation (RSIM)
target to build an RSIM executable, then you can tune the
parameter without recompiling the model. This is useful for Monte
Carlo simulations in which you run the simulation multiple times
(perhaps on multiple computers) with different amounts of noise.
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The LLR algorithm involves computing exponentials of very large
or very small numbers using finite precision arithmetic and would
yield:

e Inf to -Inf if Noise variance is very high

¢ NaN if Noise variance and signal power are both very small

In such cases, use approximate LLR, as its algorithm does not
involve computing exponentials.

Fixed-Point
sc I M constellation
Igna points (complex)
Flow
. Signal constaliation
Diagrams

M 4
Input

{complex) "v:/‘L\_ [ il

R
Pmducz input Froduct ouﬁpm‘,
Cast

! A 1 2
Accumufafar i Froduct input coumulaior
Imag

N

Output (real) Cutput formatting TWlinirmum
< (data type casting) | [Cutput index of o
- corresponding -
Chutput nt3z constellation point]

Fixed-Point Signal Flow Diagram for Hard Decision Mode

Note In the figure above, M represents the size of the Signal
constellation .

The general QAM Demodulator Baseband block supports fixed-point
operations for computing Hard Decision (Output type set to Bit
and Decision type is set to Hard decision) and Approximate LLR
(Output type is set to Bit and Decision type is set to Approximate
Log-Likelihood ratio) output values. The input values must have
fixed-point data type for fixed-point operations.
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Note Fixed-Point operations are NOT yet supported for Exact LLR
output values.

W2 constellation points with
binary mapping ‘07 {complex)

Stgral consteliation

Wy ®ﬁ
Input lL L
hif2 Product input Praduct output Mz
(complex) + ] e e 12
> \\_f Cast /_
Accummlator | Product input Accumudatar 2
MNoise scaling tmput Acecurmdator 3 Ilinimum |—

A e Cast |« / ; Accumulaior 2
O

Tinimury |A—

Aecumudator ! Froduct inpui M@ﬁ
Pri FPraduct output

aduct irput 1472

™
<

2 Accuﬁsm’azor 2
)}
W2 4" Signal consteliation

M2 constellation points with
binary mapping ‘1" (complex)

Cast
LA

Fixed-Point Signal Flow Diagram for Approximate LLR Mode

Note In the figure above, M represents the size of the Signal
constellation.
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Naise scaling inpuit
g Chutput (real)

x
@ . ® Cretpret

X
Imerse noise variancs

Moise sealing input

Chtput (real) i !
A ® ...® . ! Cast and store ;
Gyt " i N memory i
- i ry !
; Drnehle i
MNoise variance : i
! I
finhoritad from pori] : TIverse :
H i
— E Double i
Notse vartance (real) ; !
— From Port i Moise variance (real) :
! — From Dualog ;
FAS. e e o g S !
{a) Noise variance from Port {b) Noise variance from Dialog

Fixed-Point Signal Flow Diagram for Approximate LLR Mode: Noise
Variance Operation Modes

Note If Noise variance is set to Dialog, the block performs the
operations shown inside the dotted line once during initialization. The
block also performs these operations if the Noise variance value
changes during simulation.
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Data

Types
Atiributes

ZIFunction Block Parameters: General DAM Dema x|
— General QAM Demodulator Baseband
Demodulate the input signal using the quadrature amplitude modulation method, L

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

The output can be either bits or integers. For bit output, the size of signal
constellation must be an integer power of bwo and the output width is an integer
multiple of the number of bits per symbol, In this case, Decision bype parameter
allows ko choose between Hard decision demodulation, Log-likelihood ratio and
Approximate log-likelibood ratio, The output walues for Log-likelibood ratio and
Approximate log-likelihood ratio Decision bypes are of the same data type as the
input values, For integer output, the block always performs Hard decision
demodulation.

—Fixed-point operational parameter:

Main Data Types

Cutput: | Inherit via internal rule ;I

Settings below apply only when Black inputs are fixed-paint signals.

Rounding mode: IFIoor - l Orverflow mode: IWrap vI

—Fixed-point algorithm parameter

Mode Signed
Signal constellation: |Same word length as input j ‘fes
Accurmnulatar 1: IInherit wia internal rule LI s
Product input: ISame as accumulator 1 LI Yfes
Product output: IInherit wia internal rule j Yfes
Accurnulator 2: |Inherit via internal rule j Mo

a4 I Cancel | Help | Apply

Output

Fixed-Point Attributes for Hard Decision Mode

The block supports the following Output options:

When you set the parameter to Inherit via internal rule
(default setting), the block inherits the output data type from the
input port. The output data type is the same as the input data
type if the input is of type single or double.
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For integer outputs, you can set this block’s output to Inherit
via internal rule (default setting), Smallest unsigned
integer, int8, uint8, int16, uint16, int32, uint32, single,
and double.

For bit outputs, when you set Decision type to Hard decision,
you can set the output to Inherit via internal rule, Smallest
unsigned integer, int8, uint8, int16, uint16, int32, uint32,
boolean, single, or double.

When you set Decision type to Log-1likelihood ratio or
Approximate log-likelihood ratio and the input is a floating
point data type, then the output inherits its data type from the
input. For example, if the input is of data type double, the output
is also of data type double. When you set Decision type to
Log-1likelihood ratio or Approximate log-likelihood ratio,
and the input is a fixed-point signal, the Output parameter,
located in the Fixed-Point algorithm parameters region of the
Data-Type tab, specifies the output data type.

When you set the parameter to Smallest unsigned integer,
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box. If you select ASIC/FPGA in the
Hardware Implementation pane, the output data type is

the ideal minimum size, i.e., ufix (1) for bit outputs, and
ufix(ceil(log2(M))) for integer outputs. For all other choices,
the Output data type is an unsigned integer with the smallest
available word length large enough to fit the ideal minimum size,
usually corresponding to the size of a char (e.g., uint8).

Rounding Mode Parameter
Use this parameter to specify the rounding method to be used
when the result of a fixed-point calculation does not map exactly
to a number representable by the data type and scaling storing
the result.
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For more information, see Rounding Modes in the Signal
Processing Blockset User’s Guide or “Rounding Mode: Simplest”
in the Simulink Fixed Point documentation.

Overflow Mode Parameter
Use this parameter to specify the method to be used if the
magnitude of a fixed-point calculation result does not fit into the
range of the data type and scaling that stores the result:

® Saturate represents positive overflows as the largest positive
number in the range being used, and negative overflows as the
largest negative number in the range being used.

® Wrap uses modulo arithmetic to cast an overflow back into the
representable range of the data type. See Modulo Arithmetic
for more information.

For more information, see the Rounding Mode Parameter
subsection of Specifying Fixed-Point Attributes.

Signal constellation
Use this parameter to define the data type of the Signal
constellation parameter.

® When you select Same word length as input the word length
of the Signal constellation parameter matches that of the
input to the block. The fraction length is computed to provide
the best precision for given signal constellation values.

¢ When you select Specify word length, the Word Length
field appears, and you may enter a value for the word length.
The fraction length is computed to provide the best precision
for given signal constellation values.

Accumulator 1
Use this parameter to specify the data type for Accumulator 1:

® When you select Inherit via internal rule, the block
automatically calculates the output word and fraction lengths.
For more information, see the Inherit via Internal Rule
subsection of the Signal Processing Blockset User’s Guide.
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2-260

¢ When you select Binary point scaling, you can enter the

word length and the fraction length of Accumulator 1, in bits.

Product Input
Use this parameter to specify the data type for Product input.

® When you select Same as accumulator 1, the Product Input

characteristics match those of Accumulator 1.

¢ When you select Binary point scaling you can enter the

word length and the fraction length of Product input, in bits.

Product Output
Use this parameter to select the data type for Product output.

¢ When you select Inherit via internal rule, the block

automatically calculates the output signal type. For more
information, see the Inherit via Internal Rule subsection of the
Signal Processing Blockset User’s Guide.

¢ When you select Binary point scaling enter the word length

and the fraction length for Product output, in bits.

Accumulator 2
Use this parameter to specify the data type for Accumulator 2:

¢ When you select Inherit via internal rule, the block

automatically calculates the accumulator data type. The
internal rule calculates the ideal, full-precision word length
and fraction length as follows:

WL WL
FL FL

ideal accumulator 2 input to accumulator 2

ideal accumulator 2 input to accumulator 2

After the full-precision result is calculated, your particular
hardware may still affect the final word and fraction lengths
set by the internal rule. For more information, see The Effect
of the Hardware Implementation Pane on the Internal Rule
subsection of the Signal Processing Blockset User’s Guide.

The internal rule always sets the sign of data-type to Unsigned .
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® When you select Binary point scaling, you are able to enter
the word length and the fraction length of Accumulator 2,
in bits.

E! Function Block Parameters: General DAM Demodulator Ba x|
-

— General GAM Demodulator Baseband

Demodulate the input signal using the quadrature amplitude modulation method,

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

The autput can be either bits or integers. Far bit oukput, the size of signal constellation must be an
integer power af bwo and the output width is an integer multiple of the number of bits per symbal.
In this case, Decision kype parameter alows to choose between Hard decision demodulation, Log-
likelihood ratio and Approximate log-likelihood ratio. The output values for Log-likelihood ratio and
Approximate log-ikelihaod ratio Decision types are of the same data type as the input values. For
integer autput, the block always perfarms Hard decision demodulation.

Main Data Types

‘When block inputs are floating-paint signals, outputs have same data-type as input.
Settings belows apply only when block inputs are fixed-point signals.

—Fixed-point operational parameter:

Rounding mode: IFIoor ~ | overflow mode: IWrap 'l

—Fixed-paint algarithm parameter:

Mode Signed

Signal canstellation: lm ‘es
Accumulator 1t IW as
Product input: IW s
Product output: IW es
Accumulator 2; W Mo
Accumulator 3t IW as
Moise scaling input: IWVES
Inverse noise variance: lm\’es
Qutput; W es f

oK I Cancel | Help | Apply |

Fixed-Point Attributes for Approximate LLR Mode

The settings for the following fixed-point parameters only apply when
you set Decision type to Approximate log-likelihood ratio.
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Accumulator 3

When you select Inherit via internal rule, the block
automatically calculates the accumulator data type. The internal
rule first calculates ideal, full-precision word length and fraction
length as follows:

WL +1

ideal accumulator 3 W. input to accumulator 3

FL FL

ideal accumulator 3 ~ input to accumulator 3*

After the full-precision result is calculated, your particular
hardware may still affect the final word and fraction lengths set
by the internal rule. For more information, see The Effect of the
Hardware Implementation Pane on the Internal Rule subsection
of the Signal Processing Blockset User’s Guide.

The internal rule always sets the sign of data-type to Signed.

Noise scaling input

¢ When you select Same as accumulator 3, the Noise scaling
input characteristics match those of Accumulator 3.

¢ When you select Binary point scaling you are able to enter
the word length and the fraction length of Noise scaling
input, in bits.

Inverse noise variance

This field appears when Noise variance source is set to Dialog.

® When you select Same word length as input the word length
of the Inverse noise variance parameter matches that of the
input to the block. The fraction length is computed to provide
the best precision for a given inverse noise variance value.

¢ When you select Specify word length, the Word Length
field appears, and you may enter a value for the word length.
The fraction length is computed to provide the best precision
for a given inverse noise variance value.
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Pair Block
See Also

Output
When you select Inherit via internal rule, the Output data
type is automatically set for you.

If you set the Noise variance source parameter to Dialog, the
output is a result of product operation as shown in the Noise
Variance Operation Modes Signal Flow DiagramFixed-Point
Signal Flow Diagram for Approximate LLR Mode: Noise Variance
Operation Modes on page 2-256. In this case, it follows the
internal rule for Product data types specified in the Inherit via
Internal Rule subsection of the Signal Processing Blockset User’s
Guide.

If the Noise variance source parameter is set to Port, the
output is a result of division operation as shown in the signal
flow diagram. In this case, the internal rule calculates the ideal,
full-precision word length and fraction length as follows:

WL = max(WL

output

WL

Noise scaling input? Noise Variance)

FL FL FL

output Noise scaling input (dividend) Noise variance (divisor) *

After the full-precision result is calculated, your particular
hardware may still affect the final word and fraction lengths set
by the internal rule. For more information, see The Effect of the
Hardware Implementation Pane on the Internal Rule subsection
of the Signal Processing Blockset User’s Guide.

The internal rule for Output always sets the sign of data-type
to Signed.

For additional information about the parameters pertaining to
fixed-point applications, see Specifying Fixed-Point Attributes.

General QAM Modulator Baseband

Rectangular QAM Demodulator Baseband
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Purpose

Library

Description

2-264

LI

General
A

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.

For integer inputs, the block can accept the data types int8, uints,
int16, uint16, int32, uint32, single, and double. For bit inputs, the
block can accept int8, uint8, int16, uint16, int32, uint32, boolean,
single, and double.

Constellation Visualization

The General QAM Modulator Baseband block provides the capability to
visualize a signal constellation from the block mask. This Constellation
Visualization feature allows you to visualize a signal constellation for
specific block parameters. For more information, see the Constellation
Visualization section of the Communications Blockset User’s Guide.



General QAM Modulator Baseband
|

L]
Dla Iog E! Function Block Parameters: General QAM Mod ll
Box General QAM Modulator Baseband

Modulate the input signal using 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-based integer input, the input must be a column vector.

Main Data Types I
Parameters

Signal constellation: I [exp(2*pi*i=[0:7]/3]]

View Constellation |
OK. I Cancel | Help | Apply |

Signal constellation
A real or complex vector that lists the constellation points.

Output data type

The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.

Setting this to Fixed-point or User-defined will enable fields
in which you can further specify details. Setting this to Inherit
via back propagation, sets the output data type and scaling
to match the following block..

Output word length
Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.

User-defined data type
Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point software. This

parameter is only visible when you select User-defined for the
Output data type parameter.
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Pair Block
See Also

2-266

Set output fraction length to

Specify the scaling of the fixed-point output by either of the
following two methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point

for the Output data type parameter, or when you select
User-defined and the specified output data type is a fixed-point
data type.

Output fraction length

For fixed-point output data types, specify the number of fractional
bits, or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
the Output data type parameter and User-defined for the Set
output fraction length to parameter.

General QAM Demodulator Baseband

Rectangular QAM Modulator Baseband



General TCM Decoder

Purpose

Library

Description

General
TCh

Decode trellis-coded modulation data, mapped using arbitrary
constellation

Trellis-Coded Modulation

The General TCM Decoder block uses the Viterbi algorithm to decode a
trellis-coded modulation (TCM) signal that was previously modulated
using an arbitrary signal constellation.

The Trellis structure and Signal constellation parameters in this
block should match those in theGeneral TCM Encoder block, to ensure
proper decoding. In particular, the Signal constellation parameter
must be in set-partitioned order.

Input and Output Signals

The input signal must be a frame-based column vector containing
complex numbers.

If the convolutional encoder described by the trellis structure represents
a rate k/n code, then the General TCM Decoder block’s output is a
frame-based binary column vector whose length is k times the vector
length of the input signal.

The input signal must be double or single. The reset port accepts
double or boolean.

Operation Modes

The block has three possible methods for transitioning between
successive frames. The Operation mode parameter controls which
method the block uses. This parameter also affects the range of possible
values for the Traceback depth parameter, D.

® In Continuous mode, the block initializes all state metrics to zero
at the beginning of the simulation, waits until it accumulates D
symbols, and then uses a sequence of D symbols to compute each of
the traceback paths. D can be any positive integer. At the end of
each frame, the block saves its internal state metric for use with
the next frame.
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If you select the Enable the reset input port check box, the block
displays another input port, labeled Rst. This port receives an
integer scalar signal. Whenever the value at the Rst port is nonzero,
the block resets all state metrics to zero and sets the traceback
memory to zero.

In Truncated mode, the block treats each frame independently. The
traceback path starts at the state with the lowest metric. D must be
less than or equal to the vector length of the input.

In Terminated mode, the block treats each frame independently.
The traceback path always starts at the all-zeros state. D must be
less than or equal to the vector length of the input. If you know that
each frame of data typically ends at the all-zeros state, then this
mode 1s an appropriate choice.

Decoding Delay

If you set Operation mode to Continuous, then this block introduces
a decoding delay equal to Traceback depth*k bits for a rate k/n
convolutional code. The decoding delay is the number of zeros that
precede the first decoded bit in the output.

The block incurs no delay for other values of Operation mode.



General TCM Decoder

Dialog
Box

EIFunction Block Parameters: General TCM Decoder x|

—General TCM Decoder [mazk] (link]

Uze the Viterbi algorithm to decode trellis-coded modulation data, mapped using the
Signal constellation parameter that expects complex constellation points in the
zet-partitioned order.

The Trellis structure parameter must be a valid MATLAB trellis structure. Ta check if a
shucture is & valid trellis structure, use the istrellis function in MATLAB.

Signal constellation:

|exp[2"pi"i"[0 4261537)/4)
Traceback depth:
|2

Operation mode:l Continuous LI
[~ Enable the reset input part
Output data type:l double LI

QK I Cancel Help | Apply |

Trellis structure

MATLAB structure that contains the trellis description of the
convolutional encoder.

Signal constellation
A complex vector that lists the points in the signal constellation
in set-partitioned order.

Traceback depth
The number of trellis branches (equivalently, the number of

symbols) the block uses in the Viterbi algorithm to construct each
traceback path.

Operation mode
The operation mode of the Viterbi decoder. The choices are
Continuous, Truncated, and Terminated.

Enable the reset input port
When you check this box, the block has a second input port labeled
Rst. Providing a nonzero value to this port causes the block to
set its internal memory to the initial state before processing the
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input data. This field appears only if you set Operation mode
to Continuous.

Output data type
The output type of the block can be specified as a boolean or
double. By default, the block sets this to double.

Pair Block General TCM Encoder
See Also M-PSK TCM Decoder, Rectangular QAM TCM Decoder, poly2trellis
References [1] Biglieri, E., D. Divsalar, P. J. McLane, and M. K. Simon,

Introduction to Trellis-Coded Modulation with Applications, New York,
Macmillan, 1991.

[2] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001.
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Purpose

Library

Description

General
TCM

Convolutionally encode binary data and map using arbitrary
constellation

Trellis-Coded Modulation

The General TCM Encoder block implements trellis-coded modulation
(TCM) by convolutionally encoding the binary input signal and
mapping the result to an arbitrary signal constellation. The points

in the signal constellation are listed in set-partitioned order in the
Signal constellation parameter. This parameter is a complex vector
whose length, M, equals the number of possible output symbols from
the convolutional encoder. (That is, log,M is equal to n for a rate k/n
convolutional code.)

Input and Output Signals

If the convolutional encoder represents a rate k/n code, then the General
TCM Encoder block’s input must be a frame-based binary column vector
whose length is L*k for some positive integer L.

The output from the General TCM Encoder block is a frame-based
complex column vector of length L.

The input signal must be a binary value.
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 documentation. You can use this
parameter field in two ways:

¢ [If 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
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poly2trellis(7,[171 133],171)

¢ 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 faster because it causes Simulink software
to spend less time updating the diagram at the beginning of each
simulation, compared to the usage in the previous bulleted item.

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, set the Operation mode to Reset
on nonzero input via port. The block then opens a second input
port, labeled Rst. The signal at the Rst port is a scalar signal. When

it 1s nonzero, the encoder resets before processing the data at the first
input port.

Signal Constellations

The trellis-coded modulation technique partitions the constellation into
subsets called cosets so as to maximize the minimum distance between
pairs of points in each coset.

Note When you set the Signal constellation parameter, you must
ensure that the constellation vector is already in set-partitioned order.
Otherwise, the block might produce unexpected or suboptimal results.

As an example, the diagram below shows one way to devise a
set-partitioned order for the points for an 8-PSK signal constellation.
The figure at the top of the tree is the entire 8-PSK signal constellation,
while the eight figures at the bottom of the tree contain one constellation
point each. Each level of the tree corresponds to a different bit in a
binary sequence (b,,b,,b,), while each branch in a given level of the tree
corresponds to a particular value for that bit. Listing the constellation
points using the sequence at the bottom of the tree leads to the vector

exp(2*pi*j*[0 4 2 6 1 5 3 7]/8)
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which is a valid value for the Signal constellation parameter in this
block.

For other examples of signal constellations in set-partitioned order, see
[1] or the reference pages for theM-PSK TCM Encoder andRectangular
QAM TCM Encoder blocks.

Coding Gains

Coding gains of 3 to 6 decibels, relative to the uncoded case can be
achieved in the presence of AWGN with multiphase trellis codes [3].
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L]
DIG IOg E! Function Block Parameters: General TCM Encode x|
Box — General TCM Encoder [mask] [link]

Convolutionally encode binary data and perform signal mapping using the Signal
constellation parameter, which expects complex constellation paints in the
zet-partitioned order.

The Trellis structure parameter must be a valid MATLABE trelliz structure. To check if
a structure iz a valid trellis structure, use the istrelliz function in MATLAB.

— P
F

Trellis structu

Operation mode: IEontinuous LI

Signal constellation:
|exp[2"pi"i"[0 426153718

Output data typeldouble LI

QK I Cancel Help Apply

Trellis structure

MATLAB structure that contains the trellis description of the
convolutional encoder.

Operation mode
In Continuous mode (default setting), the block retains the

encoder states at the end of each frame, for use with the next
frame.

In Truncated (reset every frame) mode, the block treats each
frame independently. IL.e., the encoder states are reset to all-zeros
state at the start of each frame.

In Terminate trellis by appending bits mode, the block
treats each frame independently. For each input frame,
extra bits are used to set the encoder states to all-zeros
state at the end of the frame. The output length is given by

y=n-(x+s)/k, where x is the number of input bits, and

s = constraint length —1 (or, in the case of multiple constraint
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Pair Block
See Also

References

lengths, s =sum(ConstraintLength(i)-1)). This mode is
supported for frame based inputs only.

In Reset on nonzero input via port mode, the block has an
additional input port, labeled Rst. When the Rst input is nonzero,
the encoder resets to the all-zeros state.

Signal constellation
A complex vector that lists the points in the signal constellation
in set-partitioned order.

Output data type
The output type of the block can be specified as a single or
double. By default, the block sets this to double.
General TCM Decoder
M-PSK TCM Encoder, Rectangular QAM TCM Encoder, poly2trellis
[1] Biglieri, E., D. Divsalar, P. J. McLane, and M. K. Simon,
Introduction to Trellis-Coded Modulation with Applications, New York,
Macmillan, 1991.

[2] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001.

[3] Ungerboeck, G., “Channel Coding with Multilevel/Phase Signals”,
IEEE Trans. on Information Theory, Vol IT28, Jan. 1982, pp. 55-67.
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Purpose

Library

Description
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AL

GMSH

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 theGMSK
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.

e [If the input signal is sample-based, then the delay consists of D+1
zero symbols.

e [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 and
must be of type single or double. 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” in Communications Blockset User’s Guide.
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Dialog
Box

JFunction Block Parameters: GMSK Demodulator Ba: x|
—GMSE Demodulator Baseband [mask)] [link]
Demodulate the GRSE modulated input signal uzing the Yiterbi algorithm. Traceback

length is the number of trellis branches that the algorithm wses to construct each
traceback path.

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

I case of frame-based input, the width of the input frame represents the product of the
number of symbols and the Samples per symbal value.

I case of sample-bazed input, the sample time of the input is the symbal period divided
by the Samples per spmbol value.

The Symbol prehistary parameter is the data symbol(s] uzed before the start of the
simulation.

Olutput bype:
BT product:
E

Pulze length [symbol intervals]:
J4

Symbal prehistory:

Ji

Fhase offzet [rad):

Jo

Samples per symbal:

Ja

Traceback length:

J16

Olutput datatypel double LI

QK I Cancel Help | Apply |

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.
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Pair Block
See Also

References
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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 GMSK Demodulator
Baseband block uses to construct each traceback path.

Output data type
The output data type can be boolean, int8, int16, int32, or
double.

GMSK Modulator Baseband
CPM Demodulator Baseband, Viterbi Decoder

[1] Anderson, John B., Tor Aulin, and Carl-Erik Sundberg. Digiial
Phase Modulation. New York: Plenum Press, 1986.
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|

Purpose Modulate using Gaussian minimum shift keying method
Librclry CPM, in Digital Baseband sublibrary of Modulation
Description The GMSK Modulator Baseband block modulates using the Gaussian
minimum shift keying method. The output is a baseband representation
LI of the modulated signal.
BMSK

The BT product parameter represents bandwidth multiplied 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 an explanation of the pulse shape, see
the work by Anderson, Aulin, and Sundberg among the references listed
below. The frequency pulse shape is defined by the following equations.

-~ t+ L

1 9 2
n="2lolons, —2 |_@|onB, —2
£0=51191% o |9 7™ Tne

T 1 —r2/2
Q)= | ——e dt
'!\/275

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 n/2 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
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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” in Communications Blockset User’s Guide.

ZJFunction Block Parameters: GMSK Modulator Basek x|

—GMSE Modulator Bazeband [maszk] (link]

Modulate the input zsignal uging the Gaussian minimurn shift keying method.

For zample-based input, the input must be a scalar. For frame-bazed 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 symbols and the Samples per symbal value.

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

The Symbol prehistary parameter is the data symbol(s] uzed before the start of the

simulation.
—F 1
Inpuk ype: -
BT product:
E

Pulze length [symbol intervals]:
J4

Symbal prehistory:

Ji

Fhase offzet [rad):

Jo
Samples per symbal:
Ja
Output data type:l double LI
QK I Cancel Help | Apply |
Input type

Indicates whether the input consists of bipolar or binary values.
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|

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.

Samples per symbol
The number of output samples that the block produces for each
integer or bit in the input.

Output data type
The output type of the block can be specified as a single or
double. By default, the block sets this to double.

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 Generate Gold sequence from set of sequences

Librclry Sequence Generators sublibrary of Comm Sources

Description The Gold Sequence Generator block generates a Gold sequence. Gold
sequences form a large class of sequences that have good periodic

old Sequence cross-correlation properties.

Fenerator

The Gold sequences are defined using a specified pair of sequences

u and v, of period N = 27 - 1, called a preferred pair, as defined in
“Preferred Pairs of Sequences” on page 2-285 below. The set G(u, v) of
Gold sequences is defined by

G(u,v) = {u,v,u(-Bv,u@Tv,u(—BT%,...,u@ TNl

where T represents the operator that shifts vectors cyclically to the

left by one place, and @ represents addition modulo 2. Note that
G(u,v) contains N + 2 sequences of period N. The Gold Sequence
Generator block outputs one of these sequences according to the block’s
parameters.

Gold sequences have the property that the cross-correlation between
any two, or between shifted versions of them, takes on one of three
values: -t(n), -1, or t(n) - 2, where

1+27/2 4 even
t(n) =
1+2272 5 odd
The Gold Sequence Generator block uses two PN Sequence Generator
blocks to generate the preferred pair of sequences, and then XORs these

sequences to produce the output sequence, as shown in the following
diagram.
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PM Sequence
Generator

PM Sequence

Generatord XOR

PM Sequence
Generator

PM Sequence
Genarator2

You can specify the preferred pair by the Preferred polynomial [1]
and Preferred polynomial [2] parameters in the dialog for the Gold
Sequence Generator block. These polynomials, both of which must have
degree n, describe the shift registers that the PN Sequence Generator
blocks use to generate their output. For more details on how these
sequences are generated, see the reference page for the PN Sequence
Generator block. You can specify the preferred polynomials using either
of the following formats:

e A vector that lists the coefficients of the polynomial in descending
order of powers. The first and last entries must be 1. Note that the
length of this vector is one more than the degree of the generator
polynomial.

® A vector containing the exponents of z for the nonzero terms of the

polynomial in descending order of powers. The last entry must be 0.

For example, the vectors [5 2 0] and [1 0 0 1 0 1] both represent
the polynomial 2° + 2% + 1.

The following table provides a short list of preferred pairs.

Preferred Preferred
n N Polynomial[1] Polynomial[2]
5 31 [5 2 0] [543 2 0]
6 63 [6 1 0] [6 52 1 0]
7 127 [7 3 0] [7 321 0]
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Preferred Preferred
N Polynomial[1] Polynomial[2]
9 511 [9 4 0] [9 6 4 3 0]
10 1023 [10 3 0] [10 8 3 2 0]
11 2047 [11 2 0] [11 8 5 2 0]

The Initial states[1] and Initial states[2] parameters are vectors
specifying the initial values of the registers corresponding to Preferred
polynomial [1] and Preferred polynomial [2], respectively. These
parameters must satisfy these criteria:

e All elements of the Initial states[1] and Initial states[2] vectors

must be binary numbers.

¢ Thelength of the Initial states[1] vector must equal the degree of the
Preferred polynomial[l], and the length of the Initial states[2]
vector must equal the degree of the Preferred polynomial[2].

Note At least one element of the Initial states vectors must be
nonzero in order for the block to generate a nonzero sequence. That
1s, the initial state of at least one of the registers must be nonzero.

The Sequence index parameter specifies which sequence in the set
G(u, v) of Gold sequences the block outputs. The range of Sequence
index is [-2, -1, 0, 1, 2, ..., 2"~2]. The correspondence between
Sequence index and the output sequence is given in the following

table.

Sequence Index

Output Sequence

-2

u
-1 \%
0 ud®v
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Sequence Index Output Sequence
1 u®Tv
2
u®T?
2n.2 i
u®T? %

You can shift the starting point of the Gold sequence with the Shift
parameter, which is an integer representing the length of the shift.

You can use an external signal to reset the values of the internal shift
register to the initial state by selecting the Reset on nonzero input
check box. This creates an input port for the external signal in the Gold
Sequence Generator block. The way the block resets the internal shift
register depends on whether its output signal and the reset signal are
sample-based or frame-based. The following example demonstrates

the possible alternatives. See “Example: Resetting a Signal” on page
2-557 for an example.

Preferred Pairs of Sequences
The requirements for a pair of sequences u, v of period N = 2°-1 to be a
preferred pair are as follows:
® 1 is not divisible by 4
® v =u[q], where
= qis odd
= q=281or q=2%2k+1

= v is obtained by sampling every qth symbol of u

1 n=1mod2

d(n,k) =
* gednk) {2 n =2mod4
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L
DIG IOg = Source Block Parameters: Gold Sequence Generat x|

Box —Gold Sequence Generator [mask] [link]

Generate a Gold sequence from a set of sequences by specifying a preferred pair of
polynomials.

The polynomial parameter values reprezent the shift register connections. Enter these
values az either a binary vector or a descending ordered polynomial to indicate the
connection points.

The initial states parameters are binary vectors that represzent the starting state of the
zhift registers.

The sequence index parameter denotes the single sequence outputted from the set
of Gold sequences. Specify it as a scalar integer in the range [-2, 2°n-2] where n iz
the degree of the generator polynomial. The index values -2 and -1 corespond ta the
first and zecond P sequences az generated by the preferred polynomials (1] and
[2]. respectively.

The shift parameter iz a scalar integer that produces an offset in the sequence.

Freferred polynomial [1]:
[1 00001 1]

Initial states [1]:
Jimooooi)

Freferred polynomial [2]:
Jrtoo111)

Initial states [2]:
Jooooo1

Sequence index:

Sample time:
Ji

[~ Frame-based cutputs

Samples per frame:
Ji

[~ Reset on nonzera input

Output data type: | double LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.
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Preferred polynomial[1]
Vector specifying the polynomial for the first sequence of the
preferred pair.

Initial states[1]
Vector of initial states of the shift register for the first sequence of
the preferred pair.

Preferred polynomial[2]
Vector specifying the polynomial for the second sequence of the
preferred pair.

Initial states[2]
Vector of initial states of the shift register for the second sequence
of the preferred pair.

Sequence index
Integer specifying the index of the output sequence from the set
of sequences.

Shift
Integer scalar that determines the offset of the Gold sequence
from the initial time.

Sample time
Period of each element of the output signal.

Frame-based outputs
Determines whether the output is frame-based or sample-based.

Samples per frame
The number of samples in a frame-based output signal. This field
1s active only if you select the Frame-based outputs check box.

Reset on nonzero input
When selected, you can specify an input signal that resets the
internal shift registers to the original values of the Initial states
parameter
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Output data type
The output type of the block can be specified as boolean, double
or Smallest unsigned integer. By default, the block sets this
to double.

When the parameter is set to Smallest unsigned integer, the
output data type is selected based on the settings used in the
Hardware Implementation pane of the Configuration Parameters
dialog box of the model. If ASIC/FPGA is selected in the Hardware
Implementation pane, the output data type is the ideal minimum
one-bit size, i.e., ufix(1). For all other selections, it is an unsigned
integer with the smallest available word length large enough to fit
one bit, usually corresponding to the size of a char (e.g., uint8).

Kasami Sequence Generator, PN Sequence Generator

[1] Proakis, John G., Digital Communications, Third edition, New York,
McGraw Hill, 1995.

[2] Gold, R., "Maximal Recursive Sequences with 3-valued Recursive
Cross-Correlation Functions," IEEE Trans. Infor. Theory, Jan., 1968,
pp. 154-156.

[3] Gold, R., "Optimal Binary Sequences for Spread Spectrum
Multiplexing, IEEE Trans. Infor. Theory, Oct., 1967, pp. 619-621.

[4] Sarwate, D.V., and M.B. Pursley, "Crosscorrelation Properties of
Pseudorandom and Related Sequences," Proc. IEEE, Vol. 68, No. 5,
May, 1980, pp. 583-619.

[56] Dixon, Robert, Spread Spectrum Systems with Commercial
Applications, Third Edition, Wiley—Interscience, 1994.
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Purpose
Library

Description

Hadamard
Code Generator

Generate Hadamard code from orthogonal set of codes
Sequence Generators sublibrary of Comm Sources

The Hadamard Code Generator block generates a Hadamard code
from a Hadamard matrix, whose rows form an orthogonal set of codes.
Orthogonal codes can be used for spreading in communication systems
in which the receiver is perfectly synchronized with the transmitter.
In these systems, the despreading operation is ideal, as the codes are
decorrelated completely.

The Hadamard codes are the individual rows of a Hadamard matrix.
Hadamard matrices are square matrices whose entries are +1 or -1, and
whose rows and columns are mutually orthogonal. If N is a nonnegative
power of 2, the N-by-N Hadamard matrix, denoted H, is defined
recursively as follows.

Hy =[1]
Hy Hpy
Hyn Z[H I }
N -Hy

The N-by-N Hadamard matrix has the property that
H H," = NI

where I is the N-by-N identity matrix.

The Hadamard Code Generator block outputs a row of Hy. The output
is bipolar. You specify the length of the code, N, by the Code length
parameter. The Code length must be a power of 2. You specify the
index of the row of the Hadamard matrix, which is an integer in the
range [0, 1, ... , N-1], by the Code index parameter.
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Dialog
Box
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=) source Block Parameters: Hadamard Code Genel =

—Hadamard Code Generator (mask) {ink]

Generate a Hadamard Code from an orthogonal set of codes.

The code index parameter is an integer scalar in the range [0, N-1] where N is the
code length. When incremented by 1, it corresponds to the row index of a
Hadamard matrix of size M x M. N must be an integer power of 2,

The output code is in & bipolar format with a {0, 1} to {1, -1} element mapping.

—Parameters

Code length:

Code index:

]
Sample time:
|1

™ Frame-based outputs

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

Code length

A positive integer that is a power of two specifying the length
of the Hadamard code.

Code index
An integer between 0 and N-1, where N is the Code length,
specifying a row of the Hadamard matrix.

Sample time
A positive real scalar specifying the sample time 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
1s active only if you select the Frame-based outputs check box.

Output data type
The output type of the block can be specified as an int8 or double.
By default, the block sets this to double.

See Also OVSF Code Generator, Walsh Code Generator
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Purpose
Library

Description

2-292

Hamming
Decoder

Decode 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 dialog 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
Communications Toolbox gfprimfd function.

This block supports double and boolean data types.
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Dialog
Box

Pair Block

See Also

EBlock Parameters: Hamming Decoder

21|

—Hamming Decoder [mazk]

Fiecover a binary message vectar from a binary Hamming codeword vectar. The
message iz of length K. and the codeword iz of length M, where M hag the form
2°M-1. for some integer M greater than or equal ta 3. K must equal N-M.

The input must contain exactly M elements. If it i frame-based, then it must be a

columh vechar.

=
F

Codeword length M:
]

Message length K., or M-degree primitive polynomial:

afprimfd(3, min')

Ok | Lancel | Help Apply

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(2M).
Hamming Encoder

hammgen (Communications Toolbox)
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Purpose
Library

Description
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Hamming
Encoder

Create 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
9M.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(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 dialog 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
Communications Toolbox gfprimfd function.

This block supports double and boolean data types.



Hamming Encoder

Dialog
Box

Pair Block

See Also

EBlock Parameters: Hamming Encoder

21|

—Hamming Encoder [mazk)]
Create a Hamming code with message length K and codeword length M. The
nurnber M must have the form 2°M-1, where M iz an integer greater than or equal to

3. K must equal M-k,
The input must contain exactly K. elements. [f it iz frame-bazed, then it must be a

columh vechar.

=
F

Codeword length M:
]

Message length K., or M-degree primitive polynomial:

afprimfd(3, min')

Ok | Lancel | Help Apply

Codeword length N

The codeword length, which is also the output vector length.

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).
Hamming Decoder

hammgen (Communications Toolbox)

2-295



Helical Deinterleaver

Purpose

Library

Description
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Helical
Deinterleaver

Restore ordering of symbols permuted by 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

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

CN[S(C—I)]
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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 must be m*C*N for some nonnegative
integer m. You can use the Signal Processing Blockset Delay block to
adjust delays manually, if necessary.

E1Block Parameters: Helical Deinterleaver 2=l

—Helical Deinterl [maszk]

Fiestore the ordering of spmbolz input to a matching helical interleaver.  The operation
of a helical deinterleaver iz defined by a helical aray with C columnz. The input ta the
helical deinterleaver must hawve width C*M. Received symbols are entered row-by-row
inta the helical aray. The block processes the symbals in the helical array in groups
of size M and assighs 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 calumn k
mod C of the helical array and beginning in row 1+[k-1]%z, where z iz the helical aray
step size.

The helical aray step size must be a nonnegative integer and the initial condition
must be a scalar.

=) |

Mumber of columnz in helical anray:
Group size:

J4

Helical array step size:

Jh

Initial condition:
Jo

Ok | Lancel | Help | Apply |

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.
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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.

Helical Interleaver
General Multiplexed Deinterleaver

[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
Interleaver

Permute input symbols using helical array
Convolutional sublibrary of Interleaving

The Helical Interleaver block permutes the symbols in the input signal
by placing them in an 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.
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E1Block Parameters: Helical Interleaver 2=l

—Helical Interl [mazk]

Permute input vector uging a helical aray with C columns. The input to the helical
interleaver must have width M. The block processes the input in groups of size M
and assighs 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-11%s, where s is the helical aray step size. The
helical interleaver output iz 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 a scalar.

=
F

Mumber of columnz in helical array:
Group size:

J4

Helical array step size:
Jh

Initial condition:
Jo

Ok | Lancel | Help | Apply |

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 [13:18] "', 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; -11,[7; 4; 5; 8; 9; 6],
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and [13; 10; 11; 14; 15; 12]. (The outputs are not color-coded in
the schematic.)

Inputs Block's Internal Array Outputs from successive
rows of array

7 1 7 1
8 2 4 1
9 3 5 -1
. - —_— —
10 4 8 2
1 5 9 3
12 6 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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Library

Description

2-302

Fectangular
FPulze Filter

Shape input signal using ideal rectangular pulses
Comm Filters

The Ideal Rectangular Pulse Filter block upsamples and shapes the
input signal using rectangular pulses. The block replicates each input
sample N times, where N is the Pulse length parameter. After
replicating input samples, the block can also normalize the output
signal and/or apply a linear amplitude gain.

If the Pulse delay parameter is nonzero, then the block outputs that
number of zeros at the beginning of the simulation, before starting to
replicate any of the input values.

Inputs and Outputs

The input can be either a scalar or a frame-based column vector.
double, single, and fixed-point data types are supported.

¢ [f the input is sample-based, then the output sample time is 1/N
times the input sample time. The output dimensions match the input
dimensions. You must set the Input sampling mode parameter to
Sample-based.

e [f the input is a frame-based k-by-1 matrix, then the output is a
frame-based k*N-by-1 matrix. The output frame period matches
the input frame period. You must set the Input sampling mode
parameter to Frame-based.

The vector size (in frame-based mode), the pulse length, and the pulse
delay are mutually independent. They do not need to satisfy any
conditions with respect to each other.

Normalization Methods

You determine the block’s normalization behavior using the Normalize
output signal and Linear amplitude gain parameters.
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Dialog
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C1Block Parameters: Ideal Rectangular Pulse Filte; 2=l

e If you clear the Normalize output signal check box, then the block

multiplies the set of replicated values by the Linear amplitude
gain parameter. This parameter must be a scalar.

¢ If you select Normalize output signal, then the Normalization

method parameter appears. The block scales the set of replicated
values so that one of these conditions is true:

= The sum of the samples in each pulse equals the original input
value that the block replicated.

= The energy in each pulse equals the energy of the original input
value that the block replicated. That is, the sum of the squared
samples in each pulse equals the square of the input value.

After the block applies the scaling specified in the Normalization
method parameter, it multiplies the scaled signal by the constant
scalar value specified in the Linear amplitude gain parameter.

r—ldeal Rectangular Pulze Filter [mazk)]

Upsample the input signal using ideal rectangular pulses.

This block replicates each input sample N times, where N iz the pulze length. This
block can alzo normalize the output signal and apply a linear amplitude gain.

=
F

Pulze length [number of samples]:
5]
Pulze delay [number of zamples]:
Jo

Input zampling mode: I Frame-bazed LI

V' Nomalize cutput signal

Mormalization method: I Sum of zamples LI

Linear amplitude gair:

Jh

Ok I Lancel Help Apply
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Pulse length
The number of samples in each output pulse; that is, the number
of times the block replicates each input value when creating the
output signal.

Pulse delay
The number of zeros that appear in the output at the beginning of
the simulation, before the block replicates any input values.

Input sampling mode
The type of input signal: Frame-based or Sample-based.

Normalize output signal
If you select this, then the block scales the set of replicated values
before applying the linear amplitude gain.

Normalization method
The quantity that the block considers when scaling the set of
replicated values. Choices are Sum of samples and Energy per
pulse. This field appears only if you select Normalize output
signal.

Linear amplitude gain
A positive scalar used to scale the output signal.
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JFunction Block Parameters: Ideal Rectangul

|deal Rectangular Pulze Filker

Upsample the input signal using ideal rectangular pulses.

This block replicates each input sample N times, where N iz the pulze length. This
block can alzo normalize the output signal and apply a linear amplitude gain.

tain Fixed-paint |

Settings on thiz pane only apply when block inputs are fixed-point signals.

r— Fized-point operational p

Fiounding mode: IFIoor VI Overflow mode: IWrap VI

r— Fized-point data type:
Mode

Coefficients lm
Product outputlm
Accurnulator W
Qupst  [oame 3 soeumdaer =]

™ Lock scaling against changes by the autozcaling tool

QK I Cancel | Help Apply

Rounding mode

Use this parameter to specify the rounding method to be used
when the result of a fixed-point calculation does not map exactly
to a number representable by the data type and scaling storing
the result. The filter coefficients do not obey this parameter; they

always round to Nearest.

For more information, see Rounding Modes in the Signal
Processing Blockset User’s Guide or “Rounding Mode: Simplest”
in the Simulink Fixed Point documentation.

Overflow mode

Select the overflow mode for fixed-point operations. The filter
coefficients do not obey this parameter; they are always saturated.

Coefficients

Choose how you specify the word length and the fraction length of
the filter coefficients (numerator and/or denominator). See “Filter
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Structure Diagrams” in Signal Processing Blockset Reference
Guide for illustrations depicting the use of the coefficient data
types in this block:

When you select Same word length as input, the word
length of the filter coefficients match that of the input to the
block. In this mode, the fraction length of the coefficients 1s
automatically set to the binary-point only scaling that provides
you with the best precision possible given the value and word
length of the coefficients.

When you select Specify word length, you are able to enter
the word length of the coefficients, in bits. In this mode, the
fraction length of the coefficients is automatically set to the
binary-point only scaling that provides you with the best
precision possible given the value and word length of the
coefficients.

When you select Binary point scaling, you are able to enter
the word length and the fraction length of the coefficients,

in bits. If applicable, you are able to enter separate fraction
lengths for the numerator and denominator coefficients.

When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the coefficients.
If applicable, you are able to enter separate slopes for the
numerator and denominator coefficients. This block requires
power-of-two slope and a bias of zero.

The filter coefficients do not obey the Rounding mode and the
Overflow mode parameters; they are always saturated and
rounded to Nearest.

Product output
Use this parameter to specify how you would like to designate the
product output word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” in Signal Processing
Blockset Reference Guide for illustrations depicting the use of the
product output data type in this block:



Ideal Rectangular Pulse Filter

¢ When you select Same as input, these characteristics match
those of the input to the block.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the product output,
in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the product
output. This block requires power-of-two slope and a bias of
Z€ro.

Accumulator
Use this parameter to specify how you would like to designate
the accumulator word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” for illustrations
depicting the use of the accumulator data type in this block:

® When you select Same as input, these characteristics match
those of the input to the block.

¢ When you select Same as product output, these
characteristics match those of the product output.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the accumulator,
in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the accumulator.
This block requires power-of-two slope and a bias of zero.

Output

Choose how you specify the output word length and fraction
length:

¢ When you select Same as input, these characteristics match
those of the input to the block.

® When you select Same as accumulator, these characteristics
match those of the accumulator.
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¢ When you select Binary point scaling, you are able to enter
the word length and the fraction length of the output, in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the output. This
block requires power-of-two slope and a bias of zero.

Lock scaling against changes by the autoscaling tool
Select this parameter to prevent any fixed-point scaling
you specify in this block mask from being overridden by the

autoscaling tool in the Fixed-Point Tool.

If Pulse length is 4 and Pulse delay is the scalar 3, then the table

below shows how the block treats the beginning of a ramp (1, 2, 3,...) in
several situations. (The values shown in the table do not reflect vector
sizes but merely indicate numerical values.)

Normalization
Method, If Any

Linear Amplitude
Gain

First Several
Output Values

None (Normalize 1 0,0,0,1,1,1,1,2,2,
output signal 2,2,3,3,3,3,...
cleared)

None (Normalize 10 0,0,0,10, 10, 10, 10,

output signal 20, 20, 20, 20, 30, 30,

cleared) 30, 30,...

Sum of samples 1 0, 0, 0, 0.25, 0.25,
0.25,0.25,0.5,0.5,
0.5,0.5,0.75,0.75,
0.75, 0.75,..., where
0.25*4=1

Sum of samples 10 0,0,0,2.5,2.5, 2.5,
2.5,5,5,5,5,7.5,
7.5,7.5,7.5,...
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See Also

Normalization
Method, If Any

Linear Amplitude
Gain

First Several
Output Values

Energy per pulse

1

0,0,0,0.5, 0.5,

0.5,0.5,1.0,1.0,
1.0,1.0,1.5, 1.5,
1.5, 1.5,..., where
(0.5)"2*4=1"2

Energy per pulse

10

0,0,0,5,5,5,5, 10,
10, 10, 10, 15, 15, 15,
15,...

Upsample, Integrate and Dump
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Insert Zero

Purpose Distribute input elements in output vector
Librclry Sequence Operations
Description 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:

Ingent Zero

¢ 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

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.
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=)Block Parameters: Insert Zero

—Inzert Zero [mask)

21|

Distribute input elements in output vector. The binary Inzert zera vector indicates
placement of zeros and input elements.

For zample-based inputs, the length of the input must equal the length of the Insert
zefo vectar.

For frame-based inputs, if the number of 1's in the Insert zero vectar iz less than the
length of the input signal, the block repeats the Insert zera pattern to output all input
elements.

=
F

Inzert zero vecton:
110101

Ok | Lancel Help Apply

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.

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.
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Group of 4 Group of 4
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Insert Zero Shading Key for Output Vector
< = Inserted zero
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Compare this example with that on the reference page for the Puncture
block.

See Also Puncture
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Purpose
Library

Description

RS encoder

Create Reed-Solomon code from integer vector data
Block sublibrary of Channel Coding

This block supports punctures (“Shortening, Puncturing, and Erasures”
provides a tutorial).

Note For a puncture vector, a 1 means that the data symbol is passed
unaltered, and a 0 means that the data symbol is punctured (i.e.,
removed) from the data stream. This convention is carried for both the
encoder and the decoder.

The Integer-Input RS Encoder block creates a Reed-Solomon code with
message length, K, and codeword length, (N - number of punctures).
You specify both N and K directly in the block dialog. The symbols for
the code are integers between 0 and 2M-1, which represent elements
of the finite field GF(2M). Restrictions on M and N are described in
“Restrictions on M and the Codeword Length N” on page 2-314 below.
The difference N - K must be an even integer.

This block can output shortened codewords when N and K are
appropriately specified. To specify output codewords that are shortened
by a length S, N and K must be specified in the dialog box as Ny, — S
and K, , — S, where Ny, and K; , are the N and K of an unshortened

code. If S<(Ng, +1)/2, the encoder can automatically determine

the value of Ny, and K, . However, if S>(Ng,; +1)/2, Primitive
polynomial must be specified in order to properly define the extension
field for the code.

The input and output are integer-valued signals that represent
messages and codewords, respectively. The input must be a frame-based
column vector whose length is an integer multiple of K. The block can
accept the data types int8, uint8, int16, uint16, int32, uint32,
single, and double. The output is a frame-based column vector whose
length is the same integer multiple of N, and whose data type is
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inherited from the input. For more information on representing data
for Reed-Solomon codes, see the section “Integer Format (Reed-Solomon
Only)” in Communications Blockset User’s Guide.

If the encoder is processing multiple codewords per frame, then the
same puncture pattern holds for all codewords.

The default value of M is the smallest integer that is greater than or
equal to log2(N+1), that is, ceil(log2(N+1)). You can change the
value of M from the default by specifying the primitive polynomial
for GF(2Y), as described in “Specifying the Primitive Polynomial” on
page 2-314 below. If N is less than 2M-1, the block uses a shortened
Reed-Solomon code.

An (N, K) Reed-Solomon code can correct up to floor ((N-K)/2) symbol
errors (not bit errors) in each codeword.

Specifying the Primitive Polynomial

You can specify the primitive polynomial that defines the finite

field GF(2M), corresponding to the integers that form messages and
codewords. To do so, first select Specify primitive polynomial. Then,
in the Primitive polynomial field, enter a binary row vector that
represents a primitive polynomial over GF(2) of degree M, in descending
order of powers. For example, to specify the polynomial x3+x+1, enter
the vector [1 0 1 1].

If you do not select Specify primitive polynomial, the

block uses the default primitive polynomial of degree M =
ceil(log2(N+1)). You can display the default polynomial by entering
primpoly(ceil(log2(N+1))) at the MATLAB prompt.

Restrictions on M and the Codeword Length N
The restrictions on the degree M of the primitive polynomial and the

codeword length N are as follows:

¢ If you do not select Specify primitive polynomial, N must lie in
the range 3 < N < 2161,
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® If you do select Specify primitive polynomial, N must lie in the
range 3 < N < 2M_1 and M must lie in the range 3 <M < 16.

Specifying the Generator Polynomial

You can specify the generator polynomial for the Reed-Solomon code.
To do so, first select Specify generator polynomial. Then, in the
Generator polynomial field, enter an integer row vector whose
entries are between 0 and 2M-1. The vector represents a polynomial,

in descending order of powers, whose coefficients are elements of
GF(2M) represented in integer format. See the section “Integer Format
(Reed-Solomon Only)” for more information about integer format. The
generator polynomial must be equal to a polynomial with a factored form

g(x) = (x+AP) (x+AP) (x+AP*2) . (x+APFNK-1)

where A is the primitive element of the Galois field over which the input
message is defined, and b is an integer.

If you do not select Specify generator polynomial, the block uses the
default generator polynomial, corresponding to b=1, for Reed-Solomon
encoding. You can display the default generator polynomial by entering
rsgenpoly(N1,K1), where N1 = 2°M-1 and K1 = K+(N1-N), at the
MATLAB prompt, if you are using the default primitive polynomial. If
the Specify primitive polynomial box is selected, and you specify
the primitive polynomial specified as poly, the default generator
polynomial is rsgenpoly (N1,K1,poly).

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 following figure illustrates possible input and output signals
to this block when Codeword length N is set to 7, Message length K
is set to 5, and the default primitive and generator polynomials are used.
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EJFunction Block Parameters: Integer-Input RS x|

r— Integer-lnput RS Encoder [maszk] [link]

Encode the message in the input vectar using an [M.K] Reed-Solomon encader with
the narrow-gense generator polynomial. The input must be a frame-based column
wector with an integer multiple of K elements. Each group of K input elements
represents one meszage word to be encoded. Each symbol must have ceilllog2
[N+1]) bits.

If log2[M+1] does not equal M, where 3<=M<=1E, then a shortened code is assumed.
If the: Primitive polynomial is not specified, then the length by which the codeword is
shortened iz 2 ceilllog2(M+1]] - [N+1]. IFit iz specified, then the shortening length is
2"(lengthlPrimitive polynarnial]-1] - [M+1].

The optional ‘Primitive polynomial parameter is & row vector that represents the
binary coefficients of the primitive polynomial in order of descending powers. ‘When
such a user-defined Primitive polynomial is provided, the number of bitz in each input
zymbol must equal the order of the Primitive polynomial instead.

The optional 'Generator polynomial parameter iz a row vectar that represents the
coefficients of the generator polynomial in order of descending powers. Each
coefficient is an element of the Galois field defined by the primtive polynomial

The optional 'Puncture vector' parameter is a column vector of length M-K. ‘When
puncturing a code, a """ in the Puncture vector comesponds to a symbal that is not
punctured, and a "0" comesponds to a symbol that is punctured.

— P |
F

Codeword length M:

7

Meszage length K:
E]

[~ Specify primitive polynomial
™ Specify generator polynomial
[T Puncture code

QK I Cancel | Help Apply

Codeword length N
The codeword length.

Message length K
The message length.

Specify primitive polynomial

Selecting this check box enables the field Primitive polynomial.
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Primitive polynomial
This field i1s available only when Specify primitive polynomial
is selected.

Binary row vector representing the primitive polynomial in
descending order of powers.

Specify generator polynomial
Selecting this check box enables the field Generator polynomial.

Generator polynomial
This field is available only when Specify generator polynomial
is selected.

Integer row vector, whose entries are in the range from 0 to
2M.1, representing the generator polynomial in descending order
of powers.

Puncture code
Selecting this check box enables the field Puncture vector.

Puncture vector
This field is available only when Puncture code is selected.

A column vector of length N-K. A value of 1 in the Puncture
vector corresponds to a symbol that is not punctured, and a 0

corresponds to a symbol that is punctured.

The default value is [ones(2,1); zeros(2,1)].
Pair Block Integer-Output RS Decoder

See Also Binary-Input RS Encoder
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Purpose
Library

Description

E:::-E

RS Decaoder gy

Decode Reed-Solomon code to recover integer vector data
Block sublibrary of Channel Coding

This block supports punctures and erasures (“Shortening, Puncturing,
and Erasures” provides a tutorial).

Note 1s and Os have precisely opposite meanings for the puncture and
erasure vectors. For a puncture vector, a 1 means that the data symbol
is passed unaltered, and a 0 means that the data symbol is punctured
(i.e., removed) from the data stream. For an erasure vector, a 1 means
that the data symbol is to be replaced with an erasure symbol, and a 0
means that the data symbol is passed unaltered. These conventions are
carried for both the encoder and the decoder.

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.

The Reed-Solomon code has message length, K, and codeword length,
(N - number of punctures). You specify both N and K directly in the
block dialog. The symbols for the code are integers between 0 and 2M-1,
which represent elements of the finite field GF(2M). Restrictions on M
and N are described in “Restrictions on M and the Codeword Length N”
on page 2-314 below. The difference N - K must be an even integer.

This block can output shortened codewords when N and K are
appropriately specified. To specify output codewords that are shortened
by a length S, N and K must be specified in the dialog box as N, — S
and K, , — S, where Ny, and K; , are the N and K of an unshortened

code. If S < (Ng, +1)/2, the encoder can automatically determine

the value of Ny, and K, . However, if S>(Ng,; +1)/2, Primitive
polynomial must be specified in order to properly define the extension
field for the code.
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The input and output are integer-valued signals that represent
codewords and messages, respectively. The input must be a frame-based
column vector whose length is an integer multiple of (N - number

of punctures). The block can accept the data types int8, uint8,

int16, uint16, int32, uint32, single, and double. The output is a
frame-based column vector whose length is the same integer multiple
of K, and whose data type is inherited from the input. For more
information on representing data for Reed-Solomon codes, see the
section “Integer Format (Reed-Solomon Only)” in the Communications
Blockset User’s Guide.

If the decoder is processing multiple codewords per frame, then the
same puncture pattern holds for all codewords.

The default value of M is ceil(1log2(N+1)), that is, the smallest integer
greater than or equal to log2(N+1). You can change the value of M
from the default by specifying the primitive polynomial for GF(2M), as
described in “Specifying the Primitive Polynomial” on page 2-314 below.
If N is less than 2M-1, the block uses a shortened Reed-Solomon code.

You can also specify the generator polynomial for the Reed-Solomon
code, as described in “Specifying the Generator Polynomial” on page
2-315.

An (N, K) Reed-Solomon code can correct up to floor ((N-K)/2) symbol
errors (not bit errors) in each codeword.

The second output is the number of errors detected during decoding
of the codeword. A -1 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 data type of this output is also inherited from
the input signal.

You can disable the second output by deselecting Output number of
corrected errors. This removes the block’s second output port.

In the case of a decoder failure, the message portion of the decoder input
1s returned unchanged as the decoder output.

The sample times of the input and output signals are equal.
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Dialog
Box

EJFunction Block Parameters: Integer-Dutput B x|

 Integer-Output RS Decoder [mask) (link]

Attemnpt to decode the input received zignal using an [M.K] Reed-Solomon decoder
with the narmow-senze generator polynomial. The input must be a frame-bazed
column vector with an integer multiple of M elements. Each group of M input
elements represents one received word to be decoded. Each symbal must have
ceilllog2(M+1]] bits.

If the: Primitive polynomial is not specified, then the length by which the codeword is
shortened iz 2 ceilllog2(M+1]] - [N+1]. IFit iz specified, then the shortening length is
2"(lengthlPrimitive polynarnial]-1] - [M+1].

The optional ‘Primitive polynomial parameter is & row vector that represents the
binary coefficients of the primitive polynomial in order of descending powers. ‘When
such a user-defined Primitive polynomial is provided, the number of bitz in each input
zymbol must equal the order of the Primitive polynomial instead.

The optional 'Generator polynomial parameter iz a row vectar that represents the
coefficients of the generator polynomial in order of descending powers. Each
coefficient is an element of the Galois field defined by the primitive palpnomial.

The optional 'Puncture vector' parameter is a column vector of length M-K. ‘When
puncturing a code, a """ in the Puncture vector comesponds to a symbal that is not
punctured, and a "0" comesponds to a symbol that is punctured.

The optional 'Erasures’ input iz a frame-based binary column vector the same size az
the codeword input. Eraszure values of "1" comespond to erased symbolz in the
zame position in the codeword, and erasure values of 0" corespond to non-erased
zymbaols.

The number of corected emors can be gent to a second output port by checking the
‘Dutput number of corrected enors’ check box. A decoding failure occurs when a
certain word in the input containg maore than [M-K]/2 errors. This is indicated by a
walue of -1 in the corezponding pozition in the second output vectar,

If log2[M+1] does not equal M, where 3<=M<=1E, then a shortened code is assumed.

— P |
F

Codeword length M:
@
Meszage length K
E]

[~ Specify primitive polynomial
™ Specify generator polynomial
[T Punctured code

™ Enable erasures input port

[~ Output number of comected errors

QK I Cancel | Help Apply

Codeword length N
The codeword length.
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Message length K
The message length.

Specify primitive polynomial
Selecting this check box enables the field Primitive polynomial.

Primitive polynomial
This field i1s available only when Specify primitive polynomial
is selected.

Binary row vector representing the primitive polynomial in
descending order of powers.

Specify generator polynomial
Selecting this check box enables the field Generator polynomial.

Generator polynomial
This field is available only when Specify generator polynomial
is selected.

Integer row vector, whose entries are in the range from 0 to
2M.1, representing the generator polynomial in descending order
of powers.

Puncture code
Selecting this check box enables the field Puncture vector.

Puncture vector

This field is available only when Puncture code is selected.

A column vector of length N-K. A value of 1 in the Puncture
vector corresponds to a symbol that is not punctured, and a 0
corresponds to a symbol that is punctured.

The default value is [ones(2,1); zeros(2,1)].

Enable erasures input port
Selecting this check box will open the port, Era.
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Algorithm

Pair Block

References

See Also

Through the port, you can input a frame-based binary column
vector the same size as the codeword input.

Erasure values of 1 correspond to erased symbols in the same
position in the codeword, and values of 0 correspond to nonerased
symbols.

Output number of corrected errors
When you select this box, the block outputs the number of
corrected errors in each word through a second output port.

This block uses the Berlekamp-Massey decoding algorithm. For
information about this algorithm, see the references listed below.

Integer-Input RS Encoder

[1] Wicker, Stephen B., Error Control Systems for Digital
Communication and Storage, Upper Saddle River, N.J., Prentice Hall,
1995.

[2] Berlekamp, Elwyn R., Algebraic Coding Theory, New York,
McGraw-Hill, 1968.

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

Binary-Output RS Decoder
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Purpose

Library

Description
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Integer to Bit
Comrerter

Map vector of integers to vector of bits
Utility Blocks

The Integer to Bit Converter block maps each integer or fixed-point
value in the input vector to a group of bits in the output vector.

The block maps each integer value (or stored integer when a fixed point
input is used) to a group of M bits, using the selection for the Output
bit order to determine the most significant bit. The resulting output
vector length is M times the input vector length.

For integer-valued inputs, if M is the Number of bits per integer and
Treat input values as is set to Unsigned, then the input values must
be between 0 and 2M-1. If M is the Number of bits per integer and
Treat input values as is set to Signed, then the block maps each
group of M bits to an integer between —2M! and 2M-1-1.

This block is single-rate and single-channel. The input can be either a
scalar or a frame-based column vector. For a sample-based scalar input,
the output is a 1-D signal with M elements. For a frame-based column
vector input, the output is a frame-based column vector with a length
equal to M times the input signal length.

A simulation-only runtime input value check is performed. If any input
value is outside of the Number of bit per integer value range, the
block will issue an error.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, single, double, and fixed point.
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L]
Dialog zl
Box —Integer to Bit Converter {mask;

Map a vector of integer-valued or fixed-point inputs to & vector of bits, The
‘Murnber of bits per integer’ parameter value defines how many bits are mapped For
each integer-valued input. For fixed-paoint inputs, the stored integer value is used.,

This block is single-rate and single-channel. The input can be either a scalar or a
frame-based column vector, For sample-based scalar input, the output is a 1-D
signal with "Mumber of bits per integer’ elements. For frame-based column vector
input, the output is a column vector with length equal to ‘Mumber of bits per
integer' times larger than the input signal length.

A simulation-only runtime input value check is performed. IF any input value is
outside of the ‘Mumber of bits per integer' value range, then the block will issue an
error,

—Parameter

Mumber of bits per integer:

&

Treat input values as: IUnsigned LI
Output bit order: IMSB First LI
Output data kype: IInherit i internal rule LI

OF I Cancel | Help | Apply |

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 32.

Treat input values as
Indicate if the integer value input ranges should be treated as
signed or unsigned. The default setting is Unsigned.

Output bit order
Define whether the first bit of the output signal is the most
significant bit (MSB) or the least significant bit (LSB). The default
selection is MSB first.

Output data type
You can choose the following Output data type options:

® Inherit via internal rule

® Smallest integer
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® Same as input
® double

® single

® uint8

® uinti6

® uint32

The default selection for this parameter is Inherit via internal
rule.

When the parameter is set to Inherit via internal rule, the
block determines the output data type based on the input data

type.

¢ If the input signal is floating-point (either single or double),
the output data type is the same as the input data type.

¢ If the input data type is not floating-point, the output data type
is determined as if the parameter is set to Smallest integer.

When the parameter is set to Smallest integer, the block selects
the output data type based on settings used in the Hardware
Implementation pane of the Configuration Parameters dialog
box.

e If ASIC/FPRA is selected, the output data type is the ideal
one-bit size; ufix1.

¢ For all other selections, the output data type is an unsigned
integer with the smallest available word length, as defined in
the Hardware Implementation settings (e.g. uint8)
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Examples

Fixed-Point Integer To Bit and Bit To Integer Conversion
(Audio Scrambling and Descrambling Example)

Overview
This example illustrates how to use the Bit to Integer and Integer to
Bit Converter blocks with fixed-point signals.

This example uses a simplified audio scrambler configuration and a
16-bit, fixed-point digital audio source, which is recorded speech. The
left-side of the model represents the audio scrambler subsystem and the
right-side represents the descrambler subsystem.

Opening the Model
You can open the model by clicking here.

Structure

In the audio scrambler subsystem, the Integer to Bit Converter block
unpacks each 16-bit audio sample into a binary, 1-bit signal. The binary
signal passes to a linear feedback shift register (LFSR) scrambler,
which randomizes the bits in a controllable way, thereby scrambling the
signal. The Communications Blockset Scrambler block is used in the
LFSR implementation. From the LFSR, the scrambled audio bits pass
to the Bit to Integer Converter block. This block packs the scrambled
1-bit samples into 16-bit audio samples. The audio samples pass to the
Data Type Conversion block, which converts the integer-based audio
samples back into fixed-point samples.

The fixed-point samples pass from the scrambler subsystem to a
channel. The channel sends the samples to the descrambler subsystem.
For illustrative purposes, this example uses a noiseless channel. In an
actual system, a channel may introduce noise. Removing such noise
requires a more sophisticated design.

In the audio descrambler subsystem, the Integer to Bit Converter
block unpacks each 16-bit audio sample into a binary, 1-bit signal.

The binary signal passes to a linear feedback shift register (LFSR)
descrambler, which randomizes the bits in a controllable way, reversing
the scrambling process. This LFSR descrambler implementation uses
the Communications Blockset Descrambler block. From the LFSR, the
descrambled audio bits pass to the Bit to Integer Converter block. This
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block packs the descrambled 1-bit samples into 16-bit audio samples.
The audio samples pass to the Data Type Conversion block, which
converts the integer-based audio samples back into fixed-point samples.

In Simulink, the sfix16_En15 data type represents a signed (s)
fixed-point (fix) signal with word length 16 and fraction length 15.
Therefore, this model represents audio signals using the sfix16_En15
data type, except when converting to and from 1-bit binary signals.

All 1-bit signals are represented by ufix1, as seen at the output of

the Integer to Bit Converter block. The frame-based audio source

has a frame size (or number of samples per frame) of 1024. For more
information on fixed-point signals, please refer to Fixed-Point Numbers
in the Simulink documentation.
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nttobitfixptaudioscramblerdoc 10l =|
File Edit WYiew Simulation Format Tools Help
-~ . N
D|DE§|%E|<}==&>{P|DQ » lllnf INormaI j|
Fixed-Point Integer to Bit and Bit to Integer Conversion
(Audio Scrambler and Descrambler Example)
| S En1s [1024x1] = .
16-bit Audio ——x— Tz ™ clearfudio
Fixed-Point
Digital Audic ol d bledfudi
TOzdat] T
Clear Audio Descrambled
Samples Audio Samples
[1024x1] .
- =fin16_En15 [1024x1]
Integer to Bit Convert A.ssign h
Canverter 1)) Fixce d-Foint
Binary Paoint
ufixl [16324x1
Clear Audia [ ! int16 [102411]W
Bits )
¥ Bit to Integer Double-click to
Conwerter play audio
LFSR
Serambler - o
Descrambled Plagl;::::ho.
ufind [1638401] Audin Bits
Serambled et (16384 ] i
Audio Bits Play Audio:
- LFSR Scrambled
Descrambler
Bit to Integer
Converter F 3 Flay Audio:
Scrambled Descrambled
irt 16 [1024x1] Audio Bits
- [16354x1]
Conmvert A.ssign h Integer to Bit
(g |FiedPoint Converer
Binary Paoint
=fix 16_En15 [1024x1] »
Scrambled Scrambled [1024x1]
Audio Audio
Samples Samples
=fin16_En15 [1024x1] = —
[1024x1] '- Tozai] T
Channel
Ready [1o02 [ [ |FixedstepDiscrate v

Running the Model
You must run the demo before you can listen to any of the audio signals.

You can run the demo by clicking Simulation > Start.

You can hear the audio signals by clicking the model’s yellow, audio
icons.
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See Also
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Converter Block Settings

In the audio scrambler and descrambler subsystems, the Integer to
Bit Converter block settings are:

¢ Number of bits per integer: 16

® Treat input values as: Signed

Output bit order: MSB first

Output data type: Inherit via internal rule

In the audio scrambler and descrambler subsystems, the Bit to Integer
Converter block settings are:

¢ Number of bits per integer: 16

Input bit order: MSB first

After bit packing, treat resulting integer values as: Signed

Output data type: Inherit via internal rule
Bit to Integer Converter

de2bi and dec2bin
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Purpose
Library

Description

Integrate
and Dump

Integrate discrete-time signal, resetting to zero periodically
Comm Filters

The Integrate and Dump block creates a cumulative sum of the
discrete-time input signal, while resetting the sum to zero according to
a fixed schedule. When the simulation begins, the block discards the
number of samples specified in the Offset parameter. After this initial
period, the block sums the input signal along columns and resets the
sum to zero every N input samples, where N is the Integration period
parameter value. The reset occurs after the block produces its output at
that time step.

This block supports double, single, and fixed-point input and output
signals. The port data types are inherited from the signals that drive
the block.

The integrate-and-dump operation is often used in a receiver model
when the system’s transmitter uses a simple square-pulse model. It
can also be used in fiber optics and in spread-spectrum communication
systems such as CDMA (code division multiple access) applications.

The input can be either a scalar or a frame-based matrix. If the input is
frame-based, then it must have k*N rows for some positive integer k,
and the block processes each column independently.

The output contents, dimensions, and sample time are affected by the
Output intermediate values check box, as follows:

e If you clear the check box, then the block outputs the cumulative
sum at each reset time.

= If the input is sample-based, then the output sample time is N
times the input sample time and the block experiences a delay
whose duration is one output sample period. In this case, the
output dimensions match the input dimensions.

= If the input is a frame-based (k*N)-by-n matrix, then the output is
k-by-n. In this case, the block experiences no delay and the output
frame period matches the input frame period.
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¢ [f you select the check box, then the block outputs the cumulative
sum at each time step, including the reset times. The output has the
same sample time and the same matrix dimensions as the input.

This block will work within a triggered subsystem, as long as it is used
in the single-rate mode.

Transients and Delays

A nonzero value in the Offset parameter causes the block to output one
or more zeros during the initial period while it discards input samples.
If the input is a frame-based matrix with n columns and the Offset
parameter is a length-n vector, then the mth element of the Offset
vector is the offset for the mth column of data. If Offset is a scalar, then
the block applies the same offset to each column of data. The output

of initial zeros due to a nonzero Offset value is a transient effect, not

a persistent delay.

When the Output intermediate values check box is cleared,
the block’s output is delayed, relative to its input, throughout the
simulation:

¢ If the input is sample-based, then the output is delayed by one
sample after any transient effect is over. That is, after removing
transients from the input and output, you can see the result of the
mth integration period in the output sample indexed by m+1.

e If the input is frame-based and the Offset parameter is nonzero,
then after the transient effect is over, the result of each integration
period appears in the output frame corresponding to the last input
sample of that integration period. This is one frame later than
the output frame corresponding to the first input sample of that
integration period, in cases where an integration period spans two
input frames. For an example of this situation, see “Example of
Transient and Delay” on page 2-337.



Integrate and Dump

L]
DIG Iog E! Function Block Paranieters: Integrate and Dump =
Box Integrate and Dump
Integrate over number of samples in integration period and reset at the end of
integration,

Frame based K x L input is treated as L channels each of frame size K.
The samples are integrated along every column,

Offset samples are ignored during the First integration period.

IMain Fixed-paint I

Parameter:

Integration period {number of samples): |8

Offset {number of samples): ID

[ Qutput intermediate values

OF I Cancel Help Apply

Integration period
The number of input samples between resets.

Offset
A nonnegative integer vector or scalar specifying the number of
input samples to discard from each column of input data at the
beginning of the simulation.

Output intermediate values
Determines whether the block suppresses the intermediate
cumulative sums between successive resets.
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Fixed-Point Signal Flow Diagram

Input Accumulator Output
data type data type data type
e
ACCUMULATOR o CasT
DELAY [*

Fixed-Point Attributes

EIFunction Block Parameters: Integrate and Dum; =

Integrate and Dump

Integrate over number of samples in integration period and reset at the end of
integration,

Frame based K x L input is treated as L channels each of frame size K.
The samples are integrated along every column,

Offset samples are ignored during the First integration period.

IMain Fixed-point |

Settings on this pane only apply when block inputs are fixed-point signals.

—Fixed-point operational parameter:
Rounding mode: IFIoor VI Overflow mode: IWrap VI

—Fixed-point data byp

Mode

Accurmulakor IInherit via inkernal rule VI
Cukpuk ISame as accurnulator VI

™ Lock scaling against changes by the autoscaling kool

OF I Cancel | Help | Apply |

The settings for the following parameters only apply when block inputs
are fixed-point signals.
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Rounding mode
Use this parameter to specify the rounding method to be used
when the result of a fixed-point calculation does not map exactly
to a number representable by the data type and scaling storing
the result.

For more information, see Rounding Modes in the Signal
Processing Blockset User’s Guide or “Rounding Mode: Simplest”
in the Simulink Fixed Point documentation.

Overflow mode
Use this parameter to specify the method to be used if the
magnitude of a fixed-point calculation result does not fit into the
range of the data type and scaling that stores the result:

® Saturate represents positive overflows as the largest positive
number in the range being used, and negative overflows as the
largest negative number in the range being used.

® Wrap uses modulo arithmetic to cast an overflow back into the
representable range of the data type. See “Modulo Arithmetic”
for more information.

Accumulator—Mode
Use the Accumulator—Mode parameter to specify how you
would like to designate the accumulator word and fraction lengths:

¢ When you select Inherit via internal rule, the block
automatically calculates the accumulator output word and
fraction lengths.

¢ When you select Same as input, these characteristics match
those of the input to the block.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the accumulator,
in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the accumulator.
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The bias of all signals in Signal Processing Blockset software

1s zero.

Output

Use the Output parameter to choose how you specify the word
length and fraction length of the output of the block:

® When you select Same as accumulator, these characteristics

match those of the accumulator.

¢ When you select Same as input, these characteristics match

those of the input to the block.

¢ When you select Binary point scaling, enter the word length
and the fraction length of the output, in bits.

¢ When you select Slope and bias scaling, enter the word
length, in bits, and the slope of the output.

For additional information about the parameters pertaining to
fixed-point applications, see Specifying Fixed-Point Attributes.

If Integration period is 4 and Offset is the scalar 3, then the table
below shows how the block treats the beginning of a ramp (1, 2, 3, 4,...)
in several situations. (The values shown in the table do not reflect
vector sizes but merely indicate numerical values.)

Output
intermediate
values Check
Box

Input Signal
Properties

First Several Output
Values

Cleared

Sample-based
scalar

0, 0, 4+5+6+7, and
8+9+10+11, where one 0

1s an initial transient value
and the other 0 is a delay
value that results from
the cleared check box and
sample-based input.
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Output
intermediate
values Check
Box

Input Signal
Properties

First Several Output
Values

Cleared Frame-based 0, 4+5+6+7, and 8+9+10+11,
column vector of where 0 is an initial delay
length 4 value that results from the

nonzero offset. The output is
a frame-based scalar.

Selected Sample-based 0, 0, 0, 4, 4+5, 4+5+6,

scalar 4+5+6+7, 8, 8+9, 8+9+10,
8+9+10+11, and 12, where
the three Os are initial
transient values.

Selected Frame-based 0, 0, 0, 4, 4+5, 4+5+6,

column vector of
length 4

4+5+6+7, 8, 8+9, 8+9+10,
8+9+10+11, and 12, where
the three 0s are initial
transient values. The output
is a frame-based column
vector of length 4.

In all cases, the block discards the first three input samples (1, 2, and 3).

Example of Transient and Delay

The figure below illustrates a situation in which the block exhibits both
a transient effect for three output samples, as well as a one-sample delay
in alternate subsequent output samples for the rest of the simulation.
The figure also indicates how the input and output values are organized
as frame-based column vectors. In each vector in the figure, the

last sample of each integration period is underlined, discarded input
samples are white, and transient zeros in the output are white.
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Al

22

23
14 N Integrate 105

— B B BN h— — T,
1525 and Dump 80 130
16 26
17 27
B B Integration period = 5
9 0 Offset = 13
n Output intermediate values cleared Input signal
= Frame-based column vector of length 10

The transient effect lasts for ceil(13/5) output samples because the
block discards 13 input samples and the integration period is 5. The
first output sample after the transient effect is over, 80, corresponds

to the sum 14+15+16+17+18 and appears at the time of the input
sample 18. The next output sample, 105, corresponds to the sum
19+20+21+22+23 and appears at the time of the input sample 23. Notice
that the input sample 23 is one frame later than the input sample 19;
that is, this five-sample integration period spans two input frames. As
a result, the output of 105 is delayed compared to the first input (19)
that contributes to that sum.

Windowed Integrator, Discrete-Time Integrator (Simulink
documentation), Ideal Rectangular Pulse Filter
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Purpose

Library

Description

a
Interlacer
E

Dialog
Box

Examples

Pair Block

See Also

Alternately select elements from two input vectors to generate output
vector

Sequence Operations

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 (labeled O for odd) and from
the second input (labeled E for even) . 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. The
block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signals.

This block can be useful for combining in-phase and quadrature

information from separate vectors into a single vector.

ElBlock Parameters: Interlacer 2=l

—Interlacer [mask]

Combine the elements of the input signals to generate the output signal. The
elements of the first input signal become the odd-numbered elements of the output
sighal, while the elements of the second input sighal become the even-numbered
elements of the output signal.

The inputs can be either scalars or frame-baged column vectors.

............. g K .............. | Cancel | Help | Sy |

If the two input vectors are frame-based with values [1; 2; 3; 4] and
[5; 6; 7; 8], then the output vectoris [1; 5; 2; 6; 3; 7; 4; 8].

Deinterlacer

General Block Interleaver; Mux (Simulink documentation)
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Purpose Create complex baseband model of signal impairments caused by
imbalances between in-phase and quadrature receiver components

Librclry RF Impairments

Description The I/Q Imbalance block creates a complex baseband model of the signal
impairments caused by imbalances between in-phase and quadrature

ra receiver components. Typically, these are caused by differences in the
Imbalance . .

physical channels for the two components of the signal.

The I/Q Imbalance block applies amplitude and phase imbalances to
the in-phase and quadrature components of the input signal, and then
combines the results into a complex signal. The block

1 Separates the signal into its in-phase and quadrature components.

2 Applies amplitude and phase imbalances, specified by the I/Q
amplitude imbalance (dB) and I/Q phase imbalance (deg)
parameters, respectively, to both components.

3 Combines the in-phase and quadrature components into a complex
signal.

4 Applies an in-phase dc offset, specified by the I de offset parameter,
and a quadrature offset, specified by the Q dc offset parameter, to
the signal.

The block performs these operations in the subsystem shown in the

following diagram, which you can view by right-clicking the block and
selecting Look under mask:
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Let

I,=1/Q amplitude imbalance
I, =1/Q phase imbalance

I, = inphase DC offset

®pc = quadrature DC offset

Also let x = x, + x; be the complex input to the block, with x, and x; being
the real and imaginary parts, respectively, of x. Let y be the complex
output of the block.

Then, for an I/Q amplitude imbalance, I,
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For DC offsets I, and @

= + ¥y,
Y PhaseImbalance Y T Phaselmbalance J°y i PhaseImbalance

— 1%
Y = Yt phasetmbatance + IDC 7y iPhaselmbalance + QDC

The value of the I/Q amplitude imbalance (dB) parameter is divided
between the in-phase and quadrature components:

¢ If you enter a positive value X for the I/Q amplitude imbalance
(dB), the block applies a gain of +X/2 dB to the in-phase component
and a gain of -X/2 dB to the quadrature component.

¢ If you enter a negative value X for the I/Q amplitude imbalance
(dB), the block applies a gain of -X/2 dB to the in-phase component
and a gain of +X/2 dB to the quadrature component.

The effects of changing the block’s parameters are illustrated by the
following scatter plots of a signal modulated by 16-ary quadrature
amplitude modulation (QAM) with an average power of 0.01 watts.
The usual 16-ary QAM constellation without distortion is shown in
the first scatter plot:



1/Q Imbalance
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The following figure shows a scatter plot of an output signal, modulated

by 16-ary QAM, from the I/Q block with I/Q amplitude imbalance
(dB) set to 8 and all other parameters set to 0:
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Observe that the scatter plot is stretched horizontally and compressed
vertically compared to the undistorted constellation.

If you set IQ phase imbalance (deg) to 30 and all other parameters to
0, the scatter plot i1s skewed clockwise by 30 degrees, as shown below:
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Setting the I dc offset to 0.02 and the Q dc offset to 0.04 shifts the
constellation 0.02 to the right and 0.04 up, as shown below:
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See “Scatter Plot Examples” for a description of the model that
generates this plot.

o
qu Iog E! Block Parameters: Imbalance 21|
—1/Q Imbalance [mask]
Box ,

Complex bazeband model of the signal impairments caused by imbalances between
in-phase and quadrature receiver components.

=) |
F

1/ amplitude imbalance (dB]:
0]
1/0 phase imbalance [deg):
Jo

| dc offset:

Jo

0 dc offset:

Jo

Qg Lancel Help Apply
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1/Q amplitude imbalance (dB)
Scalar specifying the I/Q amplitude imbalance in decibels.

1I/Q phase imbalance (deg)
Scalar specifying the I/Q phase imbalance in degrees.

I dc offset
Scalar specifying the in-phase dc offset.

Q dc offset
Scalar specifying the amplitude dc offset.

See Also Memoryless Nonlinearity
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Purpose
Library

Description

Kazami
Sequence
Fenerator

2-348

Generate Kasami sequence from set of Kasami sequences
Sequence Generators sublibrary of Comm Sources

The Kasami Sequence Generator block generates a sequence from the
set of Kasami sequences. The Kasami sequences are a set of sequences
that have good cross-correlation properties.

There are two classes of Kasami sequences: the small set and the large
set. The large set contains all the sequences in the small set. Only the
small set is optimal in the sense of matching Welch’s lower bound for
correlation functions.

Kasami sequences have period N = 2" - 1, where n 1s a nonnegative,
even integer. Let u be a binary sequence of length N, and let w be the
sequence obtained by decimating u by 2%2 +1. The small set of Kasami
sequences is defined by the following formulas, in which T denotes

the left shift operator, m is the shift parameter for w, and D denotes
addition modulo 2.

K.( ) u m=-1
u,n,m) =
y u®T™w m=0,.,2"2_9

Small Set of Kasami Sequences for n Even
Note that the small set contains 2%2 sequences.

For mod(n, 4) = 2, the large set of Kasami sequences is defined as
follows. Let v be the sequence formed by decimating the sequence u by
2%2+14 1 The large set is defined by the following table, in which % and
m are the shift parameters for the sequences v and w, respectively.



Kasami Sequence Generator

(1 k=-2;m=-1
k=-1,m=-1
ud® Tk £=0,.,2" -2 m=-1
Kp@,n,km)= u®Tw k=-2 m=0,.2"2%2 _9
v®TMw k=-1,m=0,..,2"2_2
_u@Tkv(JBme £=0,.,2" -2 m=0,.2"2_2

Large Set of Kasami Sequences for mod(n, 4) = 2

The sequences described in the first three rows of the preceding figure
correspond to the Gold sequences for mod(n, 4) = 2. See the reference
page for the Gold Sequence Generator block for a description of Gold
sequences. However, the Kasami sequences form a larger set than the
Gold sequences.

The correlation functions for the sequences takes on the values
{'t(n)’ -S(n), '17 S(n) -2 ) t(n) - 2}
where

tn) =1+2M*27/2 4 even

s(n) = =(t(n)+1)

1
2
Block Parameters

The Generator polynomial parameter specifies the generator
polynomial, which determines the connections in the shift register that
generates the sequence u. You can specify the Generator polynomial
parameter using either of these formats:

e A vector that lists the coefficients of the polynomial in descending
order of powers. The first and last entries must be 1. Note that the
length of this vector is one more than the degree of the generator
polynomial.
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® A vector containing the exponents of z for the nonzero terms of the
polynomial in descending order of powers. The last entry must be 0.

For example, [1 0 0 0 0 0 1 0 1] and [8 2 0] represent the same
polynomial, p(z) = z8+z2+1.

The Initial states parameter specifies the initial states of the shift
register that generates the sequence u. Initial States is a binary
scalar or row vector of length equal to the degree of the Generator
polynomial. If you choose a binary scalar, the block expands the
scalar to a row vector of length equal to the degree of the Generator
polynomial, all of whose entries equal the scalar.

The Sequence index parameter specifies the shifts of the sequences
v and w used to generate the output sequence. You can specify the
parameter in either of two ways:

® To generate sequences from the small set, for n is even, you can
specify the Sequence index as an integer m. The range of m is
[-1, ..., 2%2 . 2]. The following table describes the output sequences
corresponding to Sequence index m:

Sequence
Index Range of Indices Output Sequence
-1 m=-1 u
m m=0,..,272.9
u®T"w

® To generate sequences from the large set, for mod (n, 4) = 2, where
n is the degree of the Generator polynomial, you can specify
Sequence index as an integer vector [k m]. In this case, the output
sequence is from the large set. The range for k is [-2, ..., 2" - 2], and
the range for m is [-1, ..., 2%2 - 2]. The following table describes the
output sequences corresponding to Sequence index [k m]:
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Sequence Index
[k m] Range of Indices Output Sequence
[-2 -1] k=2, m=-1 u
[-1 -1] E=-1,m=-1 v
[k -1] k=0,1,..,2"-2 .
u®T" v
m=-1
[-2 m] k=-2
u®Tmw
m=0,1,..,2"2 -2
[-1 m] E=-1
v®TMw
m=0,..,2"2.2
[k m] E=0,..,2"-2 .
u®TveTw
m=0,..,2"2.2

You can shift the starting point of the Gold sequence with the Shift
parameter, which is an integer representing the length of the shift.

You can use an external signal to reset the values of the internal shift
register to the initial state by selecting the Reset on nonzero input
check box. This creates an input port for the external signal in the
Kasami Sequence Generator block. The way the block resets the
internal shift register depends on whether its output signal and the
reset signal are sample-based or frame-based. See “Example: Resetting
a Signal” on page 2-557 for an example.

Polynomials for Generating Kasami Sequences

The following table lists some of the polynomials that you can use to
generate the Kasami set of sequences.

n N Polynomial Set
4 15 [410] Small
6 63 [610] Large
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Dialog
Box
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Polynomial

Set

8 255

[84320]

Small

10 1023

[10 3 0]

Large

12 4095

[126 4 10]

Small

E! Source Block Parameters: Kasami Sequence Gene

x|

—Kasami Sequence Generator (mask) {ink]

Generate a Kasami sequence from the set of Kasami sequences by specifying the
generator polynomial.

The generator polynomial parameter value represents the shift register
connections. Enter these values as either a binary vector or a descending ordered
polynomial to indicate the connection points.

The initial states parameter is a binary vector that represents the starting state of
the shift register,

The sequence index parameter denotes the single sequence outputted from the
set of Kasami sequences, Specify it as a 2-element integer vector for the Large set

of sequences or as a scalar integer for the Small set of sequences.

The shift parameter is a scalar integer that produces an offset in the sequence,

—Parameters

Generator polynomial:

[1000011]

Initial states:

Jlooooy

Sequence index(es):

Sample time:
|1

™ Frame-based outputs

™ Reset on nonzero input

Qutput data type: Idouble LI

QK I Cancel | Help |
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See Also

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

Generator polynomial
Binary vector specifying the generator polynomial for the
sequence u.

Initial states
Binary scalar or row vector of length equal to the degree of the
Generator polynomial, which specifies the initial states of the
shift register that generates the sequence u.

Sequence index
Integer or vector specifying the shifts of the sequences v and w
used to generate the output sequence.

Shift
Integer scalar that determines the offset of the Kasami sequence
from the initial time.

Sample time
Period of each element of the output signal.

Frame-based outputs
Determines whether the output is frame-based or sample-based.

Samples per frame
The number of samples in a frame-based output signal. This field
1s active only if you select the Frame-based outputs check box.

Reset on nonzero input
When selected, you can specify an input signal that resets the
internal shift registers to the original values of the Initial states.

Output data type
The output type of the block can be specified as a boolean or
double. By default, the block sets this to double.

Gold Sequence Generator, PN Sequence Generator
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Reference [1] Peterson and Weldon, Error Correcting Codes, 2nd Ed., MIT Press,
Cambridge, MA, 1972.

[2] Proakis, John G., Digital Communications, Third edition, New York,
McGraw Hill, 1995.

[3] Sarwate, D. V. and Pursley, M.B., "Crosscorrelation Properties of
Pseudorandom and Related Sequences," Proc. IEEE, Vol. 68, No. 5,

May 1980, pp. 583-619.
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Purpose

Library

Description

B—8

LDPC Drecoder

LDPC Drecoder

Decode binary low-density parity-check code specified by parity-check
matrix

Block sublibrary of Error Detection and Correction

This block implements the message-passing algorithm for decoding
low-density parity-check (LDPC) codes, which are linear error control
codes with sparse parity-check matrices and long block lengths that can
attain performance near the Shannon limit.

The LDPC Decoder block is designed to:

® Decode generic binary LDPC codes where no patterns in the
parity-check matrix are assumed.

¢ Execute a user-specified number of iterations or run until all
parity-checks are satisfied.

® Qutput hard decisions or soft decisions (log-likelihood ratios) for
decoded bits.

The LDPC Decoder block uses the same algorithm as the fec.ldpcdec
Communications Toolbox object. See Decoding Algorithm for details.

(n — k) and n are the number of rows and columns, respectively, in the
parity-check matrix.

The input must be a frame-based nx1 vector and a real-valued signal
of type double. Each element is the log-likelihood ratio for a received
bit (more likely to be 0 if the log-likelihood ratio is positive). The first k&
elements correspond to the information part of a codeword.

Both the input and the output are discrete-time signals. The ratio of
the output sample time to the input sample time is n/k if only the
information part is decoded, and 1 if the entire codeword is decoded.

Type commdvbs2 at the command line to see a demo using this block.
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Dialog
Box
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EJFunction Block Parameters: LDPC Decoder x|

—LDPC Decoder [mazk] (link]

Decode a binary low-density parity-check code uzing the message-passing algorithm.
The code iz specified by the parity-check matriz.

[M-K] and M are the number of rows and columns in the parity-check matrix. The input
must be a frame-based M-by-1 vector. Each element is the log-likelihood ratio for &
received bit [more likely to be 0" if the log-ikelihood ratio iz positive]. The first K
elements comespond to the information part of & codeword.

The output is a frame-bazed column vectar, with K. elements if Dutput format is
Infarmation part; M elements if Dutput format is Whole codeword. The output iz
decoded bits if Decision type is Hard decizion; log-likelihood ratios if Decision type is
Soft decision.

=) |

Parity-check matrix [zparse binary [M-K]-by-M matriz]:

Olutput format:l Information part

Decizion type: I Hard decizion

Ll L] 1o

Output data type:l boolean

Mumber of iterations:

50

[~ Stop iterating when all parity-checks are satisfied

[~ Output number of iterations executed

[~ Output final parity-checks

QK I Cancel Help Apply

Parity-check matrix
This block can accept a sparse matrix with dimension n -k by n
(where n >k > 0) of real numbers. All nonzero elements must be
equal to 1. The upper bound limit for the value of n is 231-1

Output format
The options are Information part and Whole codeword.

The output is a real-valued signal in the form of a frame-based
column vector. It has k elements if the output format is set to
Information part, and n elements if set to whole codeword.

Decision type
The options are Hard decision and Soft decision.
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Pair Block

References

If this is set to Hard decision, the output is decoded bits (of
type double or boolean). If set to Soft decision, the output is
log-likelihood ratios (of type double).

Output data type
This parameter appears only when Decision type is set to Hard
decision.

The options are boolean and double.

Number of iterations
This can be any positive integer.

Stop iterating when all parity checks are satisfied
If checked, the block will determine whether the parity checks are
satisfied after each iteration and stop if all are satisfied.

Output number of iterations executed
Creates an output port on the block when selected.

Output final parity checks
Creates an output port on the block when selected.

dvbs2ldpc and LDPC Encoder

[1] Gallager, Robert G., Low-Density Parity-Check Codes, Cambridge,
MA, MIT Press, 1963.
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Purpose Encode binary low-density parity-check code specified by parity-check
matrix

Librclry Block sublibrary of Error Detection and Correction

Description This block supports encoding of low-density parity-check (LDPC) codes,

which are linear error control codes with sparse parity-check matrices
B—H and long block lengths that can attain performance near the Shannon

LDPE Encoder limit.

LDFC Encoder The LDPC Encoder block uses the same algorithm as the fec.ldpcenc
Communications Toolbox object. See LDPC Encoding Method for
details.

(n — k) and n are the number of rows and columns, respectively, in the
parity-check matrix.

Both the input and the output are discrete-time signals. The ratio of the
output sample time to the input sample time is 2/n . The input must be

areal £x1 frame-based signal.

The output inherits the data type of the input, and the input must be
binary-valued (0 or 1).

Type commdvbs2 at the command line to see a demo using this block.

Note Model initialization or update may take a long time, because a
large matrix may need to be inverted (when the last (n — k) columns of
the parity-check matrix is not triangular).
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L]
DIG IOg E! Function Block Parameters: LDPC Encoder x|
Box —LDPC Encoder [mazk] [link]

Encode a message uzsing a binary low-density parity-check code. The code is
specified by the parity-check matri.

[M-K] and M are the number of rows and columns in the parity-check matrix. The input
must be a binary frame-bazed K-by-1 vector. The output iz a binary frame-bazed
M-by-1 wectar. It iz a solution to the parity-check equation, with the first K bits equal to
the input.

The last [M-K] columng of the parity-check matriz must form an invertible matri in
GF(2]. If they form a triangular matriz, the parity-check equation will be solved by
farward or backward substitution; othenwise, matrix inverse will be uzed [which may
cauze delays when updating or starting the model).

Farity-check matrix [zparse binary [M-K]-by-M matrix):

QK I Cancel Help Apply

Parity-check matrix
This block can accept a sparse matrix with dimension n -k by n
(where n >k > 0) of real numbers. All nonzero elements must be
equal to 1. The upper bound limit for the value of n is 231-1

The default value is the parity-check matrix of the half-rate LDPC
code from the DVB-S.2 standard.

Pair Block dvbs2ldpc and LDPC Decoder
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Purpose
Library

Description

Linearized Filt
Baseband FL

FLL o

2-360

Implement linearized version of baseband phase-locked loop
Components sublibrary of 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.

¢ A filter. You specify the filter’s transfer function using the Lowpass
filter numerator and Lowpass filter denominator 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, cheby1, and
cheby?2 in Signal Processing Toolbox software. The default filter is

a Chebyshev type II 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
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Dialog
Box

See Also

References

¢ The output of the phase detector
® The output of the VCO

ElBlock Parameters: Linearized Baseband PLL 2=l
r—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 phase detector, and the voltage controlled
oscillator [VCO). The input must be a sample-based scalar signal.

=
F

Lowpazs filker numeratar:
3.0002 0 40002

Lowpass filker denominator:
I[‘I E7.46 2270.9 40002]

WO input sensitivity [Hz )

Jh

Ok | Lancel | Help Apply

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.

Baseband PLL, Phase-Locked Loop

For more information about phase-locked loops, see the works listed

in“Selected Bibliography for Synchronization” in Communications
Blockset User’s Guide.
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Purpose

Library

Description
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Inpust
Desired

ode

Bqualized
Er

ks

Equalize using decision feedback equalizer that updates weights with
LMS algorithm

Equalizers

The LMS Decision Feedback Equalizer block uses a decision feedback
equalizer and the LMS algorithm to equalize a linearly modulated
baseband signal through a dispersive channel. During the simulation,
the block uses the LMS algorithm to update the weights, once per
symbol. If the Number of samples per symbol parameter is 1, then
the block implements a symbol-spaced equalizer; otherwise, the block
implements a fractionally spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work

properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:

® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.
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Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap of the forward filter.
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L]
DIG IOg [Z]Block Parameters: LMS Decision Feedback Equa 2=l

Box —LMS decision feedback equalizer [mazk]

Equalize a linearly modulated signal through a dispersive channel using a decision
feedback equalizer and the LIS algorithim.

The block computes filker weights with the LS algarithm and filters the input signal.
The filter weights are updated once for each symbal.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the Mode input port box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, and for decision
directed, the mode must be 0. For every frame in which the made input is 1 or nat
present, the equalizer trains at the beginning of the frame for the length of the desired
zignal.

=) |
F

Mumber of forward taps:
Mumber of feedback taps:

3

Mumber of samples per symbal:
Jh

Signal constellation:
Iqammod[[D:3],4]

Fieference tap:

I

Step size:

Joo

Leakage:

Jh

Initial weights:

Jo

v Mode input port
V' Dutput error
V' Output weights

Ok I Lancel | Help Apply

Number of forward taps
The number of taps in the forward filter of the decision feedback
equalizer.
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Number of feedback taps
The number of taps in the feedback filter of the decision feedback
equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of forward
taps in the equalizer.

Step size
The step size of the LMS algorithm.

Leakage factor
The leakage factor of the LMS algorithm, a number between 0
and 1. A value of 1 corresponds to a conventional weight update
algorithm, and a value of O corresponds to a memoryless update
algorithm.

Initial weights
A vector that concatenates the initial weights for the forward and
feedback taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current forward and
feedback weights, concatenated into one vector.
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References [1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

[2] Haykin, Simon, Adaptive Filter Theory, Third Ed., Upper Saddle
River, N.J., Prentice-Hall, 1996.

[3] Kurzweil, Jack, An Introduction to Digital Communications, New
York, Wiley, 2000.

[4] Proakis, John G., Digital Communications, Fourth Ed., New York,
McGraw-Hill, 2001.

See Also LMS Linear Equalizer, Normalized LMS Decision Feedback Equalizer,
Sign LMS Decision Feedback Equalizer, Variable Step LMS Decision
Feedback Equalizer, RLS Decision Feedback Equalizer, CMA Equalizer
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Purpose

Library

Description

Inpust
Desired

ode

Bqualized
Er

ks

Equalize using linear equalizer that updates weights with LMS
algorithm

Equalizers

The LMS Linear Equalizer block uses a linear equalizer and the LMS
algorithm to equalize a linearly modulated baseband signal through a
dispersive channel. During the simulation, the block uses the LMS
algorithm to update the weights, once per symbol. If the Number of
samples per symbol parameter is 1, then the block implements a
symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work
properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:
® Mode input, as described in“Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.
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Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap.
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L]
DIG IOg ZlBlock Parameters: LMS Linear Equalizer 2=l
Box —LMS Linear Equalizer [mask)]

Equalize a linearly modulated signal through a dispersive channel using the LMS
algorithm.

The block computes filker weights with the LS algarithm and filters the input signal.
‘wihen the number of samples per symbal is 1. the filter weights are updated once for
each symbol, for a symbol spaced (i.e. T-spaced] equalizer. *#hen the number of
zamples per symbal is greater than one, the weights are updated once every Nth
zample, for a T/M-spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the Mode input port box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, and for decision
directed, the mode must be 0. For every frame in which the made input is 1 or nat
present, the equalizer trains at the beginning of the frame for the length of the desired
zignal.

Mumber of taps:
[
Mumber of samples per symbal:
Jh

Signal constellation:
Jaammad([0:15],16]
Fieference tap:

|2

Step size:

Joo

Leakage:

Jh

Initial weights:

Jo

v Mode input port

V' Dutput error

V' Output weights

Ok I Lancel Help Apply

Number of taps
The number of taps in the filter of the linear equalizer.

Number of samples per symbol
The number of input samples for each symbol.
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Signal constellation
A vector of complex numbers that specifies the constellation for
the modulated signal, as determined by the modulator in your
model

Reference tap
A positive integer less than or equal to the number of taps in the
equalizer.

Step size
The step size of the LMS algorithm.

Leakage factor
The leakage factor of the LMS algorithm, a number between 0
and 1. A value of 1 corresponds to a conventional weight update
algorithm, and a value of 0 corresponds to a memoryless update
algorithm.

Initial weights
A vector that lists the initial weights for the taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current weights.

See “Example: LMS Linear Equalizer” and the Adaptive Equalization
demo.

[1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.
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[2] Haykin, Simon, Adaptive Filter Theory, Third Ed., Upper Saddle
River, N.J., Prentice-Hall, 1996.

[3] Kurzweil, Jack, An Introduction to Digital Communications, New
York, Wiley, 2000.

[4] Proakis, John G., Digital Communications, Fourth Ed., New York,
McGraw-Hill, 2001.

See Also LMS Decision Feedback Equalizer, Normalized LMS Linear Equalizer,
Sign LMS Linear Equalizer, Variable Step LMS Linear Equalizer, RLS
Linear Equalizer, CMA Equalizer
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Purpose

Library

Description

Tl atriz
Deinterleaver

Dialog
Box

2-372

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

Block sublibrary of Interleaving

The Matrix Deinterleaver block performs block deinterleaving by filling
a matrix with the input symbols column by column 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.

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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

E! Block Parameters: Matrix Deinterleaver ﬂﬂ
—Matrix Deinterl [maszk]

Deinterleave the input vector by writing the elements into a matrix column-by-colurn
and reading them out row-by-row.  The product of Mumber of rows and Mumber of
columns muszt match the input signal width,

Mumber of rows:
B
Mumber of columns:
J4

Ok | Lancel | Help | Apply |

Number of rows
The number of rows in the matrix that the block uses for its
computations.



Matrix Deinterleaver

Examples

Pair Block

See Also

Number of columns
The number of columns in the matrix that the block uses for its
computations.

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].

Matrix Interleaver

General Block Deinterleaver
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Purpose

Library

Description

2-374

I atrix
Helical Scan
Deinterleaver

Restore ordering of input symbols by filling 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.
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Dialog [Cvtock porameters: atri Helcalscan Deinerles 21
—Matrix helical scan deinterl [mazk]
Box _ ’ R
Fiestore the ordering of spmbols permuted by a matching helical scan interleaver. The
helical scan interleaver wiites input elements row-by-row into an array with a specified
number of rows and columng.  The interleaver output iz then read by scanning along
diagonals of thiz array. The pitch of the diagonal scang iz determined by the array
step size.
The array step size must be a nonnegative integer less than the specified number of
rows. An armay step size of zero indicates no interleaving.
The product of Mumber of rows and Mumber of columns must match the input gsignal
width.
Mumber of rows:
Ed
Mumber of columns:
Je4
Array step size:
Jh
Ok Lancel Help Apply
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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I atrix
Helical Scan
Interleawer

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
1s 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.
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Dialog
Box

Examples

EBlock Parameters: Matrix Helical Scan Interleavz 2=l

—Matrix helical scan interl [mazk]

Interleave input vector by wiiting elements row-by-row inta an array with a specified
number of rows and columns and then reading them out by scanning along diagonals
of thiz array. The pitch of the diagonal scang iz determined by the aray step size.

The array step size must be a nonnegative integer less 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 gsignal
width.

=

Mumber of rows:
Mumber of columns:
Je4

Array step size:

Jh

Ok Lancel Help Apply

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
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1 2 3 4
56 7 8 L6
5 10,
9 10 11 12
—I[1:4]"—> il
13 14 15 16 13, 18,
17, 12,
17 18 19 20 n 1
2122 23 24
[1; 6; 11; 16; 5; 10; 15; 20; 9;
4; 17; 22; 3; 8; 21; 12]
Pair Block Matrix Helical Scan Deinterleaver
See Also General Block Interleaver
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Purpose

Library

Description

Tl atriz
Interleawer

Dialog
Box

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

Block sublibrary of Interleaving

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 output port column by column.

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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

E1Block Parameters: Matrix Interleaver | 2=l

—bdatrix Interl [mazk]

Interleave the input vectar by writing the elements into & matrix row-by-row and
reading them out column-by-column. The product of Mumber of rows and Mumber of
columns muszt match the input signal width,

=
F

Mumber of rows:
B
Mumber of columns:
J4

Ok | Lancel Help Apply

Number of rows
The number of rows in the matrix that the block uses for its
computations.
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Examples

Pair Block

See Also
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Number of columns
The number of columns in the matrix that the block uses for its
computations.

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].

Matrix Deinterleaver

General Block Interleaver
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Purpose
Library

Description

AN

h-DP S

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 block accepts the
input data types single and double.

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
demodulates a phase difference of

0 + 2ok/M

to k, where 0 is the Phase rotation parameter and k 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 pages for theM-DPSK Modulator
Baseband andM-PSK Modulator Baseband blocks for details.
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Dialog
Box

EJFunction Block Parameters: M-DPSK Demodul x|

— M-DPSE Demaodulator Baseband [mazk)] (link]

Demodulate the input signal uzsing the differential phaze shift keying method.

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

The output can be either bitz or integers. In caze of bit output, the output width iz an
integer multiple of the number of bitz per symbal. The symbols can be either
binary-demapped or Gray-demapped.

— P
F

-y number:
[@

Olutput bype: IInteger LI

Constellation ordering: IBinary LI

Fhase ratation [rad):
piss

Output data type: IInherit wvia internal rule LI

QK I Cancel Help | Apply |

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.

Phase rotation (rad)

The phase difference between the previous and current modulated
symbols when the input is zero.

Output data type
When the parameter is set to 'Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is of type single or double.
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|

For integer outputs, this block can output the data types int8,
uint8, int16, uint16, int32, uint32, single, and double. For
bit outputs, output can be int8, uint8, int16, uint16, int32,
uint32, boolean, single, or double.

Pair Block M-DPSK Modulator Baseband

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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L e

h-DP S

Modulate using 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. For integer inputs, the block
can accept the data types int8, uint8, int16, uint16, int32, uint32,

single, and double. For bit inputs, the block can accept int8, uints,

int16, uint16, int32, uint32, boolean, single, and double.

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 k,, then
the modulated symbol is

exp(j6+j2ﬂ:k—1)
m

where 0 is the Phase rotation parameter. If a successive input is k,
then the modulated symbol is

exp( Jjo+ jZTtk ) (previous modulated symbol)
m

If the Input type parameter is set to Bit and the M-ary number
parameter has the form 2X 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.
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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 below indicates the assignment

of phase difference to three-bit inputs, for both the Binary and Gray
options. O is the Phase rotation parameter. The phase difference is
between the previous symbol and the current symbol.

Binary-Coded Gray-Coded Phase

Current Input Phase Difference Difference

[0 0 0] i6 19

[00 1] i0 + jr/4 i0 + jm/4

[010] i0 + jn2/4 i0 + jr3/4

[01 1] i0 + jm3/4 i0 + jm2/4

[100] i0 + jm4/4 i0 + jr7/4

[10 1] i0 + jm5/4 i0 + j6/4

[110] i0 + ju6/4 i0 + jma/4

[111] i0 + jn7/4 i0 + jm5/4

For more details about the Binary and Gray options, see the reference
page for theM-PSK Modulator Baseband block. The signal constellation
for that block corresponds to the arrangement of phase differences for
this block.
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L]
DIG IOg E! Function Block Parameters: M-DPSK Modulator x|
Box —-DPSE Modulator Bazeband [mazk] [link]

Modulate the input zsignal ugsing the differential phaze shift keying method.

The input can be either bits or integers. In caze of sample-based bit input, the input
width must equal the number of bits per symbol. In case of frame-bazed bit input, the
input width must be an integer multiple of the number of bits per symbal.

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

The input can be either binary-mapped or Gray-mapped into spmbols.

=
F

-y number:
]

Input type: I Integer

L L«

Constellation ordering: I Binary

Fhase ratation [rad):
pisg

Output data type: | double LI

Ok I Lancel Help | Lpply |

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 2K for some positive integer K.

Constellation ordering

Determines how the block maps each group of input bits to a
corresponding integer.

Phase rotation (rad)

The phase difference between the previous and current modulated
symbols when the input is zero.

Output data type

The output data type can be either single or double. By default,
the block sets this to double.
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Pair Block M-DPSK Demodulator Baseband

See Also DBPSK Modulator Baseband, DQPSK Modulator Baseband, M-PSK
Modulator 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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Purpose
Library

Description

Cubic
Folynomial

2-388

Apply memoryless nonlinearity to complex baseband signal
RF Impairments

The Memoryless Nonlinearity block applies a memoryless nonlinearity
to a complex, baseband signal. You can use the block to model radio
frequency (RF) impairments to a signal at the receiver.

Note All values of power assume a nominal impedance of 1 ohm.

The Memoryless Nonlinearity block provides five different methods for
modeling the nonlinearity, which you specify by the Method parameter.
The options for the Method parameter are

® Cubic polynomial

® Hyperbolic tangent

® Saleh model

® Ghorbani model

® Rapp model

The five methods are implemented by subsystems underneath the

block’s mask. Each subsystem has the same basic structure, as shown
in the following figure.

v | AN
S
In

AhddP

[-l=_
I
Out

Nonlinearity Subsytem
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All five subsystems apply a nonlinearity to the input signal as follows:

1 Multiply the signal by a gain factor.
2 Split the complex signal into its its magnitude and angle components.

3 Apply an AM/AM conversion to the magnitude of the signal,
according to the selected Method, to produce the magnitude of the
output signal.

4 Apply an AM/PM conversion to the phase of the signal, according to
the selected Method, and adds the result to the angle of the signal to
produce the angle of the output signal.

5 Combine the new magnitude and angle components into a complex
signal and multiply the result by a gain factor, which is controlled
by the Linear gain parameter.

However, the subsystems implement the AM/AM and AM/PM
conversions differently, according to the Method you specify.

If you want to see exactly how the Memoryless Nonlinearity block
implements the conversions for a specific method, you can view the
AM/AM and AM/PM subsystems that implement these conversions
as follows:

1 Right-click on the Memoryless Nonlinearity block and select Look
under mask. This displays the block’s configuration underneath
the mask. The block contains five subsystems corresponding to the
five nonlinearity methods.

2 Double-click the subsystem for the method you are interested in. This
displays the subsystem shown in the preceding figure, Nonlinearity
Subsytem on page 2-388.

3 Double-click on one of the subsystems labeled AM/AM or AM/PM to
view how the block implements the conversions.
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AM/PM Characteristics of the Cubic Polynomial and
Hyperbolic Tangent Methods

The following illustration shows the AM/PM behavior for the Cubic
polynomial and Hyperbolic tangent methods:

T T
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=
=
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=
[a W
0k -
] ]

Lower limit Upper limit

Input power level (dBm)

The AM/PM conversion scales linearly with input power value between
the lower and upper limits of the input power level (specified by Lower
input power limit for AM/PM conversion (dBm) and Upper input
power limit for AM/PM conversion (dBm)). Beyond these values,
AM/PM conversion is constant at the values corresponding to

the lower and upper input power limits, which are zero and

(AM/PM conversion) - (upper input power limit — lower input power limit)

respectively.

AM/AM and AM/PM Characteristics of the Saleh Method
The following figure shows, for the Saleh method, plots of

® Qutput voltage against input voltage for the AM/AM conversion
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® Qutput phase against input voltage for the AM/PM conversion

Saleh Model
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Input “oltage

Example with 16-ary QAM

You can see the effect of the Memoryless Nonlinearity block on a signal
modulated by 16-ary quadrature amplitude modulation (QAM) in a
scatter plot. The constellation for 16-ary QAM without the effect of the
Memoryless Nonlinearity block is shown in the following figure:
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In-phase Amplitude
You can generate a scatter plot of the same signal after it passes through

the Memoryless Nonlinearity block, with the Method parameter set to
Saleh Model, as shown in the following figure.
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CQuadrature Amplitude
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This plot is generated by the model described in “Scatter Plot Examples”
with the following parameter settings for the Rectangular QAM
Modulator Baseband block:

¢ Normalization method set to Average Power
* Average power (watts) set to 1e-2

The following sections discuss parameters specific to the Saleh,
Ghorbani, and Rapp models.

Parameters for the Saleh Model

The Input scaling (dB) parameter scales the input signal before the
nonlinearity is applied. The block multiplies the input signal by the
parameter value, converted from decibels to linear units. If you set the
parameter to be the inverse of the input signal amplitude, the scaled
signal has amplitude normalized to 1.
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The AM/AM parameters, alpha and beta, are used to compute the
amplitude gain for an input signal using the following function:

alpha *u

Fapram (@) =
1+ beta * 12

where u is the magnitude of the scaled signal.

The AM/PM parameters, alpha and beta, are used to compute the phase
change for an input signal using the following function:

alpha * u?

Fayr/pm(@ =
1+ beta * 12

where u is the magnitude of the scaled signal. Note that the AM/AM
and AM/PM parameters, although similarly named alpha and beta,
are distinct.

The Output scaling (dB) parameter scales the output signal similarly.

Parameters for the Ghorbani Model

The Input scaling (dB) parameter scales the input signal before the
nonlinearity is applied. The block multiplies the input signal by the
parameter value, converted from decibels to linear units. If you set the
parameter to be the inverse of the input signal amplitude, the scaled
signal has amplitude normalized to 1.

The AM/AM parameters, [x; X, X, X,], are used to compute the amplitude
gain for an input signal using the following function:

X.
xqu?

Fap/am@ = ———+x4u

1+xgu™

where u is the magnitude of the scaled signal.

The AM/PM parameters, [y, ¥, ¥; ¥4, are used to compute the phase
change for an input signal using the following function:
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uyz
Fanrr @) =—2— 4 yuu
1+ ygu”?

where u is the magnitude of the scaled signal.

The Output scaling (dB) parameter scales the output signal similarly.

Parameters for the Rapp Model

The Linear gain (dB) parameter scales the input signal before the
nonlinearity is applied. The block multiplies the input signal by the
parameter value, converted from decibels to linear units. If you set the
parameter to be the inverse of the input signal amplitude, the scaled
signal has amplitude normalized to 1.

The Smoothness factor and Output saturation level parameters
are used to compute the amplitude gain for the input signal:

u

1+ %
Osat

where u is the magnitude of the scaled signal, S is the Smoothness
factor, and O_, is the Output saturation level.

Faprram@) =
/ 95 /25

The Rapp model does not apply a phase change to the input signal.

The Output saturation level parameter limits the output signal level.
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L]
DIG Iog = Function Block Parameters: Memoryless Ng earih =
Box —Memaoryless Monlinearity {mask) {ink]

Complex baseband model of memoryless nonlinearity.

Two of the five methods {Cubic Polynomial and Hyperbolic Tangent) fit AM/AM
curves to measured data provided by the gain and third order intercept point
{IIP3) parameters, They generate a linear AM/PM characteristic within the user-
specified input power limits. Outside those limits, the AM/PM is constant.

The other three methods use models originated by Saleh, Ghorbani, and Rapp.
The Saleh and Ghorbani models are based on normalized nonlinear transfer
functions. Use the Input scaling and Qutput scaling parameters to adjust signal
levels up or down from their normalized values.

All values of power assume a nominal impedance of 1 ohm.

—Parameters

Method:

Linear gain (dB):
Jo

IIP3 (dBm):
|30

AM/PM conversion (degrees per dB):
|10

Lower input power limit for AM/PM conversion {dBm):
|10

Upper input power limit for AM/PM conversion {dBm):
Iimc

QK I Cancel Help Apply

Method
The nonlinearity method.

The following describes specific parameters for each method.
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(EENRRE Cubic polyniomial
Linear gain [dB]:

Jo

1IP3 [dBm]:

Ja0

AMIPM conversion [degrees per dB):

Jio

Lower input power limit for Ak /P conversion [dBm]:
Jio

Upper input power limit for Ak /P conversion [dBm]:
Jint

Linear gain (db)
Scalar specifying the linear gain for the output function.

IIP3 (dBm)
Scalar specifying the third order intercept.

AM/PM conversion (degrees per dB)
Scaler specifying the AM/PM conversion in degrees per decibel.

Lower input power limit (dBm)
Scalar specifying the minimum input power for which AM/PM
conversion scales linearly with input power value. Below this
value, the phase shift resulting from AM/PM conversion is zero.

Upper input power limit (dBm)
Scalar specifying the maximum input power for which AM/PM
conversion scales linearly with input power value. Above this
value, the phase shift resulting from AM/PM conversion is
constant. The value of this maximum shift is given by:

(AM/PM conversion) - (upper input power limit — lower input power limit)
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[t E Hyperbolic tangent

Linear gain [dB]:

Jo

1IP3 [dBm]:

Ja0

AMIPM conversion [degrees per dBJ:

Jio

Lower input power limit for 2k4/PM conversion [dBm]:
Jio

Upper input power limit for 2k4/PM conversion [dBm]:
Jint

Linear gain (db)
Scalar specifying the linear gain for the output function.

IIP3 (dBm)
Scalar specifying the third order intercept.

AM/PM conversion (degrees per dB)
Scalar specifying the AM/PM conversion in degrees per decibel.

Lower input power limit (dBm)
Scalar specifying the minimum input power for which AM/PM
conversion scales linearly with input power value. Below this
value, the phase shift resulting from AM/PM conversion is zero.

Upper input power limit (dBm)
Scalar specifying the maximum input power for which AM/PM
conversion scales linearly with input power value. Above this
value, the phase shift resulting from AM/PM conversion is
constant. The value of this maximum shift is given by:

(AM/PM conversion) - (upper input power limit — lower input power limit)
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Methad: ISaIeh madel j
Input zcaling [dB):

jo

AMAAM parameters [alpha beta]:

121587 1.1517]

AMIPM parameters [alpha beta]:

J14.0033 8.1040]

Output zcaling [dB]:
jo

Input scaling (dB)
Number that scales the input signal level.

AM/AM parameters [alpha beta]
Vector specifying the AM/AM parameters.

AM/PM parameters [alpha beta]
Vector specifying the AM/PM parameters.

Output scaling (dB)
Number that scales the output signal level.

=

Methad: IGhorbani madel j
Input zcaling [dB):

jo

AbAAM parameters [#1 =2 x3 #4]:

|[8.1 081 1.5413 £.5202 -0.0718]

AMAPM parameters [l p2 w3 pd]

|[4.BB45 2.0965 10.88 -0.003]

Output zcaling [dB]:
jo

Input scaling (dB)
Number that scales the input signal level.

AM/AM parameters [x1 x2 x3 x4]
Vector specifying the AM/AM parameters.
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AM/PM parameters [yl y2 y3 y4]
Vector specifying the AM/PM parameters.

Output scaling (dB)
Number that scales the output signal level.

=

Method: IHapp madel j
Linear gain [dB]:
jo

Smoothness factar:
|05

Output zaturation level:

1

Linear gain (db)
Scalar specifying the linear gain for the output function.

Smoothness factor
Scalar specifying the smoothness factor

Output saturation level
Scalar specifying the the output saturation level.

See Also 1/Q Imbalance

Reference [1] Saleh, A.A.M., "Frequency-independent and frequency-dependent
nonlinear models of TWT amplifiers," IEEE Trans. Communications,
vol. COM-29, pp.1715-1720, November 1981.

[2] A. Ghorbani, and M. Sheikhan, "The effect of Solid State Power
Amplifiers (SSPAs) Nonlinearities on MPSK and M-QAM Signal
Transmission", Sixth Int’l Conference on Digital Processing of Signals
in Comm., 1991, pp. 193-197.

[3] C. Rapp, "Effects of HPA-Nonlinearity on a 4-DPSK/OFDM-Signal
for a Digitial Sound Broadcasting System", in Proceedings of the Second
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European Conference on Satellite Communications, Liege, Belgium,
Oct. 22-24, 1991, pp. 179-184.
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M-FSK Demodulator Baseband

Purpose

Library

Description

2-402

LA
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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
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 of type single or double.

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.

The M-FSK Demodulator Baseband block implements a non-coherent
energy detector. To obtain the same BER performance as that of
coherent FSK demodulation, use the CPFSK Demodulator Baseband
block.

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.

For boolean typed integer outputs, the M-ary number parameter
must be 2. For Bit type outputs, the outputs must be of type boolean
or double.

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 theM-FSK Modulator Baseband
andM-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
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lowest frequency is the negative frequency with the largest absolute
value.

.
DIG IOg E! Function Block Parameters: M-FSK Demodulator Ba x|

Box —M-F5SK. Demaodulator Baseband [mask] [link]

Demodulate the input signal using the frequency shift keying method.

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

The output can be either bitz or integers. |n case of bit output, the output width iz an
integer multiple of the number of bits per symbal. The output spmbols can be either
binary-demapped or Gray-demapped.

I case of frame-based input, the width of the input frame represents the product of the
number of symbols and the Samples per symbal value.

I case of sample-bazed input, the sample time of the input is the symbal period divided
by the Samples per spmbol value.

=) |
F

-y number:
]

Olutput bype: I Integer

L L«

Symbol zet ordering: I Binary
Frequency separation [Hz]:
3

Samples per symbal:

7
Output data type: | double LI

Ok I Lancel Help | Lpply |

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.
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Pair Block
See Also

2-404

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.

Output data type
The output type of the block can be specified here as boolean,
int8, uint8, int16, uint16, int32, uint32, or double. By default,
the block sets this to double.

M-FSK Modulator Baseband

CPFSK Demodulator Baseband
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Purpose
Library
Description

L

hd-F Sk

Modulate using 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.

The sampling frequency must be greater than M multiplied by the
Frequency separation or the output signal will be aliased. Sampling
frequency is Samples per symbol divided by the input symbol period
(in seconds).

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.

Note that a model with the M-FSK Modulator block will not run if it
is used for sample-based signals unless Tasking mode for periodic
sample times (in Simulation > Configuration Parameters >
Solver) is set to SingleTasking.

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:

¢ [f Input type is set to Integer, then the block accepts integers. The
input can be either a scalar or a frame-based column vector of type
int8, uint8, int16, uint16, int32, uint32, or a double with an
integer value. They can also be boolean if the size of the alphabet is
2 (l.e. M =2).
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2-406

¢ [f 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), and must be boolean or double typed, valued from the set {0,
1}. 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 theM-PSK Modulator Baseband block.

Whether the input is an integer or a binary representation of an integer,
the block maps the integer O 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.
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Dialog
Box

IFunction Block Parameters: M-FSK Modulator Base!

—b-FSE. Modulator Bazeband [mazk) [link]

Modulate the input zsignal uging the frequency shift keying method.

The input can be either bits or integers. In caze of sample-based bit input, the input
width must equal the number of bits per symbol. In case of frame-bazed bit input, the
input width must be an integer multiple of the number of bits per symbal.

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

The inputs can be either binary-mapped or Gray-mapped into spmbols.

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

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

=) |

-y number:

[4

Input type: I Integer

Symbol zet ordering: I Binary

Frequency separation [Hz]:

L L«

3

Samples per symbal:

Phaze continuity: I Continuous LI

7

Output data type: | double LI

Ok I Lancel Help | Lpply

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.

Symbol set ordering

Determines how the block maps each group of input bits to a

corresponding integer.
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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.

Output data type
The output type of the block can be specified as either a double or
a single. By default, the block sets this to double.

Pair Block M-FSK Demodulator Baseband

See Also CPFSK Modulator Baseband
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Purpose
Library

Description

PIFK

MLSE Equalizer

Equalize using Viterbi algorithm
Equalizers

The MLSE Equalizer block uses the Viterbi algorithm to equalize a
linearly modulated signal through a dispersive channel. The block
receives a frame-based input signal and outputs the maximum
likelihood sequence estimate (MLSE) of the signal, using an estimate of
the channel modeled as a finite input response (FIR) filter.

This block supports single and double data types.

Channel Estimates

The channel estimate takes the form of a column vector containing the
coefficients of an FIR filter in descending order of powers. The length
of this vector is the channel memory, which must be a multiple of the
block’s Samples per input symbol parameter.

To specify the channel estimate vector, use one of these methods:

¢ Set Specify channel via to Dialog and enter the vector in the
Channel coefficients field.

¢ Set Specify channel via to Input port. The block displays an
additional input port, labeled Ch, that receives a frame-based vector.

Signal Constellation

The Signal constellation parameter specifies the constellation for
the modulated signal, as determined by the modulator in your model.
Signal constellation is a vector of complex numbers, where the kth
complex number in the vector is the constellation point to which the
modulator maps the integer k-1.

Note The sequence of constellation points must be consistent between
the modulator in your model and the Signal constellation parameter
in this block.
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For example, to specify the constellation given by the mapping

0—>+1+1:
1->-1+:
2—-5-1-1

3->+1-1

set Constellation points to [1+i, -1+i, -1-i, 1-i]. Note that the
sequence of numbers in the vector indicates how the modulator maps
integers to the set of constellation points. The labeled constellation

is shown below.

Preamble and Postamble

If your data is accompanied by a preamble (prefix) or postamble (suffix),
then configure the block accordingly:
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¢ [f you select Input contains preamble, then the Expected
preamble parameter specifies the preamble that you expect to
precede the data in the input signal.

¢ If you check the Input contains postamble, then the Expected
postamble parameter specifies the postamble that you expect to
follow the data in the input signal.

The Expected preamble or Expected postamble parameter must
be a vector of integers between 0 and M-1, where M is the number of
constellation points. An integer value of k-1 in the vector corresponds to
the kth entry in the Constellation points vector and, consequently, to
a modulator input of k-1.

The preamble or postamble must already be included at the beginning
or end, respectively, of the input signal to this block. If necessary,
you can concatenate vectors in Simulink software using the Matrix
Concatenation block.

To learn how the block uses the preamble and postamble, see “"Reset
Every Frame" Operation Mode” on page 2-411 below.

"Reset Every Frame" Operation Mode

One way that the Viterbi algorithm can transition between successive
frames is called Reset every frame mode. You can choose this mode
using the Operation mode parameter.

In Reset every frame mode, the block decodes each frame of data
independently, resetting the state metric at the end of each frame. The
traceback decoding always starts at the state with the minimum state
metric.

The initialization of state metrics depends on whether you specify a

preamble and/or postamble:

¢ If you do not specify a preamble, the decoder initializes the metrics of
all states to 0 at the beginning of each frame of data.

¢ [f you specify a preamble, the block uses it to initialize the state
metrics at the beginning of each frame of data. More specifically, the
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2-412

block decodes the preamble and assigns a metric of O to the decoded
state. If the preamble does not decode to a unique state — that is, if
the length of the preamble is less than the channel memory — the
decoder assigns a metric of O to all states that can be represented by
the preamble. Whenever you specify a preamble, the traceback path
ends at one of the states represented by the preamble.

e If you do not specify a postamble, the traceback path starts at the
state with the smallest metric.

® If you specify a postamble, the traceback path begins at the state
represented by the postamble. If the postamble does not decode to
a unique state, the decoder identifies the smallest of all possible
decoded states that are represented by the postamble and begins
traceback decoding at that state.

Note In Reset every frame mode, the input to the MLSE Equalizer
block must contain at least T symbols, not including an optional
preamble, where T i1s the Traceback depth parameter.

Continuous Operation Mode

An alternative way that the Viterbi algorithm can transition between
successive frames is called Continuous with reset option mode. You
can choose this mode using the Operation mode parameter.

In Continuous with reset option mode, the block initializes the
metrics of all states to 0 at the beginning of the simulation. At the
end of each frame, the block saves the internal state metric for use in
computing the traceback paths in the next frame.

If you select the Enable the reset input port check box, the block
displays another input port, labeled Rst. In this case, the block resets
the state metrics whenever the scalar value at the Rst port is nonzero.
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Dialog
Box

Decoding Delay

The MLSE Equalizer block introduces an output delay equal to the
Traceback depth in the Continuous with reset option mode, and
no delay in the Reset every frame mode.

Block Parameters: MLSE Equalizer 2=l

—MLSE Equalizer [mask)

Equalize a linearly modulated signal through a dispersive channel using the Yiterbi
algorithm.

The block estimates the transmitted sequence from the received signal and the
channel estimates, and then outputs complex constellation points at the symbal rate.

=
F

Specify channel via: g
Channel coefficients:
Jnarosoar

Signal constellation:
Jr1+i 1+ 14141
Traceback depth:
|21

Operation mode: | Continuous with reset option LI

Samples per input symbal:
Jh

™ Enable the reset input port

Ok I Lancel Help Apply

Specify channel via
The method for specifying the channel estimate. If you select
Input port, the block displays a second input port that receives
the channel estimate. If you select Dialog, you can specify the
channel estimate as a vector of coefficients for an FIR filter in

the Channel coefficients field.

Channel coefficients
Vector containing the coefficients of the FIR filter that the block

uses for the channel estimate. This field is visible only if you set
Specify channel via to Dialog.
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Signal constellation
Vector of complex numbers that specifies the constellation for
the modulation.

Traceback depth
The number of trellis branches (equivalently, the number of
symbols) the block uses in the Viterbi algorithm to construct each
traceback path.

Operation mode
The operation mode of the Viterbi decoder. Choices are
Continuous with reset option and Reset every frame.

Input contains preamble
When checked, you can set the preamble in the Expected
preamble field. This option appears only if you set Operation
mode to Reset every frame.

Expected preamble
Vector of integers between 0 and M-1 representing the preamble,
where M is the size of the constellation. This field is visible and
active only if you set Operation mode to Reset every frame
and then select Input contains preamble.

Input contains postamble
When checked, you can set the postamble in the Expected
postamble field. This option appears only if you set Operation
mode to Reset every frame.

Expected postamble
Vector of integers between 0 and M-1 representing the postamble,
where M is the size of the constellation. This field is visible and
active only if you set Operation mode to Reset every frame
and then select Input contains postamble.

Samples per input symbol
The number of input samples for each constellation point.

Enable the reset input port
When you check this box, the block has a second input port labeled
Rst. Providing a nonzero input value to this port causes the block
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|

to set its internal memory to the initial state before processing the
input data. This option appears only if you set Operation mode
to Continuous with reset option.

See Also LMS Linear Equalizer, LMS Decision Feedback Equalizer, RLS Linear
Equalizer, RLS Decision Feedback Equalizer, CMA Equalizer

References [1] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001.

[2] Steele, Raymond, Ed., Mobile Radio Communications, Chichester,
England, Wiley, 1996.
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Purpose

Library

Description

Algorithm

2-416

AL

- P

Demodulate PAM-modulated data
AM, in Digital Baseband sublibrary of Modulation

The M-PAM Demodulator Baseband block demodulates a signal that
was modulated using M-ary pulse amplitude modulation. The input is 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 and
must be of data type single, double, or signed fixed-point

Note All values of power assume a nominal impedance of 1 ohm.

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 OQutput 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.

The demodulator algorithm maps received input signal constellation
values to M-ary integer symbol indices between 0 and M-1 and then
maps these demodulated symbol indices to formatted output values.

The integer symbol index computation is performed by first scaling
the real part of the input signal constellation (possibly with noise) by
a denormalization factor derived from the Normalization method
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and related parameters. This denormalized value is added to M-1 to
translate it into an approximate range between 0 and 2 x (M-1) plus
noise. The resulting value is then rescaled via a divide-by-two (or,
equivalently, a right-shift by one bit for fixed-point operation) to obtain
a range approximately between 0 and M-1 (plus noise). The noisy index
value is rounded to the nearest integer and clipped, via saturation, to
the exact range of [0 M-1]. Finally, based on other block parameters,
the integer index is mapped to a symbol value that is formatted and
cast to the selected Output data type.

The following figures contains signal flow diagrams for floating-point
and fixed-point algorithm operation. The floating-point diagrams apply
when the input signal data type is double or single. The fixed-point
diagrams apply when the input signal is a signed fixed-point data
type. Note that the diagram is simplified when using normalized
constellations (i.e., denormalization factor is 1).
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Floating Point

Demodulator input
(complex)

l

Re

inDT

inDT

Y
+

inDT
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Fixed Point

Demodulator input
(complex)

l

Re

inDT

Y

Cast before sum

Sum DT
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Floating-pt add

Sum DT

Divide-by-2 with round to nearest

Cast to integer
Clip range to [0 M-1]

A

Format output

outDT (a built-in or

l ufix data type)

Demodulator output

int32 Range: [0 M-1]

Sum DT
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Divide-by-2 with round to nearest

Cast to integer

Clip range to [0 M-1]

int32

A

Format output

outDT (a built-in or

ufix data type) l
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Signal-Flow Diagrams with Denormalization Factor Equal to 1
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Floating Point

Demodulator input
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|

Denormalization
factor Re
inDT inDT
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M-1 inDT »| 4= | Floating-pt add
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Cast to integer
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outDT (a built-in or
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Signal-Flow Diagrams with Nonunity Denormalization Factor
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Dialog
Box

EJFunction Block Parameters: M-PAM Demodulator Baseband x|
M-PAM Demodulator Bazeband

Demodulate the input signal using the pulse amplitude modulation method.
The k-ary number value must be an even integer.
For zample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector.

The output can be either bits or integers. n caze of bit output, the output width is an integer multiple of the number of
bitz per symbaol. The symbols can be either binary-demapped or Gray-demapped.

I [rata Types |

-y number: |4

Olutput bype: I Integer

Constellation ordering:l Binary

Mormalization method:l Min. distance between symbols

Ll L] 1o

Minimun distance: |2

QK I Cancel Help | Apply |

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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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, referenced to 1 ohm (watts)
The average power of the symbols in the constellation, referenced
to 1 ohm. This field appears only when Normalization method

is set to Average Power.

Peak power, referenced to 1 ohm (watts)
The maximum power of the symbols in the constellation,
referenced to 1 ohm. This field appears only when Normalization
method is set to Peak Power.

= Function Block Parameters: M-PAM Demodulator Baseband =

—M-PAM Demodulator Baseband

Demodulate the input signal using the pulse amplitude modulation method.
The M-ary number value must be an even integer.
For sample-based input, the input must be a scalar. For frame-based input, the input must be a column vector,

The output can be either bits or integers. In case of bit output, the output width is an integer multiple of the number of bits per
symbaol. The symbols can be either binary-demapped or Gray-demapped.

Main Data Types

Qutput: IInherit via internal rule LI

—Fixed-point algorithm parameters
Settings below apply only when block inputs are fixed-point signals.

Mode Signed Word Length Fraction Length Rounding Overflow

Denormalization factor: ISame word length as input LI ‘fes Same as input Best precision  MNearest Saturate
Product output: IInherit via internal rule LI Yes  Inherited Inherited m m

Sum: IInherit via internal rule LI Yfes Inherited Inherited Mearest Saturate

OK. I Cancel | Help | Apply |
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Output

When the parameter is set to 'Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is of type single or double. Otherwise, the
output data type will be as if this parameter is set to 'Smallest
unsigned integer'.

When the parameter is set to 'Smallest unsigned integer',
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box of the model. If ASIC/FPGA is selected
in the Hardware Implementation pane, the output data
type 1s the ideal minimum size, i.e., ufix (1) for bit outputs,
and ufix(ceil(log2(M))) for integer outputs. For all other
selections, it 1s an unsigned integer with the smallest available
word length large enough to fit the ideal minimum size, usually
corresponding to the size of a char (e.g., uint8).

For integer outputs, this parameter can be set to Smallest
unsigned integer, int8, uint8, int16, uint16, int32, uint32,
single, and double. For bit outputs, the options are Smallest
unsigned integer, int8, uint8, int16, uint16, int32, uint32,
boolean, single, or double.

Denormalization factor

This parameter applies when a fixed-point input is not normalized.
It can be set to Same word length as input or Specify word
length, in which case a field is enabled for user input. A
best-precision fraction length is always used.

Product output

This parameter only applies when the input is a fixed-point signal
and there is a nonunity (not equal to 1) denormalized factor. It
can be set to Inherit via internal rule or Specify word
length, which enables a field for user input.
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Sum

Setting to Inherit via internal rule computes the
full-precision product word length and fraction length. Inherit
Rule for Product Data Types in Signal Processing Blockset User’s
Guide describes the full-precision Product output internal rule.

Setting to Specify word length allows you to define the word
length. The block computes a best-precision fraction length based
on the word length specified and the pre-computed worst-case
(min/max) real world value Product output result. The
worst-case Product output result is precomputed by multiplying
the denormalized factor with the worst-case (min/max) input
signal range, purely based on the input signal data type.

The block uses the Rounding method when the result of

a fixed-point calculation does not map exactly to a number
representable by the data type and scaling storing the result. For
more information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink Fixed Point documentation.

This parameter only applies when the input is a fixed-point
signal. It can be set to Inherit via internal rule, Same as
product output, or Specify word length, in which case a field
is enabled for user input

Setting Inherit via internal rule computes the full-precision
sum word length and fraction length, based on the two inputs to
the Sum in the fixed-point Hard Decision Algorithm signal flow
diagram. The rule is the same as the fixed-point inherit rule of
the internal Accumulator data type parameter in the Simulink
Sum block.

Setting Specify word length allows you to define the word
length. A best precision fraction length is computed based on
the word length specified in the pre-computed maximum range
necessary for the demodulated algorithm to produce accurate
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results. The signed fixed-point data type that has the best
precision fully containing the values in the range 2 * (M-1) for
the specified word length.

Setting to Same as product output allows the Sum data type to
be the same as the Product output data type (when Product
output is used). If the Product output is not used, then this

setting will be ignored and the Inherit via internal rule
Sum setting will be used.

Pair Block M-PAM Modulator Baseband

See Also General QAM Demodulator Baseband
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|

Purpose Modulate using M-ary pulse amplitude modulation
Librclry AM, in Digital Baseband sublibrary of Modulation
Description The M-PAM Modulator Baseband block modulates using M-ary pulse
amplitude modulation. The output is a baseband representation of the
W modulated signal. The M-ary number parameter, M, is the number of

points in the signal constellation. It must be an even integer.

Note All values of power assume a nominal impedance of 1 ohm.

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 value 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 following table lists the
possible scaling conditions.

Value of Normalization

Method Parameter Scaling Condition

Min. distance between The nearest pair of points in the

symbols constellation is separated by the
value of the Minimum distance
parameter

2-425



M-PAM Modulator Baseband

2-426

Value of Normalization
Method Parameter

Scaling Condition

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.

¢ [f Input type is set to Integer, then the block accepts integers. The
input can be either a scalar or a frame-based column vector of data
type int8, uint8, int16, uint16, int32, uint32, single, or double.

e [f 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. For bit inputs, the block can accept int8, uint8, int16, uint1e,
int32, uint32, boolean, single, and double. 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.
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Dialog
Box

Constellation Visualization

The M-PAM Modulator Baseband block pr

ovides the capability to

visualize a signal constellation from the block mask. This Constellation
Visualization feature allows you to visualize a signal constellation for
specific block parameters. For more information, see the Constellation
Visualization section of the Communications Blockset User’s Guide.

E! Function Block Parameters: M-PAM Modulator Ba

—M-PAM Modulator Baseband

x|

Modulate the input signal using the pulse amplitude modulation method.
The M-ary number value must be an even integer.

The input can be either bits or integers. The input can be either binary-mapped or
Gray-mapped into symbols,

In case of sample-based bit input, the input width must equal the number of bits
per symbol, In case of frame-based bit input, the input width must be an integer
multiple of the number of bits per symbeol. For sample-based integer input, the
input must be a scalar. For frame-based integer input, the input must be a column
vector.

Main Data Types I

—Parameters
M-ary number: I 4
Input type: IIntegEr

Constellation ordering: IBinar‘r'

Ll L L

Mormalization method: IMin. distance between symbols

Minimum distance: I 2

View Constellation |

OK. I Cancel | Help | Apply

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 2K for some positive integer K.
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Constellation ordering
Determines how the block maps each group of input bits to a
corresponding integer.

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, referenced to 1 ohm (watts)
The average power of the symbols in the constellation, referenced
to 1 ohm. This field appears only when Normalization method
is set to Average Power.

Peak power, referenced to 1 ohm (watts)
The maximum power of the symbols in the constellation,
referenced to 1 ohm. This field appears only when Normalization
method is set to Peak Power.

Output data type
The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.

Setting this parameter to Fixed-point or User-defined enables
fields in which you can further specify details. Setting this
parameter to Inherit via back propagation, sets the output
data type and scaling to match the following block.

Output word length
Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.
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User-defined data type
Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point software. This
parameter is only visible when you select User-defined for the
Output data type parameter.

Set output fraction length to
Specify the scaling of the fixed-point output by either of the
following methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point for the
Output data type parameter or when you select User-defined
and the specified output data type is a fixed-point data type.

Output fraction length
For fixed-point output data types, specify the number of fractional
bits, or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
the Output data type parameter and User-defined for the Set
output fraction length to parameter.

Pair Block M-PAM Demodulator Baseband

See Also General QAM Modulator Baseband
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Purpose

Library

Description

Algorithm
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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 M-ary number
parameter, M, is the number of points in the signal constellation. The
input can be either a scalar or a frame-based column vector of data
types double, single, or signed fixed-point (when M <= 8, and in
hard-decision modes only).

Binary or Integer Outputs

If the Output type parameter is set to Integer, the block outputs
integers between 0 and M-1, representing M-ary symbols.

If the Output type parameter is set to Bit and Decision type is set to
Hard decision, 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.

For M=2, refer to the BPSK Demodulator Baseband block reference
page.

For M=4, refer to the QPSK Demodulator Baseband block reference
page.

For M=8 and greater, see the following signal diagrams.
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For M > 8, in order to improve speed and implementation costs, no
derotation arithmetic is performed when Phase offset is 0, ©/2, &,
or 3m/2 (i.e., when it is trivial).

Also, for M > 8, this block will only support inputs of type double and
single.

The exact LLR and approximate LLR cases (soft-decision) are described
in “Exact LLR Algorithm” and “Approximate LLR Algorithm” in the
Communications Toolbox User’s Guide.

L]
DICI Iog E! Function Block Parameters: M-PSK Demodulator Baseband x|
Box — M-PSK Demodulator Baseband

Demodulate the input signal using the phase shift keying method.
For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector,

The output can be either bits or integers. For bit output, the output width is an integer multiple of the number of
bits per symbal. In this case, Decision type parameter allows a choice between Hard decision demodulation,
Log-likelihood ratio and Approximate log-likelihood ratio. The output values for Log-ikelihood ratio and
Approximate log-likelihood ratio Decizion types are of the same data type az the input values. For integer output,
the block always performs Hard decizion demodulation.

M ain [rata Types I

— P |
F

-y number: IS
Fhase offzet [rad): Ipi.-"S

Constellation ordering: IBinary LI

Olutput bype: IInteger LI

QK I Cancel Help Apply

M-ary number
The number of points in the signal constellation.

Phase offset
The phase of the zeroth point of the signal constellation.
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Constellation ordering
Determines how the block maps a symbol to the corresponding
K output bits or integer. See the reference page for the M-PSK
Modulator Baseband block for details. Selecting User-defined
displays the field Constellation mapping, allowing for
user-specified mapping.

Constellation mapping
This field appears when User-defined is selected in the
drop-down list Constellation ordering.

This parameter is a row or column vector of size M and must have
unique integer values in the range [0, M-1]. The values must be of
data type double.

The first element of this vector corresponds to the constellation
point at 0 angle, with subsequent elements running
counterclockwise. The last element corresponds to the -pi/M
constellation point.

Output type
Determines whether the output consists of integers or groups
of bits. If this parameter is set to Bit, the M-ary number
parameter must be 2K for some positive integer K.

Decision type
This field appears when Bit is selected in the drop-down list
Output type.

Specifies the output to be bitwise hard decision, LLR, or
approximate LLR. See “Exact LLR Algorithm” and “Approximate
LLR Algorithm” in the Communications Toolbox User’s Guide for
algorithm details.

Noise variance source
This field appears when Approximate log-likelihood ratio or
Log-likelihood ratio is selected for Decision type.
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When set to Dialog, the noise variance can be specified in the
Noise variance field. When set to Port, a port appears on the
block through which the noise variance can be input.

Noise variance
This parameter appears when the Noise variance source is set
to Dialog and specifies the noise variance in the input signal.
This parameter is tunable in normal mode, Accelerator mode and
Rapid Accelerator mode.

If you use the Real-Time Workshop® rapid simulation (RSIM)
target to build an RSIM executable, then you can tune the
parameter without recompiling the model. This is useful for Monte
Carlo simulations in which you run the simulation multiple times
(perhaps on multiple computers) with different amounts of noise.

The LLR algorithm involves computing exponentials of very large
or very small numbers using finite precision arithmetic and would
yield:

e Inf to -Inf if Noise variance is very high

¢ NaN if Noise variance and signal power are both very small

In such cases, use approximate LLR, as its algorithm does not
involve computing exponentials.
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EJFunction Block Parameters: M-PSK Demodulator Baseband x|

— M-PSK Demodulator Baseband

Demodulate the input signal using the phase shift keying method.
For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector,

The output can be either bits or integers. For bit output, the output width is an integer multiple of the number of
bits per symbal. In this case, Decision type parameter allows a choice between Hard decision demodulation,
Log-likelihood ratio and Approximate log-likelihood ratio. The output values for Log-ikelihood ratio and
Approximate log-likelihood ratio Decizion types are of the same data type az the input values. For integer output,
the block always performs Hard decizion demodulation.

tain Data Types

Output: {Inherit via internal rule LI

Fixed-point algorithm p

Settings below apply only when block inputs are fised-point zsignals.

Mode Signed ‘“word Length Fraction Length Rounding Overflow

Derctate raCtU“ISame word length as input VIYes Same az input Best precision  Mearest  Saturate

QK I Cancel Help Apply

Data Types Pane for Hard-Decision

Output
For bit outputs, when Decision type is set to Hard decision, the
output data type can be set to 'Inherit via internal rule',
‘Smallest unsigned integer', double, single, int8, uint8,
int16, uint16, int32, uint32, or boolean.

For integer outputs, the output data type can be set to 'Inherit
via internal rule', 'Smallest unsigned integer', double,
single, int8, uint8, int16, uint16, int32, or uint32.

When this parameter is set to ' Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is a floating-point type (single or double).
If the input data type is fixed-point (supported only when M-ary
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number is 2, 4, or 8), the output data type will work as if this
parameter is set to 'Smallest unsigned integer'.

When this parameter is set to 'Smallest unsigned integer',
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box of the model.

If ASIC/FPGA is selected in the Hardware Implementation
pane, and Output type is Bit, the output data type is the ideal
minimum one-bit size, 1.e., ufix(1). For all other selections, it
is an unsigned integer with the smallest available word length
large enough to fit one bit, usually corresponding to the size of a
char (e.g., uints8).

If ASIC/FPGA is selected in the Hardware Implementation
pane, and Output type is Integer, the output data type is the
ideal minimum integer size, i.e., ufix(ceil(log2(M))). For

all other selections, it is an unsigned integer with the smallest
available word length large enough to fit the ideal minimum size,
usually corresponding to the size of a char (e.g., uint8).

Derotate factor

This parameter only applies when M-ary number is 2, 4, or 8,

the input is fixed-point, and Phase offset is nontrivial (multiple
z T

of 2 for M=2, odd multiple of 1 for M=4, or any value for M=8).

This can be set to Same word length as input or Specify word
length, in which case a field is enabled for user input.
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Pair Block
See Also

IFunction Block Parameters: M-P5K Demodulato x|

— M-PSK Demodulator Baseband

Demodulate the input signal using the phase shift keying method.

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

The output can be either bitz or integers. For bit output, the output width is an integer
multiple of the number of bits per symbol. In this caze, Decision twpe parameter allows a
choice between Hard decision demadulation, Log-likelihood ratio and Approsimate
log-likelihood ratio. The output values for Log-likelihood ratio and Approximate
log-likelihood ratio Decision types are of the same data type as the input values. For
integer output, the block always performs Hard decision demodulation.

tain Data Types

Output: Same as input

QK I Cancel | Help Apply

Data Types Pane for Soft-Decision

For bit outputs, when Decision type is set to Log-1likelihood ratio
or Approximate log-likelihood ratio, the output data type is
inherited from the input (e.g., if the input is of data type double, the

output is also of data type double).

M-PSK Modulator Baseband

BPSK Demodulator Baseband, QPSK Demodulator Baseband, M-DPSK

Demodulator Baseband
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Purpose

Library

Description

2-440

LI

h-F Sk

Modulate using 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.

The input and output for this block are discrete-time signals. For
integer inputs, the block can accept the data types int8, uint8, int16,
uint16, int32, uint32, single, and double. For bit inputs, the block
can accept int8, uint8, int16, uint16, int32, uint32, boolean,
single, and double.

Alternative configurations of the block determine how the block
interprets its input and arranges its output, as explained in the
following sections.

Binary Inputs

If the Input type parameter is set to Bit and the M-ary number
parameter has the form 2X for some positive integer K, 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. For more information, see “Binary-Valued and
Integer-Valued Signals” in Communications BlocksetUser’s Guide.

Frame-Based Inputs

If the input is a frame-based column vector, the block processes several
integers or several binary words in each time step. (If the Input type
parameter is set to Bit, a binary word consists of log,(M) bits.)

For example, the following schematics 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.
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M-PSK

M-PSK

Constellation Visualization

The M-PSK Modulator Baseband block provides the capability to
visualize a signal constellation from the block mask. This Constellation
Visualization feature allows you to visualize a signal constellation for
specific block parameters. For more information, see the Constellation
Visualization section of the Communications Blockset User’s Guide.

Input type parameter is Integer
and Constellation ordering
parameter is Binary.

Input type parameter s Bit
and Constellation ordering
parameter is Binary.
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L]
DIOIOg E!Funcﬁnn Block Parameters: M-PSK Modulator Base ll
Box —M-PSK Modulator Baseband

Modulate the input signal using the phase shift keying method.

The input can be either bits or integers. The signal constellation can be ordered
with a binary mapping, a Gray mapping, or a user-defined mapping.

For sample-based bit input, the input width must equal the number of bits per
symbol, For frame-based bit input, the input must be a column vector whose length
is an integer multiple of the number of bits per symbol, For sample-based integer
input, the input must be a scalar. For frame-based integer input, the input must be
a column vector.

Main Data Types I

—Parameters
M-ary number: IS
Phase offset{rad): Ipi_-"S
Constellation ordering: IBinar‘r' LI
Input type: IInteger LI
View Constellation |

OK. I Cancel | Help | Apply |

M-ary number
The number of points in the signal constellation.

Phase offset
The phase of the zeroth point of the signal constellation.

Constellation ordering
Determines how the block maps an integer or group of K input
bits to the corresponding symbol.

If set to Binary, baseband M-ary phase shift keying modulation
with a phase offset of 6 maps an integer m between 0 and M-1 to
the complex value

exp(jO + j2mm/M)

If set to Gray, the block uses a Gray-coded signal constellation;
as a result, binary representations that differ in more than one
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bit cannot map to consecutive integers modulo M. The explicit
mapping is described in “Algorithm” on page 2-444.

Selecting User-defined displays the field Constellation
mapping, which allows for user-specified mapping.

Constellation mapping
This field appears when User-defined is selected in the
drop-down list Constellation ordering.

This parameter is a row or column vector of size M and must have
unique integer values in the range [0, M-1]. The values must be of
data type double.

The first element of this vector corresponds to the constellation
point at 0 + Phase offset angle, with subsequent elements
running counterclockwise. The last element corresponds to the
-pi/M + Phase offset constellation point.

Input type
Indicates whether the input consists of integers or groups of bits.

If this parameter is set to Bit, the M-ary number parameter
must be 2K for some positive integer K. K consecutive elements in
each channel or column represent a symbol, where K = log2(M).
The number of elements in each channel must be an integer
multiple of K, and each element must be 0 or 1.

To use integers between 0 and M-1 as input values, set this
to Integer. In this case, the input can be either a scalar or a
frame-based column vector.

Output data type
The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.

Setting this to Fixed-point or User-defined enables fields in
which you can further specify details. Setting this to Inherit
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via back propagation, sets the output data type and scaling
to match the following block.

Output word length
Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.

User-defined data type
Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point software. This
parameter is only visible when you select User-defined for the
Output data type parameter.

Output fraction length
Specify the scaling of the fixed-point output by either of the
following methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point for the
Output data type parameter or when you select User-defined
and the specified output data type is a fixed-point data type.

Output fraction length
For fixed-point output data types, specify the number of fractional
bits, or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
the Output data type parameter and User-defined for the Set
output fraction length to parameter.

Algorithm If the Constellation ordering parameter is set to Gray, the block
internally assigns the binary inputs to points of a predefined Gray-coded
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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, the block output has phase

10 + j2mm/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, the binary representations that correspond to the
zeroth through seventh phases are as follows.

M=28; m=[0:M-1]";
de2bi(bitxor(m,floor(m/2)), log2(M),'left-msb')

ans =

o O O o
o =+ =0
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_ A A
OO —a
o = =20

The following diagram shows the 8-ary Gray-coded constellation that
the block uses if the Phase offset parameter is /8.
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Pair Block M-PSK Demodulator Baseband
See Also BPSK Modulator Baseband, QPSK Modulator Baseband, M-DPSK

Modulator Baseband
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Purpose
Library

Description

Mpsk o9
Phase Recovary o,

Recover carrier phase using M-Power method
Carrier Phase Recovery sublibrary of Synchronization

The M-PSK Phase Recovery block recovers the carrier phase of the input
signal using the M-Power method. This feedforward, non-data-aided,
clock-aided method is suitable for systems that use baseband phase
shift keying (PSK) modulation. It is also suitable for systems that

use baseband quadrature amplitude modulation (QAM), although the
results are less accurate than those for comparable PSK systems. The
alphabet size for the modulation must be an even integer.

For PSK signals, the M-ary number parameter is the alphabet size.
For QAM signals, the M-ary number should be 4 regardless of the
alphabet size because the 4-power method is the most appropriate for
QAM signals.

The M-Power method assumes that the carrier phase is constant over
a series of consecutive symbols, and returns an estimate of the carrier
phase for the series. The Observation interval parameter is the
number of symbols for which the carrier phase is assumed constant.
This number must be an integer multiple of the input signal’s vector
length.

Input and Outputs

The input signal must be a frame-based column vector or a sample-based
scalar of type double or single. The input signal represents a baseband
signal at the symbol rate, so it must be complex-valued and must
contain one sample per symbol.

The outputs are as follows:

® The output port labeled Sig gives the result of rotating the input
signal counterclockwise, where the amount of rotation equals the
carrier phase estimate. The Sig output is thus a corrected version
of the input signal, and has the same sample time and vector size
as the input signal.
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® The output port labeled Ph outputs the carrier phase estimate, in
degrees, for all symbols in the observation interval. The Ph output is
a scalar signal.

Note Because the block internally computes the argument of

a complex number, the carrier phase estimate has an inherent
ambiguity. The carrier phase estimate is between -180/M and 180/M
degrees and might differ from the actual carrier phase by an integer
multiple of 360/M degrees.

Delays and Latency

The block’s algorithm requires it to collect symbols during a period of
length Observation interval before computing a single estimate of the
carrier phase. Therefore, each estimate is delayed by Observation
interval symbols and the corrected signal has a latency of Observation
interval symbols, relative to the input signal.

. -

Dla Iog [=)Block Parameters: M-PSK Phase Recovery | 2=l
—M-P5K Phase Recovery [mask)

Box :

Fecover the carrier phaze uging the M-Fower method.  This non-data-aided.
clock-aided feedforward method i suitable for b-ary PSE modulated signals.

The k-ary number parameter must be an even integer. The observation interval
parameter must be an integer multiple of the input signal vector length.

=
F

-ary number:

Observation interval [zymbolz]:
J10a

Ok | Lancel Help Apply

M-ary number
The number of points in the signal constellation of the transmitted
PSK signal, or 4 for a QAM signal. This must be an even integer.
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Examples

Algorithm

References

See Also

Observation interval
The number of symbols for which the carrier phase is assumed
constant.

See “Carrier Phase Recovery Example” in Communications Blockset
User’s Guide.

If the symbols occurring during the observation interval are x(1), x(2),
x(3),..., x(L), then the resulting carrier phase estimate is

iarg{i (x(k))M}
M k=1

where the arg function returns values between -180 degrees and 180
degrees.

[1] Mengali, Umberto, and Aldo N. D’Andrea, Synchronization
Techniques for Digital Receivers, New York, Plenum Press, 1997.

[2] Moeneclaey, Marc, and Geert de Jonghe, "ML-Oriented NDA
Carrier Synchronization for General Rotationally Symmetric Signal

Constellations," IEEE Transactions on Communications, Vol. 42, No. 8,
Aug. 1994, pp. 2531-2533.

CPM Phase Recovery, M-PSK Modulator Baseband
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Purpose
Library

Description
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h-P S
TCM

Decode trellis-coded modulation data, modulated using PSK method
Trellis-Coded Modulation

The M-PSK TCM Decoder block uses the Viterbi algorithm to decode a
trellis-coded modulation (TCM) signal that was previously modulated
using a PSK signal constellation.

The M-ary number parameter is the number of points in the signal
constellation, which also equals the number of possible output symbols
from the convolutional encoder. (That is, log,(M-ary number) is the
number of output bit streams from the convolutional encoder.)

The Trellis structure and M-ary number parameters in this block
should match those in theM-PSK TCM Encoder block, to ensure proper
decoding.

Input and Output Signals

The input signal must be a frame-based column vector containing
complex numbers.

If the convolutional encoder described by the trellis structure represents
a rate k/n code, then the M-PSK TCM Decoder block’s output is a
frame-based binary column vector whose length is k times the vector
length of the input signal.

The input signal must be double or single. The reset port accepts
double or boolean.

Operation Modes

The block has three possible methods for transitioning between
successive frames. The Operation mode parameter controls which
method the block uses. This parameter also affects the range of possible
values for the Traceback depth parameter, D.

e In Continuous mode, the block initializes all state metrics to zero
at the beginning of the simulation, waits until it accumulates D
symbols, and then uses a sequence of D symbols to compute each of
the traceback paths. D can be any positive integer. At the end of
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each frame, the block saves its internal state metric for use with
the next frame.

If you select the Enable the reset input check box, the block
displays another input port, labeled Rst. This port receives an
integer scalar signal. Whenever the value at the Rst port is nonzero,
the block resets all state metrics to zero and sets the traceback
memory to zero.

® In Truncated mode, the block treats each frame independently. The
traceback path starts at the state with the lowest metric. D must be
less than or equal to the vector length of the input.

e In Terminated mode, the block treats each frame independently.
The traceback path always starts at the all-zeros state. D must be
less than or equal to the vector length of the input. If you know that
each frame of data typically ends at the all-zeros state, then this
mode 1s an appropriate choice.

Decoding Delay

If you set Operation mode to Continuous, then this block introduces
a decoding delay equal to Traceback depth*k bits, for a rate k/n
convolutional code. The decoding delay is the number of zeros that
precede the first decoded bit in the output.

The block incurs no delay for other values of Operation mode.

2-451



M-PSK TCM Decoder

Dialog
Box

2-452

EJFunction Block Parameters: M-PSK TCM Decoder

—M-PSK TCM Decoder [mazk] (link]

Uzes the Viterbi algorithm to decode TCM data for PSE modulated signal.

b-ary number:l 8

Traceback depth:

|2

Operation mode:l Continuous

[~ Enable the reset input part

Output data type:l double

QK I Cancel Help |

Apply

Trellis structure

MATLAB structure that contains the trellis description of the

convolutional encoder.

M-ary number

The number of points in the signal constellation.

Traceback depth

The number of trellis branches (equivalently, the number of
symbols) the block uses in the Viterbi algorithm to construct each

traceback path.

Operation mode

The operation mode of the Viterbi decoder. Choices are
Continuous, Truncated, and Terminated.

Enable the reset input port

When you check this box, the block has a second input port labeled
Rst. Providing a nonzero input value to this port causes the block
to set its internal memory to the initial state before processing the
input data. This option appears only if you set Operation mode

to Continuous.
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|

Output data type
The output type of the block can be specified as a boolean or
double. By default, the block sets this to double.

Pair Block M-PSK TCM Encoder

See Also General TCM Decoder, poly2trellis

References [1] Biglieri, E., D. Divsalar, P. J. McLane and M. K. Simon, Introduction
to Trellis-Coded Modulation with Applications, New York, Macmillan,
1991.

[2] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001.
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Library

Description
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h-P Sk
TCMW

Convolutionally encode binary data and modulate using PSK method
Trellis-Coded Modulation

The M-PSK TCM Encoder block implements trellis-coded modulation
(TCM) by convolutionally encoding the binary input signal and mapping
the result to a PSK signal constellation.

The M-ary number parameter is the number of points in the signal
constellation, which also equals the number of possible output symbols
from the convolutional encoder. (That is, log,(M-ary number) is equal
to n for a rate k/n convolutional code.)

Input and Output Signals

If the convolutional encoder described by the trellis structure represents
a rate k/n code, then the M-PSK TCM Encoder block’s input must be a
frame-based binary column vector whose length is L*k for some positive
integer L.

The output from the M-PSK TCM Encoder block is a frame-based
complex column vector of length L.

The input signal must be a binary value.

Specifying the Encoder

To define the convolutional encoder, use the Trellis structure
parameter. This parameter is a MATLAB structure whose format is
described in “Trellis Description of a Convolutional Encoder” in the
Communications Toolbox documentation. You can use this parameter
field in two ways:

¢ [If you want to specify the encoder using its constraint length,
generator polynomials, and possibly feedback connection polynomials,
then use apoly2trellis 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
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poly2trellis(7,[171 133],171)

¢ 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 faster because it causes Simulink software
to spend less time updating the diagram at the beginning of each
simulation, compared to the usage in the previous bulleted item.

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, set the Operation mode to Reset
on nonzero input via port. The block then opens a second input
port, labeled Rst. The signal at the Rst port is a scalar signal. When

it 1s nonzero, the encoder resets before processing the data at the first
input port.

Signal Constellations

The trellis-coded modulation technique partitions the constellation into
subsets called cosets, so as to maximize the minimum distance between
pairs of points in each coset. This block internally forms a valid partition
based on the value you choose for the M-ary number parameter.

The figure below shows the labeled set-partitioned signal constellation
that the block uses when M-ary number is 8. For constellations of
other sizes, see [1].
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Signal Constellation for 8-PSK
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Coding Gains

Coding gains of 3 to 6 decibels, relative to the uncoded case can be
achieved in the presence of AWGN with multiphase trellis codes [3].
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Dialog

Box

IFunction Block Parameters: M-PSK TCM Encoder x|

— M-PSK TCM Encoder [mazk] (link]

Convaolutionally encode binary data and modulate using the phaze shift keying
methad.

The Trellis structure parameter must be a valid MATLABE trelliz structure. To check if
a structure iz a valid trellis structure, use the istrelliz function in MATLAB.

— P
F

Trellis structure:

5([1 3101 00; 05 2])

Operation mode: IEontinuous

-y number: IS

Ll L] 1o

Output data type: Idouble

QK I Cancel Help Apply

Trellis structure
MATLAB structure that contains the trellis description of the
convolutional encoder.

Operation mode
In Continuous mode (default setting), the block retains the

encoder states at the end of each frame, for use with the next
frame.

In Truncated (reset every frame) mode, the block treats each
frame independently. I.e., the encoder states are reset to all-zeros

state at the start of each frame.

In Terminate trellis by appending bits mode, the block
treats each frame independently. For each input frame,
extra bits are used to set the encoder states to all-zeros
state at the end of the frame. The output length is given by

y=n-(x+s)/k, where x is the number of input bits, and

s = constraint length —1 (or, in the case of multiple constraint
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Pair Block
See Also

References

2-458

lengths, s =sum(ConstraintLength(i)-1)). This mode is
supported for frame based inputs only.

In Reset on nonzero input via port mode, the block has an
additional input port, labeled Rst. When the Rst input is nonzero,
the encoder resets to the all-zeros state.

M-ary number
The number of points in the signal constellation.

Output data type
The output type of the block can be specified as a single or
double. By default, the block sets this to double.

M-PSK TCM Decoder
General TCM Encoder, poly2trellis

[1] Biglieri, E., D. Divsalar, P. J. McLane and M. K. Simon, Introduction
to Trellis-Coded Modulation with Applications, New York, Macmillan,
1991.

[2] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001

[3] Ungerboeck, G., “Channel Coding with Multilevel/Phase Signals”,
IEEE Trans. on Information Theory, Vol IT28, Jan. 1982, pp. 55-67.
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Purpose
Library

Description

AL

Sk

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.

e [f the input signal is sample-based, then the delay consists of D+1
zero symbols.

e [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 and
must be of type single or double. 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” in Communications Blockset User’s Guide.
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L]
DIG IOg E! Function Block Parameters: MSK Demodulator Bas: x|
Box — 5K Demodulator Bazeband [mazk] [link]

Demodulate the MSE modulated input signal using the Yiterbi algorithm. Traceback
length is the number of trellis branches that the algorithm wses to construct each
traceback path.

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

I case of frame-based input, the width of the input frame represents the product of the
number of symbols and the Samples per symbal value.

In case of sample-based input, the sample time of the input is the symbol period divided
by the Samples per spmbol value.

=) |

Output type: g
Fhase offzet [rad):
Jo
Samples per symbal:
Ja
Traceback length:
J16

Output datatype: I double LI

QK I Cancel Help | Apply |

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 MSK Demodulator
Baseband block uses to construct each traceback path.

Output data type
The output data type can be boolean, int8, int16, int32, or
double.
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Pair Block
See Also

References

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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Purpose

Library

Description
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LI b

MEk

Modulate using 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 Phase offset parameter is the initial phase of the output
waveform, measured in radians.

Input Atiributes

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” in Communications Blockset User’s Guide.
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Dialog
Box

Pair Block
See Also

References

JFunction Block Parameters: MSK Modulator Bas x|

— 5K Modulator Baseband [mask] [link]

Modulate the input zsignal ugsing the minimum zhift keying method.

For zample-based input, the input must be a scalar. For frame-bazed 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 symbols and the Samples per symbal value.

In caze of sample-based input. the output sample time equals the symbol period
divided by the Samples per symbal value.

Irput tye: AT ~

Fhase offzet [rad):

Jo

Samples per symbal:

Ja

Output data type:l double LI

QK I Cancel Help | Apply |

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.

Output data type
The output type of the block can be specified as a single or
double. By default, the block sets this to double.

MSK Demodulator Baseband
CPM Modulator Baseband

[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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MSK Signal =™
Timing Recovery o,

Recover symbol timing phase using fourth-order nonlinearity method
Timing Phase Recovery sublibrary of Synchronization

The MSK-Type Signal Timing Recovery block recovers the symbol
timing phase of the input signal using a fourth-order nonlinearity
method. This block implements a general non-data-aided feedback
method that is independent of carrier phase recovery but requires prior
compensation for the carrier frequency offset. This block is suitable for
systems that use baseband minimum shift keying (MSK) modulation or
Gaussian minimum shift keying (GMSK) modulation.

Inputs

By default, the block has one input port. The input signal could be (but
is not required to be) the output of a receive filter that is matched to the
transmitting pulse shape, or the output of a lowpass filter that limits
the amount of noise entering this block.

The input must be a scalar or a frame-based column vector. The input
uses N samples to represent each symbol, where N > 1 is the Samples
per symbol parameter. If the input is frame-based, then its vector
length is N*R, where R is a positive integer that indicates the number
of symbols per frame. If the input is sample-based, then its sample time
is 1/N times the underlying symbol period.

If the Reset parameter is set to On nonzero input via port, then the
block has a second input port, labeled Rst. The Rst input determines
when the timing estimation process restarts, and must be a scalar
signal. The sample time of the Rst input equals the symbol period if the
input signal is sample-based, and the frame period if the input signal
is frame-based.

Outputs
The block has two output ports, labeled Sym and Ph:

® The Sym output is the result of applying the estimated phase
correction to the input signal. This output is the signal value for each
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symbol, which can be used for decision purposes. The values in the
Sym output occur at the symbol rate:

= If the input signal is a frame-based column vector of length N*R,
then the Sym output is a frame-based column vector of length R
having the same frame period.

= If the input signal is a sample-based scalar with sample time T/N,
then the Sym output is a sample-based scalar with sample time T.

® The Ph output gives the phase estimate for each symbol in the input
signal.

The Ph output contains nonnegative real numbers less than N.
Noninteger values for the phase estimate correspond to interpolated
values that lie between two values of the input signal. The sample
time or frame period of the Ph output is the same as that of the Sym
output.

Note If the Ph output is very close to either zero or Samples per

symbol, or if the actual timing phase offset in your input signal is
very close to zero, then the block’s accuracy might be compromised
by small amounts of noise or jitter. The block works well when the
timing phase offset is significant rather than very close to zero.

Delays

This block incurs a delay of two symbols when the input signal is
frame-based and three symbols when the input signal is sample-based.
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E1Block Parameters: MSK-Type Signal Timing Ree 2=l
—MSK-Type Signal Timing Recovery [mask)

Fecover the symbal timing phaze uzing a fourth-order non-inearity method. This
non-data-aided feedback method iz suitable for MSK-type bazeband modulations.

The method estimates the symbal timing phase offset for each incoming symbal and
outputs the signal value comesponding to the estimated spmbol zampling ingtant.

The gecond output returns the estimated timing phase offset for each symbol, which
iz a nonnegative real number lezs than M where M iz the number of samples per
zymbaol.

The ermor update gain parameter iz the step size used for updating the successive
phase estimates.

=

.
Modulation type: [TEANEGEG_—GGEGE— -

Samples per symbal:
J4
Error update gain:
Joos

Reset: I MHone LI

Ok | Lancel Help | Apply |

Modulation type
The type of modulation in the system. Choices are MSK and GMSK.

Samples per symbol
The number of samples, N, that represent each symbol in the
input signal. This must be greater than 1.

Error update gain
A positive real number representing the step size that the block
uses for updating successive phase estimates. Typically, this
number is less than 1/N, which corresponds to a slowly varying
phase.

Reset
Determines whether and under what circumstances the block
restarts the phase estimation process. Choices are None, Every
frame, and On nonzero input via port. The last option causes
the block to have a second input port, labeled Rst.
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Algorithm

References

See Also

This block’s algorithm extracts timing information by passing the
sampled baseband signal through a fourth-order nonlinearity followed
by a digital differentiator whose output is smoothed to yield an error

signal. The algorithm then uses the error signal to make the sampling

adjustments.

More specifically, this block uses a timing error detector whose result
for the kth symbol is e(k), given in [2] by

e(k) = ()P Relr? (KT - T, + djy_)r 2(k=DT - T, +dj,_5))
—(~DP I Relr2(kT + T, +dj_)r 2(k—DT + T, +dj, 1)}

where

¢ ris the block’s input signal
¢ T is the symbol period
¢ T, is the sampling period

* * means complex conjugate

d, is the phase estimate for the kth symbol
D is 1 for MSK and 2 for Gaussian MSK modulation

For more information about the role that e(k) plays in this block’s
algorithm, see “Feedback Methods for Timing Phase Recovery” in
Communications Blockset User’s Guide.

[1] D’Andrea, A. N., U. Mengali, and R. Reggiannini, "A Digital
Approach to Clock Recovery in Generalized Minimum Shift Keying,'
IEEE Transactions on Vehicular Technology, Vol. 39, No. 3, August
1990, pp. 227-234.

[2] Mengali, Umberto and Aldo N. D’Andrea, Synchronization
Techniques for Digital Receivers, New York, Plenum Press, 1997.

Early-Late Gate Timing Recovery, Squaring Timing Recovery

2-467



Mueller-Muller Timing Recovery

Purpose

Library

Description
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l\nlueller—MuIIerBWn

Timing Recovery o

Recover symbol timing phase using Mueller-Muller method
Timing Phase Recovery sublibrary of Synchronization

The Mueller-Muller Timing Recovery block recovers the symbol timing
phase of the input signal using the Mueller-Muller method. This block
implements a decision-directed, data-aided feedback method that
requires prior recovery of the carrier phase.

Inputs

By default, the block has one input port. Typically, the input signal is
the output of a receive filter that is matched to the transmitting pulse
shape. The input must be a scalar or a frame-based column vector. The
input uses N samples to represent each symbol, where N > 1 is the
Samples per symbol parameter. If the input is frame-based, then its
vector length is N*R, where R is a positive integer that indicates the
number of symbols per frame. If the input is sample-based, then its
sample time is 1/N times the underlying symbol period.

If the Reset parameter is set to On nonzero input via port, then the
block has a second input port, labeled Rst. The Rst input determines

when the timing estimation process restarts, and must be a scalar. The
sample time of the Rst input equals the symbol period if the input signal
is sample-based, and the frame period if the input signal is frame-based.

Outputs
The block has two output ports, labeled Sym and Ph:

® The Sym output is the result of applying the estimated phase
correction to the input signal. This output is the signal value for each
symbol, which can be used for decision purposes. The values in the
Sym output occur at the symbol rate:

= If the input signal is a frame-based column vector of length N*R,
then the Sym output is a frame-based column vector of length R
having the same frame period.



Mueller-Muller Timing Recovery

= If the input signal is a sample-based scalar with sample time T/N,
then the Sym output is a sample-based scalar with sample time T.

® The Ph output gives the phase estimate for each symbol in the input
signal.

The Ph output contains nonnegative real numbers less than N.
Noninteger values for the phase estimate correspond to interpolated
values that lie between two values of the input signal. The sample
time or frame period of the Ph output is the same as that of the Sym
output.

Note If the Ph output is very close to either zero or Samples per

symbol, or if the actual timing phase offset in your input signal is
very close to zero, then the block’s accuracy might be compromised
by small amounts of noise or jitter. The block works well when the
timing phase offset is significant rather than very close to zero.

Delays

This block incurs a delay of two symbols when the input signal is
frame-based and three symbols when the input signal is sample-based.
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Dialog
Box

Algorithm
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EBlock Parameters: Mueller-Muller Timing Reco E 2=l

—bueller-kuller Timing Recovery [mazk]

Fiecover the symbal timing phase using the Mueller-tuller method. This
decizion-directed data-aided feedback method is suitable for linear binary baseband
modulations.

The method estimates the symbal timing phase offset for each incoming symbal and
outputs the signal value comesponding to the estimated spmbol zampling ingtant.

The gecond output returns the estimated timing phase offset for each symbol, which
iz a nonnegative real number lezs than M where M iz the number of samples per
zymbaol.

The ermor update gain parameter iz the step size used for updating the successive
phase estimates.

=
F

Samples per symbal:

Error update gain:
Joos
Reset: I MHone LI

Ok | Lancel | Help | Apply |

Samples per symbol
The number of samples, N, that represent each symbol in the
input signal. This must be greater than 1.

Error update gain
A positive real number representing the step size that the block
uses for updating successive phase estimates. Typically, this
number is less than 1/N, which corresponds to a slowly varying
phase.

Reset
Determines whether and under what circumstances the block
restarts the phase estimation process. Choices are None, Every
frame, and On nonzero input via port. The last option causes
the block to have a second input port, labeled Rst.

This block uses a timing error detector whose result for the kth symbol
1s e(k), given by
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References

See Also

e(k) = Relcp,_1y(kT +dp,) — cpy(B = DT + djp_1))

where

y is the block’s input signal

c, is the decision based on the sample value y(kT+d,)

T is the symbol period

d, is the phase estimate for the kth symbol
For more information about the role that e(k) plays in this block’s

algorithm, see “Feedback Methods for Timing Phase Recovery” in
Communications BlocksetUser’s Guide.

[1] Mengali, Umberto and Aldo N. D’Andrea, Synchronization
Techniques for Digital Receivers, New York, Plenum Press, 1997.

[2] Meyr, Heinrich, Marc Moeneclaey, and Stefan A. Fechtel, Digital
Communication Receivers, Vol 2, New York, Wiley, 1998.

[3] Mueller, K. H., and M. S. Muller, "Timing Recovery in Digital
Synchronous Data Receivers," IEEE Transactions on Communications,

Vol. COM-24, May 1976, pp. 516-531.

Early-Late Gate Timing Recovery, Squaring Timing Recovery
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Mu-Law Compressor

Purpose Implement p-law compressor for source coding
Librclry Source Coding
Description The Mu-Law Compressor block implements a p-law compressor for the
input signal. The formula for the p-law compressor is
hdu-Law
Comprassar VlOg(1+H|.'XJ|/V)
= sgn(x)
log(1+ W)
where p 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).
The input can have any shape or frame status. This block processes
each vector element independently.
Dia Iog E1Block Parameters: Mu-Law Compressor 2=l
—Mu-Law Compressor [mask)]
Box Compreszs the input signal using mu-law compression.
The input can have any shape or frame status. This block processes each vector
element independently.
mu walue:
F'k zignal magnitude:
1
Ok Lancel Help Apply
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 Expander
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See Also A-Law Compressor

References [1] Sklar, Bernard. Digital Communications: Fundamentals and
Applications. Englewood Cliffs, N.J.: Prentice-Hall, 1988.
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Mu-Law Expander

Purpose
Library

Description

hu-Law
Expander

Dialog
Box

Pair Block
See Also
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Implement p-law expander for source coding
Source Coding

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 of the compressor function.

.= K(e\y\log(lﬂt)/V _ 1)sgn(y)

u

The input can have any shape or frame status. This block processes
each vector element independently.

Block Parameters: Mu-Law Expander 21l

—Mu-Law Expander [mask)

Expand the signal using inverse mu-law compression.

The input can have any shape or frame status. This block processes each vectar
element independently.

=
F

U value:
255

Peak signal magnitude:
1

Ok | Lancel | Help | Apply

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 Compressor

A-Law Expander
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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
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Multipath
Fading

Multipath Rayleigh
Fading Channel

Simulate multipath Rayleigh fading propagation channel
Channels

The Multipath Rayleigh Fading Channel block implements a baseband
simulation of a multipath Rayleigh fading propagation channel. You
can use this block to model mobile wireless communication systems.
For details about fading channels, see the references listed below.

This block accepts only frame-based complex signals at its input. To
work with sample-based inputs, use the Frame conversion block of
Signal Processing blockset to reformat the signal.

The block inherits sample time from the input signal. The input signal
must have a discrete sample time greater than 0.

Relative motion between the transmitter and receiver causes Doppler
shifts in the signal frequency. You can specify the Doppler spectrum of
the Rayleigh process using the Doppler spectrum type parameter.
For channels with multiple paths, you can assign each path a different
Doppler spectrum, by entering a vector of doppler objects in the
Doppler spectrum field.

Because a multipath channel reflects signals at multiple places, a
transmitted signal travels to the receiver along several paths, each of
which may have differing lengths and associated time delays. In the
block’s parameter dialog box, the Discrete path delay vector specifies
the time delay for each path. If you do not check Normalize gain
vector to 0 dB overall gain, then the Average path gain vector
specifies the gain for each path. When you check the box, the block uses
a multiple of Average path gain vector instead of the Average path
gain vector itself, choosing the scaling factor so that the channel’s
effective gain, considering all paths, is 0 dB.

The number of paths indicates the length of Discrete path delay

vector or Average path 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 contains a scalar value, then the block
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expands it into a vector whose size matches that of the other vector
parameter.

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. Then, the block
generates random numbers using the Ziggurat method. This method is
the same one used by the MATLAB randn function.

Double-clicking this block during simulation or checking the block
dialog’s check-box labeled Open channel visualization at start
of simulation plots the channel characteristics using the channel
visualization tool. See “Using the Channel Visualization Tool” in
Communications Toolbox User’s Guide for details.
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L]
DIG IOg E! Function Block Parameters: Multipath Rayleigh =

Box —Multipath Rayleigh Fading Channel {mask) {link;

Multipath Ravyleigh Fading Channel For complex baseband signals,

The number of paths equals the length of the 'Discrete path delay wvector'
parameker,

To enable/disable channel visualization, double click on the block while the
simulation is running. You can also check the box "Open channel visualization at
start of simulation” ko enable the visualization,

—Parameter

Maximum Doppler shift (Hz):

Doppler spectrum bype: IJakes LI

Discrete path delay vector (s):

|[02e-6]

Average path gain vector (dE):
f[0-3]

[V Mormalize gain vector ko 0 dB overall gain

Initial seed:

|73
[~ Open channel visualization at start of simulation
™ Complex path gains port
™ Channel filter delay port

OF I Cancel | Help | Apply

Maximum Doppler shift (Hz)
A positive scalar value that indicates the maximum Doppler shift.

Doppler spectrum type
Specifies the Doppler spectrum of the Rayleigh process.

This parameter defaults to Jakes Doppler spectrum.
Alternatively, you can also choose any of the following types:

e Flat
* (Gaussian

¢ Rounded
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Restricted Jakes

Asymmetrical Jakes

Bi-Gaussian

Bell

For all Doppler spectrum types except Jakes and Flat, you
can choose one or more parameters to control the shape of the
spectrum.

You can also select Specify as dialog parameter for the
Doppler spectrum type. Specify the Doppler spectrum by
entering an object in the Doppler spectrum field. See the
doppler function reference in Communications Toolbox User’s
Guide for details on how to construct Doppler objects, and also
for the meaning of the parameters associated with the various
Doppler spectrum types.

Discrete path delay vector (s)
A vector that specifies the propagation delay for each path.

Average 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) 1s 0 dB.

Initial seed
The scalar seed for the Gaussian noise generator.

Open channel visualization at start of simulation
Checking this box opens the channel visualization tool when a
simulation begins.

Complex path gains port
Checking this box creates a port that outputs the values of the
complex path gains for each path. In this N-by-M multichannel
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Algorithm

Example

2-480

frame, N represents the number of samples per frame and M
represents the number of discrete paths (number of delays).

Channel filter delay port
Checking this box creates a port that outputs the value of the
delay (in samples) that results from the filtering operation of
this block. This delay is zero if only one path 1s simulated, but
can be greater than zero if more than one path is present. See
“Simulation of Multipath Fading Channels: Methodology” in
Communications Toolbox User’s Guide for a definition of this

delay, where it is denoted as Nj .

This implementation is based on the direct-form simulator described in
Reference [1]. A detailed explanation of the implementation, including
a review of the different Doppler spectra, can be found in [4].

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

fqi= (Wf/c)cos ©

where fis the transmission carrier frequency and c is the speed of light.
The Doppler frequency represents the maximum Doppler shift arising
from motion of the mobile.

Generating Ideal Theoretical BER Results for a Rayleigh
Fading Channel

This example illustrates how to generate ideal theoretical BER results
for a flat Rayleigh fading channel. The model uses reproduces known
theoretical results and shows the correct BER performance for a flat
Rayleigh fading channel. In this example, you will run the model and
compare the simulation results to the BERTool theoretical results

for verification purposes. Note that the EbNo value for the model’s
AWGN block is 5 dB. You can change the noise power by double-clicking
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the AWGN block and entering another numeric value in the EbNo
parameter.

Opening the Model
You can open the model by clicking here in the MATLAB Help browser.

Alternatively, you can type doc_qpsk_rayleigh derotated at the
MATLAB command line.

Running the Model and Comparing Results
1 You can run the demo by clicking Simulation > Start.

2 After the model collects more than 5000 errors, click the stop button.
3 Close the three scopes.

4 In the Simulink model window, double-click the Transmitter Output
block. In the mask window, click the Figure Properties tab,
uncheck Open scope at start of Simulation, then click OK.
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E! Sink Block Parameters: Transmitter Output |

Discrete-Time Scatter Plot Scope {mask) {link]

The Discrete-Time Scatter Plot Scope is used to display a modulated signal constellation in its
signal space by plotting the In-phase component versus the Quadrature component.

Use with 'Samples per Symbol' set to 1 to view signals after detection or for signals without
oversampling. For oversampled signals, the input is decimated by 'Samples per symbol'
skipping 'Offset’ initial samples,

Flotting Properties Rendering Properties Axes Properties Figure Properties

[~ Open scope at start of simulation
™ Paint number

Stope position:

| [6 504 334 354]

Title:

| @Psk Modulator Output

oK I Cancel | Help | Apply |

5 In the Simulink model window, double-click the Rayleigh Channel
Output block. In the mask window, click the Figure Properties tab,
uncheck Open scope at start of Simulation, then click OK.

6 In the Simulink model window, double-click the Noisy Rayleigh
Channel Output block. In the mask window, click the Figure

Properties tab, uncheck Open scope at start of Simulation,
then clock OK.

7 In the Simulink model window, double-click the Error Rate
Calculation block, check Stop simulation, enter 5000 for Target
number of error, then click OK.

8 Click the play button to rerun the demo.
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9 Open BERTool by typing bertool at the MATLAB command line.

10 In BERTool, click the Theoretical tab and make the following
selections:

=l0lx]

File Edit Window Hslp

Corfidence Level | Fit | Plot BER Data Set E /N, (dB) BER # of Bits

0:10 [0.1464 0.1... [NjA

Thearatical I Semianalytic | Monte Car\ol

Ej Mg range: [o:10 dB

Channel bype: I Rayleigh vl Diversity order: Il

Modulation type: | PSK = Demodulation type:
¥ Coherent
Madulation order: | 2 -
= Noncoherent

[™ Differential encoding

Channel coding: Synchronization:

% hone (% Perfect synchronization
= Mormalized Eming error: IIII
= RM5 phase noise (rad); IIII

Plat |

For Eb/No range enter 0:10

For Channel type, select Rayleigh

¢ For Diversity Order enter 1

For Modulation Type, select PSK

For Modulation order, select 4
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See Also

References
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11 Click Plot.

12 Since the Simulink model uses an EbNo value of 5 dB, verify the
probability of error on the BERToo0l curve at 5 dB. The two values
should be approximately equal.

-]

File Edit Tools Window

(é +\- Y ®|@|IE

10

theoretical-exactd |

E,/M, (dB)

L
Click the Data Cursor button E (second from right) and click on

the BERTool curve at 5dB.

Rayleigh Noise Generator, Multipath Rician Fading Channel, doppler

[1] Jeruchim, Michel C., Balaban, Philip, and Shanmugan, K. Sam,

Simulation of Communication Systems, Second edition, New York,
Kluwer Academic/Plenum, 2000.

[2] Jakes, William C., ed. Microwave Mobile Communications, New
York, IEEE Press, 1974.
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[3] Lee, William C. Y., Mobile Communications Design Fundamentals,
2nd Ed. New York, Wiley, 1993.

[4] Iskander, Cyril-Daniel, A MATLAB-based Object-Oriented Approach

to Multipath Fading Channel Simulation, a MATLAB Central
submission available from www.mathworks.com.
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Multipath Rician Fading Channel

Purpose
Library

Description
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Rician
Fading

Simulate multipath Rician fading propagation channel
Channels

The Multipath Rician Fading Channel block implements a baseband
simulation of a multipath Rician fading propagation channel. You can
use this block to model mobile wireless communication systems when
the transmitted signal can travel to the receiver along a dominant
line-of-sight or direct path. For details about fading channels, see
Channels in the Communications Blockset User’s Guide.

This block accepts only frame-based, complex signals at its input. To
work with sample-based inputs, use the Frame Conversion block of
Signal Processing Blockset to reformat the signal. The sample time is
inherited from the input signal.

The input signal must have a discrete sample time greater than 0.

Relative motion between the transmitter and receiver causes Doppler
shifts in the signal frequency. You can specify the Doppler spectrum
of the Rician process using the Doppler spectrum type pop-up
menu. For channels with multiple paths, you can assign each path a
different Doppler spectrum, by entering a vector of doppler objects in
the Doppler spectrum field.

Because a multipath channel reflects signals at multiple places, a
transmitted signal travels to the receiver along several paths, each of
which may have differing lengths and associated time delays. In the
block’s parameter dialog box, the Discrete path delay vector specifies
the time delay for each path. If you do not check the Normalize gain
vector to 0 dB overall gain box, then the Average path gain vector
specifies the gain for each path. When you check the box, the block uses
a multiple of Average path gain vector instead of the Average path
gain vector itself, choosing the scaling factor so that the channel’s
effective gain considering all paths is 0 dB.

The number of paths indicates the length of Discrete path delay
vector or Average path gain vector, whichever is larger. If both of
these parameters are vectors, they must have the same length; if exactly
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one of these parameters contains a scalar value, the block expands it
into a vector whose size matches that of the other vector parameter.

Fading causes the signal to become diffuse. The K-factor parameter,
which 1s part of the statistical description of the Rician distribution,
represents the ratio between the power in the line-of-sight component
and the power in the diffuse component. The ratio is expressed linearly,
not in decibels. While the Average path gain vector parameter controls
the overall gain through the channel, the K-factor parameter controls
the gain’s partition into line-of-sight and diffuse components.

You can specify the K-factor parameter as a scalar or a vector. If
the K-factor parameter is a scalar, then the first discrete path of the
channel is a Rician fading process (it contains a line-of-sight component)
with the specified K-factor, while the remaining discrete paths
indicate independent Rayleigh fading processes (with no line-of-sight
component). If the K-factor parameter is a vector of the same size
as Discrete path delay vector, then each discrete path is a Rician
fading process with a K-factor given by the corresponding element of
the vector. You can attribute the line-of-sight component a Doppler
shift, through the Doppler shift(s) of line-of-sight component(s)
parameter, and an initial phase, through the Initial phase(s) of
line-of-sight component(s). The Doppler shift(s) of line-of-sight
component(s) and Initial phase(s) of line-of-sight component(s)
parameters must be of the same size as the K-factor parameter.

The block multiplies the input signal by samples of a Rician-distributed
complex random process. The scalar Initial seed parameter seeds the
random number generator. The block then generates random numbers
using the Ziggurat method, which is the same method used by the
MATLAB randn function.

Double-clicking this block during simulation or selecting the block
dialog’s check box labeled Open channel visualization at start
of simulation plots the channel characteristics using the channel
visualization tool. See “Using the Channel Visualization Tool” in
Commaunications Toolbox User’s Guide for details.
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(]
Dialog zl

Box —Multipath Rician Fading Channel (mask) (link)

Multipath Rician Fading Channel for complex baseband signals.

The number of paths equals the length of the 'Discrete path delay vector'
parameter, If the K-factor is & non-zero scalar, then only the first path has a line-
of-sight component. If the K-factor is a vector of the same length as the 'Discrete
path delay vector', then all paths have line-of-sight components, except for those
whose corresponding element of the K-factor is zero.

To enable/disable channel visualization, double dick on the block while the
simulation is running. You can also check the box "Open channel visualization at
start of simulation” to enable the visualization.

K-factor (scalar or vector):

[

Doppler shift(s) of line-of-sight component(s) (Hz):
Jo

Initial phase(s) of ine-of-sight component(s) {rad):
Jo

Maximum diffuse Doppler shift (Hz):
|40

Doppler spectrum type: IJakes LI
Discrete path delay vector (s):
Jo

Average path gain vector (dB):
Jo

V¥ Normalize average path gain vector to 0 dB overall gain

Initial seed:

|73

[~ Open channel visualization at start of simulation
[~ Complex path gains port

™ Channel filter delay port

OK I Cancel Help Apply

K-factor
The ratio of power in the line-of-sight component to the power
in the diffuse component. The ratio is expressed linearly, not in
decibels. If K-factor is a scalar value, then the first discrete path
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is a Rician fading process (it contains a line-of-sight component)
with the specified K-factor, while the remaining discrete paths
are independent Rayleigh fading processes (with no line-of-sight
component). If K-factor is a vector of the same size as Discrete
path delay vector, then each discrete path is a Rician fading
process with a K-factor given by the corresponding element of
the vector.

Doppler shift(s) of line-of-sight components(s) (Hz)

The Doppler shift of the line-of-sight component. It must be

a scalar (if K-factor is a scalar) or a vector of the same size

as K-factor. If this parameter contains a scalar value, then

the line-of-sight component of the first discrete path has the
specified Doppler shift, while the remaining discrete paths become
independent Rayleigh fading processes. If the parameter contains
a vector, then the line-of-sight component of each discrete path has
a Doppler shift given by the corresponding element of the vector.

Initial phase(s) of line-of-sight component(s) (rad)
The initial phase of the line-of-sight component. It must be either
a scalar (if K-factor is a scalar value) or a vector of the same
size as K-factor.

Maximum diffuse Doppler shift (Hz)
A positive scalar value that indicates the maximum diffuse
Doppler shift.

Doppler spectrum type

Specifies the Doppler spectrum of the Rician process.

This parameter defaults to Jakes Doppler spectrum. Alternately,
you can choose any of the following types:

e Flat

* Gaussian

¢ Rounded

® Restricted Jakes
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* Asymmetrical Jakes
* Bi-Gaussian

¢ Bell

For all Doppler spectrum types except Jakes and Flat, You can
use one or more parameters to control the shape of the spectrum.

You can also select Specify as dialog parameter for the
Doppler spectrum type. Specify the Doppler spectrum by
entering an object in the Doppler spectrum field. See the
doppler function reference in Communications Toolbox User’s
Guide for details on how to construct doppler objects, and for the
meaning of the parameters associated with the various Doppler
spectrum types.

Discrete delay vector(s)
A vector that specifies the propagation delay for each path.

Average path gain vector (dB)
A vector that specifies the gain for each path.

Initial seed
The scalar seed for the Gaussian noise generator.

Open channel visualization at start of simulation
Checking this box opens the channel visualization tool when a
simulation begins.

Complex path gains port
Checking this box creates a port that outputs the values of the
complex path gains for each path. In this N-by-M multichannel
frame, N represents the number of samples per frame and M
represents the number of discrete paths (number of delays).

Channel filter delay port
Checking this box creates a port that outputs the value of the
delay (in samples) that results from the filtering operation of
this block. This delay is zero if only one path is simulated, but
can be greater than zero if more than one path is present. See



Multipath Rician Fading Channel
|

“Simulation of Multipath Fading Channels: Methodology” in
Communications Toolbox User’s Guide for a definition of this

delay, where it is denoted as Nj .

Algorithm This implementation is based on the direct form simulator described in
Reference [1]. A detailed explanation of the implementation, including
a review of the different Doppler spectra, can be found in [4].

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, the Doppler shift is

fqi= (Wf/c)cos ©
where fis the transmission carrier frequency and c is the speed of light.

The Doppler frequency is the maximum Doppler shift arising from the
motion of the mobile.

See Also Rician Noise Generator, Multipath Rayleigh Fading Channel, doppler

References [1] Jeruchim, Michel C., Balaban, P., and Shanmugan, K. Sam,
Simulation of Communication Systems, Second edition, New York,
Kluwer Academic/Plenum, 2000.

[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, John Wiley & Sons, Inc., 1993.

[4] Iskander, Cyril-Daniel, A MATLAB-based Object-Oriented Approach

to Multipath Fading Channel Simulation, a MATLAB Central
submission available from www.mathworks.com.
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Normalized LMS Decision Feedback Equalizer

Purpose Equalize using decision feedback equalizer that updates weights with
normalized LMS algorithm

Librclry Equalizers

Description The Normalized LMS Decision Feedback Equalizer block uses a

decision feedback equalizer and the normalized LMS algorithm to
equalize a linearly modulated baseband signal through a dispersive

Inpust Bqualized

Decimd . channel. During the simulation, the block uses the normalized LMS
algorithm to update the weights, once per symbol. If the Number of

Mode e samples per symbol parameter is 1, then the block implements a

symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work
properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:

® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

2-492



Normalized LMS Decision Feedback Equalizer

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.

Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap of the forward filter.
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L]
DIG IOg E! Block Parameters: Normalized LMS Dec 2=l
Box —LMS decision feedback equalizer [mazk]

Equalize a linearly modulated signal through a dispersive channel using a decision
feedback equalizer and the normalized LS algorithm.

The block computes filker weights with the normalized LMS algorithm and filkers the
input zignal. *when the number of samples per spmbol iz 1, the filter weights are
updated once for each symbol, for a symbol spaced (i.e. T-spaced] equalizer. ‘When
the number of samples per symbol is greater than one, the weights are updated once
every Nth zample, for a T/MN-spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the Mode Input box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, for decizion directed,
the mode should be 0. The equalizer will train for the length of the Desired signal. If the
made input is not prezent, the equalizer will train at the beginning of every frame for the
length of the Desired zignal.

=) |
F

Mumber of forward taps:

Mumber of feedback taps:
|6

Mumber of samples per symbal:
Jh

Signal constellation:
Iqammod[[D:3],4]
Fieference tap:

|2

Step size:

Joo

Leakage:

Jh

Bias:

Jo

Initial weights:

Jo

v Mode input port

V' Dutput error

V' Output weights

Ok I Lancel Help Apply
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Number of forward taps
The number of taps in the forward filter of the decision feedback
equalizer.

Number of feedback taps
The number of taps in the feedback filter of the decision feedback
equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of forward
taps in the equalizer.

Step size
The step size of the normalized LMS algorithm.

Leakage factor
The leakage factor of the normalized LMS algorithm, a number
between 0 and 1. A value of 1 corresponds to a conventional
weight update algorithm, and a value of O corresponds to a
memoryless update algorithm.

Bias
The bias parameter of the normalized LMS algorithm, a
nonnegative real number. This parameter is used to overcome
difficulties when the algorithm’s input signal is small.

Initial weights
A vector that concatenates the initial weights for the forward and
feedback taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.
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References

See Also
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Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current forward and
feedback weights, concatenated into one vector.

[1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

Normalized LMS Linear Equalizer, LMS Decision Feedback Equalizer
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Purpose

Library

Description

Inpust
Desired

ode

Bqualized
Er

ks

Equalize using linear equalizer that updates weights with normalized
LMS algorithm

Equalizers

The Normalized LMS Linear Equalizer block uses a linear equalizer
and the normalized LMS algorithm to equalize a linearly modulated
baseband signal through a dispersive channel. During the simulation,
the block uses the normalized LMS algorithm to update the weights,
once per symbol. If the Number of samples per symbol parameter is
1, then the block implements a symbol-spaced equalizer; otherwise, the
block implements a fractionally spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work

properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:

® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.

2-497



Normalized LMS Linear Equalizer

2-498

Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap.
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L]
DIG IOg E! Function Block Parameters: Normalized LMS' Li x|

Box —Mommalized LMS Linear Equalizer [mask] [link]

Equalize a linearly modulated signal through a dispersive channel using the normalized
L5 algorithm.

The block computes filker weights with the normalized LMS algorithm and filkers the
input zignal. *when the number of samples per spmbol iz 1, the filter weights are
updated once for each symbol, for a symbol spaced (i.e. T-spaced] equalizer. ‘When
the number of samples per symbol is greater than one, the weights are updated once
every Nth zample, for a T/MN-spaced equalizer.

The Deszired input iz uzed for training the equalizer. |t expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the Mode Input box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, for decizion directed,
the mode should be 0. For every frame in which the mode input iz 1 or not pregent, the
equalizer trainz at the beginning of the frame for the length of the desired signal.

=) |
F

Mumber of taps:

[4

Mumber of samples per symbal:
Jh

Signal constellation:
|aammad([0:15],16]
Fieference tap:

|2

Step size:

Joo

Leakage factor:

Jh

Bias:

Jo

Initial weights:

Jo

v Mode input port
V' Dutput error

V' Output weights

Ok I Lancel Help Lpply

Number of taps
The number of taps in the filter of the linear equalizer.

Number of samples per symbol
The number of input samples for each symbol.
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Examples

References
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Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of taps in the
equalizer.

Step size
The step size of the normalized LMS algorithm.

Leakage factor
The leakage factor of the normalized LMS algorithm, a number
between 0 and 1. A value of 1 corresponds to a conventional
weight update algorithm, and a value of O corresponds to a
memoryless update algorithm.

Bias
The bias parameter of the normalized LMS algorithm, a
nonnegative real number. This parameter is used to overcome
difficulties when the algorithm’s input signal is small.

Initial weights
A vector that lists the initial weights for the taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current weights.

See the Adaptive Equalization demo.

[1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.
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See Also Normalized LMS Decision Feedback Equalizer, LMS Linear Equalizer
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Purpose

Library

Description

2-502

AN

OQFSK

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 input is 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. The block accepts the
data types double, single, and signed fixed-point.

If the Output type parameter is set to Integer, then the block outputs
integer symbol values between 0 and 3. If the Output type parameter

is set to Bit, then the block outputs 2—-bit binary representations of such
integers, in a binary-valued vector whose length is an even number.

The block produces one output symbol for each pair of input symbols.
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.

Sample-Based Inputs

If the input is a sample-based scalar, then the block outputs a single
integer symbol (or one pair of bits) for each output time step. The input
sample period is half the output symbol period, in this case.

AL

0.5+ | OQPSK

¥

Ts[0 0]
Constant

[Samgle Time =0.5) OQFSK Demodulstor Bassband Frobe
[Cutput Type = Integer)

» OOFSK »  T=00] —p.
OQPSK Demodulstor Baseband Probe
[CutputType = Bit)

To open the completed model, click here in the MATLAB Help browser
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Frame-Based Inputs

If the input is a frame-based column vector, then the block processes
several integer symbols (or several pairs of bits) for each time step.
In this case, the frame-based output port frame time equals that of
the input.

The output frame length is adjusted based on the input frame length
and the setting for the Output type parameter. When you set the
Output type parameter to Integer, the output frame length is
half that of the input frame length. When you set the Output type
parameter to Bit, the output frame length equals the input frame
length (because each symbol is two bits).

Note The input frame length must be even or else the block will error
out.

{0 5+i"ones{12,1) »  OOFSK » Ts00]
Constant
{Frame Pericd = 8) OQFPSK Demedulator Baseband (Integer symbcl sample time = 1,
{Cutput Type = Integer) Frame length = 8)
| OQFSK | Ts00]
CQPSK Demodulator Baseband [Twe-bit symbel sample time = 1,
[QutputType = Bit) Frame length = 12}

To open the completed model, click here in the MATLAB Help browser

Delays

The modulator-demodulator pair incurs a delay, as described in “Delays
in Digital Modulation”.
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Signal
Flow
Diagram

2-504

3 DT |

: -1 :
rcomplex Re . Re complex : in D.T.
B

Input +— mapping
3 inD.T. Im » Im gc$ B]F%ut
! inD.T. - | Optional [ =" QPSK
H 6 cast * Demodulator[ > Output
outD.T.
(independent
inD.T. of inD.T)

OQPSK Fixed-Point Signal Flow Diagram

derotate factor
(phase offset

not multiple of 77/2)

Note Every two input samples produce one output symbol. In the
preceding figure, the dotted line represents the region comprised of

input sample processing.
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! . .1 inDIT.r— j
: complex e 4 e complex :inD.T.

Input —————»|

L inDT m Jim ﬁ in
; inDT : DT | apsk
i ®—> Demodulator| > Output
: outD.T.
! : A( (independent
L s in ofinD.T)

+D.T)
derotate factor

(phase offset
not multiple of 77/2)

OQPSK Floating Point Signal Flow Diagram

Note Every two input samples produce one output symbol. In the
preceding figure, the dotted line represents the region comprised of
input sample processing.
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Dialog
Box
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EJFunction Block Parameters: DQPSK Demodulator Baseband =

QOPSE Demodulator Baseband

Demodulate the input signal using the offset quadrature phase shift keying method,

For sample-based input, the input must be a scalar, For frame-based input, the input must be a column vector, In case of frame-based
input, the width of the input frame equals bwo times the number of symbols, In case of sample-based input, the input sample time equals
the symbol period divided by bwa,

The output can be either bits or integers. In case of bit output, the output width is an inkeger multiple of bwo,

Main Data Types
—Parameter

Phase offset{rad): ID

Cutpuk bype: IInteger LI

OF I Cancel Help Apply

Phase offset (rad)
The amount by which the phase of the zeroth point of the signal
constellation is shifted from /4.

Output type
Determines whether the output consists of integers or pairs of bits.
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EJFunction Block Parameters: DQPSK Demodulator Baseband =

QOPSE Demodulator Baseband

Demodulate the input signal using the offset quadrature phase shift keying method,

For sample-based input, the input must be a scalar, For frame-based input, the input must be a column vector, In case of frame-based
input, the width of the input frame equals bwo times the number of symbols, In case of sample-based input, the input sample time equals
the symbol period divided by bwa,

The output can be either bits or integers. In case of bit output, the output width is an inkeger multiple of bwo,

Main Data Types

Qutput: | Inherit via internal rule LI

Fixed-point algorithm parameter.

Settings below apply only when block inputs are fixed-paint signals.

Mode Signed Word Length Fraction Length Rounding Overflow

Deraotate factor: ISame word length as input LI ‘fes  Same as input Best precision  Mearest Saturate
Accumulatar: IInherit wia internal rule LI Yes  Inherited Inherited m lm

IMapping input: ISame as accurnulator LI ¥es  Inherited Inhetited Mearest Saturate

OF I Cancel Help Apply

Data Type Pane

Output
For bit outputs, the output data type can be set to 'Inherit
via internal rule', 'Smallest unsigned integer', double,
single, int8, uint8, int16, uint16, int32, uint32, or boolean.

For integer outputs, the output data type can be set to 'Inherit
via internal rule', 'Smallest unsigned integer', double,
single, int8, uint8, int16, uint16, int32, or uint32.

When this parameter is set to ' Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is a floating-point type (single or double).
If the input data type 1s fixed-point, the output data type will work
as if this parameter is set to 'Smallest unsigned integer'.
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When this parameter is set to 'Smallest unsigned integer',
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box of the model.

If ASIC/FPGA is selected in the Hardware Implementation
pane, and Output type is Bit, the output data type is the ideal
minimum one-bit size, i.e., ufix1. For all other selections, it is an
unsigned integer with the smallest available word length large
enough to fit one bit, usually corresponding to the size of a char
(e.g., uint8).

If ASIC/FPGA is selected in the Hardware Implementation
pane, and Output type is Integer, the output data type is the
ideal minimum two-bit size, i1.e., ufix2. For all other selections,
it is an unsigned integer with the smallest available word length
large enough to fit two bits, usually corresponding to the size of a
char (e.g., uints8).

Derotate factor

This parameter only applies when the input is fixed-point and

Phase offset is not a multiple of %

This can be set to Same word length as input or Specify word
length, in which case a field is enabled for user input.

Accumulator

Specify the data type for the Accumulator. You can set this
parameter to Inherit via internal rule, Same as input or
Binary point scaling.

The Accumulator parameter only applies for fixed-point inputs.
The selections you make for the Rounding and Overflow
parameters affect the Accumulator.

For more information, refer to Specifying Fixed-Point Attributes
in the Signal Processing Blockset Getting Started Guide.
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Rounding
The block uses the Rounding method when the result of
a fixed-point calculation does not map exactly to a number
representable by the data type and scaling storing the result. For
more information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink Fixed Point documentation.

Overflow
Specify the method of storing the result when the magnitude of
a fixed-point calculation result that does not does not fit within
the range of the data type selected. You can select either Wrap or
Saturate for this parameter.

For more information refer to Overflow in the Precision and
Range subsection of the Signal Processing Blockset Getting
Started Guide.

Mapping input
This can be set to Same as accumulator or Binary point
scaling. This parameter only applies for fixed-point inputs.

Pair Block OQPSK Modulator Baseband

See Also QPSK Demodulator Baseband
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Purpose

Library

Description
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L e

OQFSK

Modulate using 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.

Note The OQPSK modulator block upsamples by a factor of 2.

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.

For integer inputs, the block can accept the data types int8, uints,
int16, uint16, int32, uint32, single, and double. For bit inputs, the
block can accept int8, uint8, int16, uint16, int32, uint32, boolean,
single, and double.

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 following
figure. If the block’s Phase offset parameter is nonzero, then this
constellation is rotated by that parameter value.
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Sample-Based Inputs

For sample-based inputs, the output sample time equals half of the
input symbol period.

¢ In bit input mode, the input must be of length two.

¢ In integer input mode, the input must be a scalar value.

If the input is a sample-based scalar, then the block outputs a single

integer symbol for each time step. In this case, the sample-based input
symbol period is half the output symbol period.
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3

Constant

(Sample time = 1)

Frame-Based Inputs

I*ocnes(d,1)

L

| coFsK

—»

Ts:[0 0]

QP 3K Modulator Baseband
{Input Type = Integer)

Probe

——»

Ts:[0 0]

Integer to Bit
——— OQPSK
Converter
Integer to Bit  ooPSK Modulstor Bessband
Converter

{Input Type = Bit)

g

Constant

{Frame pericd = 8)

Integer to Bit
Converter

Integer to Bit
Converter

-

Probe1

To open the completed model, click here in the MATLAB Help browser

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 period of each output sample is half the period of each integer or
bit pair in the input.

COPSK —m{ T=[00]

OPS5K Modulator Baseband Probe
{Input Type = Integer)

DOPSK ———={ T=[0 0]

OQPSK Modulator Baseband Probe1

{Input Type = Bit)
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To open the completed model, click here in the MATLAB Help browser

Delays

The modulator-demodulator pair incurs a delay, as described in “Delays
in Digital Modulation”.

L]
Dialog x
BOX —OQPSK Modulator Baseband

Modulate the input signal using the offset quadrature phase shift keying method.

The input can be either bits or integers. In case of sample-based bit input, the
input width must be two. In case of frame-based bit inputs, the input width must
be an integer multiple of two. For sample-based integer input, the input must be a
scalar. For frame-based integer input, the input must be a column vector. In case
of frame-based input, the width of the output frame equals two times the number
of symbols, In case of sample-based input, the output sample time equals the
symbol period divided by two.

Main Data Types I

Parameters

Phase offset({rad): ID
Input type: IInhegEr LI

OK. I Cancel Help | Apply |

Phase offset (rad)

The amount by which the phase of the zeroth point of the signal
constellation is shifted from /4.

Input type
Indicates whether the input consists of integers or pairs of bits.

Output data type

The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.

Setting this parameter to Fixed-point or User-defined enables
fields in which you can further specify details. Setting this
parameter to Inherit via back propagation, sets the output
data type and scaling to match the following block.
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Pair Block
See Also
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Output word length

Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.

User-defined data type

Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point. This parameter
1s only visible when you select User-defined for the Output
data type parameter.

Output fraction length

Specify the scaling of the fixed-point output by either of the
following methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point for the
Output data type parameter or when you select User-defined
and the specified output data type is a fixed-point data type.

Output fraction length

For fixed-point output data types, specify the number of fractional
bits, or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
the Output data type parameter and User-defined for the Set
output fraction length to parameter.

OQPSK Demodulator Baseband

QPSK Modulator Baseband
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Purpose

Library

Description

OS5TBC

Combiner

cEst

O5TBC Combin

Combine inputs for received signals and channel estimate according to
orthogonal space-time block code (OSTBC)

MIMO

The OSTBC Combiner block combines the input signal (from all of the
receive antennas) and the channel estimate signal to extract the soft
information of the symbols encoded by an OSTBC. The input channel
estimate may not be constant during each codeword block transmission
and the combining algorithm uses only the estimate for the first symbol
period per codeword block. A symbol demodulator or decoder would
follow the Combiner block in a MIMO communications system.

The block conducts the combining operation for each symbol
independently. The combining algorithm depends on the structure
of the OSTBC. For more information, see the OSTBC Combining
Algorithms section of this help page.

Dimension

Along with the time and spatial domains for OSTBC transmission,

the block supports an optional dimension, over which the combining
calculation is independent. This dimension can be thought of as

the frequency domain for OFDM-based applications. The following
illustration indicates the supported dimensions for inputs and output of
the OSTBC Combiner block.

(T/IR) x M Combiner —
— TxA1
(T/R) x N x M
B — .
Fx(TIR)xM Combiner —
R FxT
Fx(TIR)x Nx M

The following table describes each variable for the block.
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Variable Description

F The additional dimension;
typically the frequency
dimension. The combining
calculation is independent of this

dimension.
N Number of transmit antennas.
M Number of receive antennas.
T Output symbol sequence length
in time domain.
R Symbol rate of the code.

Note On the two inputs, T/R is the symbol sequence length in the
time domain.

F and M can be any positive integers. IN can be 2, 3 or 4, indicated by
Number of transmit antennas parameter. The time domain length
T/R must be a multiple of the codeword block length (2 for Alamouti; 4
for all other OSTBC). For N = 2, T/R must be a multiple of 2. When N >
2, T/R must be a multiple of 4. R defaults to 1 for 2 antennas. R can

be either % or % for more than 2 antennas.

The supported dimensions for the block depend upon the values of F and
M. For one receive antenna (M = 1), the received signal input must be a
column vector or a full 2-D matrix, depending on the value for F. The

corresponding channel estimate input must be a full 2-D or 3-D matrix.

For more than one receive antenna (M > 1), the received signal input
must be a full 2-D or 3-D matrix, depending on the value for F.
Correspondingly, the channel estimate input must be a 3-D or 4-D
matrix, depending on the value for F.
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To understand the block’s dimension propagation, refer to the following
table.

Input 1 Input 2 Output

(Received (Channel

Signal) Estimate)
F=1and M =1 | Column vector | 2-D Column vector
F=1andM>1|2-D 3-D Column vector
F>1landM=1|2-D 3-D 2-D
F>1landM>1|3-D 4-D 2-D

Data Type

The two input signals must have the same data types: double, single or
signed fixed-point. The output signal inherits the data type from the
inputs. The block supports different fixed-point properties for the two
inputs. For fixed-point signals, the output word length and fractional
length depend on the block’s mask parameter settings. See Fixed-Point
Signals for more information about fixed-point data propagation of
this block.

Frames

The output inherits the frameness of the received signal input. For
either column vector or full 2-D matrix input signal, the input can be
either frame-based or sample-based. A 3-D or 4-D matrix input signal
must have sample-based input.

OSTBC Combining Algorithms

The OSTBC Combiner block supports five different OSTBC combining
computation algorithms. Depending on the selection for Rate and
Number of transmit antennas, you can select one of the algorithms
shown in the following table.
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Transmit | Rate | Computational Algorithm per Codeword Block Length
Antenna
2 1
~ ® *
S\ 1 &[T utheira; |
$2 HHH2 j=1 h;,J r 1,j~ hl’j r ;,J
3 1/2
n # # *
[31 )_ 1 f hijrathe raths;rs;|
A - 2 * * *
S2) WHIF 33\ hojroj=hyjro=hs;ra;
3 3/4
) | u hijrajthyrs=hrg;
52 = 1P 2 ho, 7= ha7 2, hsﬂ"u
’ kg ag b it ha i
4 1/2
~ * * * &
(81 ]: 1 f hyjragtherathsjsirsthara;|
A 2 ES * * *
$2) I 53| hgjry—hjro +hajrs—hs;ra;
4 3/4

81 M
* * * ES
S =T Z ho 7= 11,7 2, it Ry j 73 j= ks T4,

hgjrijthajrojthyjrsjthy jry;

* * * *
by jrajthyjroj=—hsjrsj—hs;ry;
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§;, represents the estimated kth symbol in the OSTBC codeword
matrix. hij represents the estimate for the channel from the ith transmit
antenna and the jth receive antenna. The values of i and j can range
from 1 to N (the number of transmit antennas) and to M (the number of
receive antennas) respectively. r,; represents the /th symbol at the jth
receive antenna per codeword block. The value of [ can range from 1 to
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the codeword block length. |H|* represents the summation of channel

2

. . , NuM
power per link, i.e., [H| =Y Y
i=1j=1

h;

Fixed-Point Signals

Use the following formula for §; for Alamouti code with 1 receive
antenna to highlight the data types used for fixed-point signals.

* * * *
s M mathenran Mg nathaaren
1~ = P
HHHZ by gy Ry by

In this equation, the data types for Product output and Accumulator
correspond to the product and summation in the numerator. Similarly,
the types for Energy product output and Energy accumulator
correspond to the product and summation in the denominator.

Complex conjugats

Complax conjugsts

‘ Complex fixsd-point multipls | | Complex fixsd-point multipl | | Complex fixsd-point multiply | | Complex fixad-point multipls

Castbefors sum

Castbafors sum

Numerator
Denominator
-
MNormalization

Signal Flow Diagram for s, Combining Calculation of Alamouti Code
with One Receive Antenna
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The following formula shows the data types used within the OSTBC
Combiner block for fixed-point signals for more than one receive antenna
for Alamouti code, where M represents the number of receive antennas.

* * * * * *
s hii, rig1+he1re1thio g thooroot..t+hypyr iy +thopyrron
1 =

hythi +hothoy +hyohy g +hooho o + ...+ hyarhy ar +hoar ho ar

] L[] ] L]

Yy ¥ Yy ¥ Yy v Yy ¥
| Rasl produst | | Raal product | | Raal product | Raal product |
| | | Ea
Cast bat. sum | | Cast bat. sum | | Cast bat. sum | | Cat bat. sum |

|
«——— WL, FL,

subtraction Specifisd onmask

Signal Flow Diagram for Complex Multiply of a + ib and ¢ + id

For Binary point scaling, you can not specify WLp and FLp. Instead, the
blocks determine these values implicitly from WL, and FL,

The Internal Rule for Product output and Energy product output
are:
® When you select Inherit via internal rule, the internal rule

determines WLp and FLp. Therefore, WL, = WLp +1land FL, = FLp

® For Binary point scaling, you specify WL, and FL,. Therefore,
WL,= WL, -1 and FL,= FL,.
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Dialog
Box

For information on how the Internal Rule applies to the Accumulator
and Energy Accumulator, see Inherit via Internal Rule in the Signal
Processing Blockset User’s Guide.

E! Function Bleck Parameters: 0STBC Combiner x|

—OSTBC Combiner

Combine the received signal and channel estimate inputs in accordance with the structure
of the orthogonal space-time block code (OSTBC). The OSTBC can be rate 1 for 2
transmit antennas, rate 12 for 3 and 4 transmit antennas and rate 3/4 for 3 and 4
transmit antennas.

For one receive antenna, the received signal input must be a column vector or a full 2D
matrix. Correspondingly, the channel estimate input must be a full 2-D or 3-0 matrix. For
more than one receive antenna, the received signal input must be a full 20 or 3D
matrix. Correspondingly, the channel estimate input must be a 3-D or 4-D matrix.

Main Fixed-paint |
Parameters

Mumber of transmit antennas: |2

Led Lol

Mumber of receive antennas: I 1

oK I Cancel Help Apply

Block Parameters

Number of transmit antennas

Sets the number of transmit antennas. The block supports 2, 3, or
4 transmit antennas. This value defaults to 2.

Rate

Sets the symbol rate of the code. You can specify either 3/4 or
1/2. This field only appears when you use more than 2 transmit
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antennas. This field defaults to 3 for more than 2 transmit
antennas. For 2 transmit antenn%ls, there is no rate option and
the implicit (default) rate defaults to 1.

Number of receive antennas
The number of antennas the block uses to receive signal streams.
The block supports from 1 to 8 receive antennas. This value
defaults to 1.

E! Function Block Parameters: 0STBC Combiner x|

—OSTBC Combiner

Combine the received signal and channel estimate inputs in accordance with the structure
of the orthogonal space-time block code (OSTBC). The OSTBC can be rate 1 for 2
transmit antennas, rate 12 for 3 and 4 transmit antennas and rate 3/4 for 3 and 4
transmit antennas.

For one receive antenna, the received signal input must be a column vector or a full 2D
matrix. Correspondingly, the channel estimate input must be a full 2-D or 3-0 matrix. For
more than one receive antenna, the received signal input must be a full 20 or 3D
matrix. Correspondingly, the channel estimate input must be a 3-D or 4-D matrix.

Main Fixed-point |
Settings on this pane only apply when block inputs are fixed-point signals.

—Fixed-paint operational parameters
Rounding mode: IFIoor VI Cwverflaw mode: I'\-'-s'rap VI

—Fixed-paint algorithm parameters

Mode Signed
Product output: IInherit via internal rule ;I ‘fes
Accumulator: |Inherit via internal rule x| ves
Energy product output: IInherit via internal rule j ‘feg
Energy accumulator: IInherit via internal rule j ‘feg
Division output: ISame as accumulator ;I Yes

Ok I Cancel | Help | Apply
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Rounding mode
Sets the rounding mode for fixed-point calculations. The block
uses the rounding mode if a value cannot be represented exactly
by the specified data type and scaling. When this occurs, the value
is rounded to a representable number. For more information
refer to Rounding Mode Parameter in the Specifying Fixed-Point
Attributes section of the Signal Processing Blockset User’s Guide.

Overflow mode
Sets the overflow mode for fixed-point calculations. Use this
parameter to specify the method to be used if the magnitude of
a fixed-point calculation result does not fit into the range of the
data type and scaling that stores the result. For more information
refer to Overflow Mode Parameter in the Specifying Fixed-Point
Attributes section of the Signal Processing Blockset User’s Guide.

Product Output
Complex product in the numerator for the diversity combining.
For more information refer to the Fixed-Point Signals section of
this help page.

Accumulator
Summation in the numerator for the diversity combining.
For more information refer to Accumulator in the Specifying
Fixed-Point Attributes section of the Signal Processing Blockset
User’s Guide.

Energy product output
Complex product in the denominator for calculating total energy
in the MIMO channel .

Energy accumulator
Summation in the denominator for calculating total energy in
the MIMO channel.

Division output
Normalized diversity combining by total energy in the MIMO
channel.
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Examples

See Also

2-524

To see this block in use, open the example of OSTBC over a 3 x 2
Rayleigh Fading Channel model. To do so, type doc_ostbhc32 at the
MATLAB command line. The model shows the use of a rate % OSTBC
for 3 transmit and 2 receive antennas with BPSK modulation using
independent fading links and AWGN.

You can also see the block in the Concatenated OSTBC with TCM
demo by typing commtcmostbc or the IEEE 802.16-2004 OFDM
PHY Link, Including Space-Time Block Coding demo by typing
commwman80216dstbc at the MATLAB command line.

OSTBC Encoder
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Purpose
Library

Description

Encode input message using orthogonal space-time block code (OSTBC)
MIMO

The OSTBC Encoder block encodes an input symbol sequence using
orthogonal space-time block code (OSTBC). The block maps the input
symbols block-wise and concatenates the output codeword matrices
in the time domain. For more information, see the OSTBC Encoding
Algorithms section of this help page.

Dimension

The block supports time and spatial domains for OSTBC transmission.
It also supports an optional dimension, over which the encoding
calculation is independent. This dimension can be thought of as the
frequency domain. The following illustration indicates the supported
dimensions for the inputs and output of the OSTBC Encoder block.

—_— Encoder EE———
Tx1 (T/IR)x N
—_— Encoder EEEE———
FxT Fx(T/R)xN

The following table describes the variables.

Variable Description

F The additional dimension;
typically the frequency domain.
The encoding does not depend on
this dimension.

T Input symbol sequence length for
the time domain.
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Variable Description
R Symbol rate of the code.
N Number of transmit antennas.

Note On the output, T/R is the symbol sequence length in time domain.

F can be any positive integer. N can be 2, 3 or 4, indicated by Number
of transmit antennas. For N=2, R must be 1. For N=3 or 4, R
can be 3/4 or 1/2, indicated by Rate. The time domain length T must
be a multiple of the number of symbols in each codeword matrix.
Specifically, for N =2 or R = 1/2, T must be a multiple of 2 and when R
= 3/4, T'must be a multiple of 3.

To understand the block’s dimension propagation, refer to the following
table.

Dimension Input Output

F=1 Column vector 2-D

F>1 2-D 3-D
Data Type

The input signal must be double, single, or signed fixed-point. The
output signal inherits the data type from the input signal. For
fixed-point signals, the complex conjugation may cause overflows which
the fixed-point parameter Overflow mode must handle.

Frames

The output signal inherits frame type from the input signal. A column
vector input requires either frame-based or sample-based input;
otherwise, the input must be sample-based.
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OSTBC Encoding Algorithms

The OSTBC Encoder block supports five different OSTBC encoding
algorithms. Depending on the selection for Rate and Number of
transmit antennas, the block implements one of the algorithms in
the following table:

Transmit| Rate | OSTBC Codeword Matrix
Antenna
2 1
1 52
55 sf)
3 1/2
s S8 O
—s; s; 0
0 0 s
0 0 -sy
3 3/4
1 52 S3
—s; sik 0
s§ 0 —sik
0 sg —s;
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Transmit| Rate | OSTBC Codeword Matrix
Antenna
4 1/2
s s O 0
—s; s; 0 0
0 0 s 89
0 O —s; sI
4 3/4
§1 SS9  S3 0
—s; sik 0 S3
s; 0 —sik S9
0 s§ —s; —81

In each matrix, its (I, i) entry indicates the symbol transmitted from the
ith antenna in the /th time slot of the block. The value of i can range
from 1 to N (the number of transmit antennas). The value of [ can range

from 1 to the codeword block length.
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|

(]
Dialog x

Box —QSTBC Encoder

Encode the input message using an orthogonal space-time block code (QSTBC).
The OSTBC can be rate 1 for 2 transmit antennas, rate 1/2 or 3/4 for 3and 4
transmit antennas.

The input must be a column vector of length M or a full 2-0 matrix with N columns,
For & full matrix input, the rows are encoded independently by the encoder. N must
be a multiple of 2 if the OSTBC is for 2 transmit antennas or has rate 1/2, and a
multiple of 3 if the OSTBC has rate 3/4.

Main I Fixed-pointl

Parameters
’7Number of transmit antennas: |2 ;I

QK I Cancel Help | Apply |

Block Parameters

Number of transmit antennas
Sets the number of antennas at the transmitter side. The block
supports 2, 3, or 4 transmit antennas. The value defaults to 2.

Rate
Sets the symbol rate of the code. You can specify either 3/4 or
1/2. This field only appears when using more than 2 transmit

antennas. This field defaults to § for more than 2 transmit
antennas. For 2 transmit antennas, there is no rate option and
the rate defaults to 1.

2-529



OSTBC Encoder

=] Function Block Parameters: 0STBC Encoder |

— OSTBC Encoder

Encode the input message using an orthogonal space-time block code (QSTBC).
The OSTBC can be rate 1 for 2 transmit antennas, rate 1/2 or 3/4 for 3and 4
transmit antennas.

The input must be a column vector of length M or a full 2-0 matrix with N columns,
For & full matrix input, the rows are encoded independently by the encoder. N must
be a multiple of 2 if the OSTBC is for 2 transmit antennas or has rate 1/2, and a
multiple of 3 if the OSTBC has rate 3/4.

Main Fixed-paint |
Settings on this pane only apply when black inputs are fixed-point signals.

’7Fixed -point operational parameters

Overflow mode: I'\'-a'rap ;I

QK I Cancel | Help | Apply |

Overflow mode
Sets the overflow mode for fixed-point calculations. Use this
parameter to specify the method to be used if the magnitude of
a fixed-point calculation result does not fit into the range of the
data type and scaling that stores the result. For more information
refer to Overflow Mode Parameter in the Specifying Fixed-Point
Attributes section of the Signal Processing Blockset User’s Guide.

Examples To see this block in use, open the example of OSTBC over a 3 x 2
Rayleigh Fading Channel model. To do so, type doc_ostbhc32 at the
MATLAB command line. The model shows the use of a rate % OSTBC
for 3 transmit and 2 receive antennas with BPSK modulation using
independent fading links and AWGN

You can also see the block in the Concatenated OSTBC with TCM
demo by typing commtcmostbc. View the IEEE 802.16-2004 OFDM
PHY Link, Including Space-Time Block Coding demo by typing
commwman80216dstbc at the MATLAB command line.

See Also OSTBC Combiner
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Purpose

Library

Description

OWSF Code
Generator

Generate orthogonal variable spreading factor (OVSF) code from set
of orthogonal codes

Spreading Codes

The OVSF Code Generator block generates an OVSF code from a
set of orthogonal codes. OVSF codes were first introduced for 3G
communication systems. OVSF codes are primarily used to preserve
orthogonality between different channels in a communication system.

OVSF codes are defined as the rows of an N-by-N matrix, Cy, which is
defined recursively as follows. First, define C; = [1]. Next, assume that
Cy is defined and let Cy(k) denote the kth row of Cy. Define C,y by

Cy (0) Cy (0)
Cy(©)  —Cy(0)
Cy @ Cy (@
Con =| Cn —Cn (D)

Cy(N-1) Cy(N-1
|ICN(N-1) -Cy(N-1)]

Note that Cy is only defined for N a power of 2. It follows by induction
that the rows of Cy are orthogonal.

The OVSF codes can also be defined recursively by a tree structure,
as shown in the following figure.
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Ggo=011111111]  —
Go=01111] —
(gr=01111101] —
(=011 —
(ga=0111-11111] —
(=011 —
Gga=01-1111111 —
G0=01] —
(gq=0111-11111] —
(g=01-11-1] —
(gs=0111-11111 —
(g1 =01-1] —
(ge=011-111111] —
(q3=01-1-11] —
Gg7=0-111111-11 —
SF=1 SF=2 SF=4 SF=8

If [C] is a code length 2% at depth r in the tree, where the root has depth
0, the two branches leading out of C are labeled by the sequences [C C]
and [C -C], which have length 2'*!. The codes at depth r in the tree are
the rows of the matrix Cy, where N = 2",

Note that two OVSF codes are orthogonal if and only if neither code lies
on the path from the other code to the root. Since codes assigned to
different users in the same cell must be orthogonal, this restricts the
number of available codes for a given cell. For example, if the code C;
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in the tree is assigned to a user, the codes C,,, C,,, Cg,, Cqs, and so on,
cannot be assigned to any other user in the same cell.

Block Parameters

You specify the code the OVSF Code Generator block outputs by two
parameters in the block’s dialog: the Spreading factor, which is the
length of the code, and the Code index, which must be an integer in
the range [0, 1, ... , N - 1], where N is the spreading factor. If the code
appears at depth r in the preceding tree, the Spreading factor is 2-.
The Code index specifies how far down the column of the tree at depth
r the code appears, counting from 0 to N - 1. For Cy , in the preceding
diagram, N is the Spreading factor and % is the Code index.

You can recover the code from the Spreading factor and the Code
index as follows. Convert the Code index to the corresponding binary
number, and then add Os to the left, if necessary, so that the resulting
binary sequence x; x, ... x, has length r, where r is the logarithm base 2
of the Spreading factor. This sequence describes the path from the
root to the code. The path takes the upper branch from the code at
depth i if x; = 0, and the lower branch if x; = 1.

To reconstruct the code, recursively define a sequence of codes C, for as
follows. Let C, be the root [1]. Assuming that C, has been defined, for
i <r, define C,; by

C _ CiCi 1fxl =0
#1100 ifx =1

The code Cy has the specified Spreading factor and Code index.

For example, to find the code with Spreading factor 16 and Code
index 6, do the following:

1 Convert 6 to the binary number 110.
2 Add one 0 to the left to obtain 0110, which has length 4 = log, 16.

3 Construct the sequences C; according to the following table.
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i X; o

0 C,=[1]

1 0 C,=C, C, = [1] [1]

2 1 C,=C,-C,=[11][1-1]

3 1 C,=C,-Cy=[11-1-1][1-111]

4 0 C,=CyCy=[11-1-1-1-111][11-1-1-1-111]

The code C,has Spreading factor 16 and Code index 6.

.
qu Iog |5 Source Block Parameters: OVSF Code Generator x|
—OVSF Code Generator {mask) {ink]
Box

Generate an Orthogonal Variable Spreading Factor {OVSF) Code from a set of
orthogonal codes.

The code index parameter is an integer scalar in the range [0, N-1] where N is the
spreading factor. It corresponds to the bit-flipped row index of a Hadamard matrix
of size N x N, when that is incremented by 1, N must be an integer power of 2,

The output code is in & bipolar format with a {0, 1} to {1, -1} element mapping.

—Parameters

Spreading factor:

Code index:

]

Sample time:
|1

™ Frame-based outputs

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.
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See Also

Spreading factor
Positive integer that is a power of 2, specifying the length of the
code.

Code index
Integer in the range [0, 1, ... , N - 1] specifying the code, where N
is the Spreading factor.

Sample time
A positive real scalar specifying the sample time of the output
signal.

Frame-based outputs
Determines whether the output is frame-based or sample-based.

Samples per frame
The number of samples in a frame-based output signal. This field
1s active only if you select the Frame-based outputs check box.

Output data type
The output type of the block can be specified as an int8 or double.
By default, the block sets this to double.

Hadamard Code Generator, Walsh Code Generator
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Purpose
Library

Description
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FPhazel
Frequency
Offset

Apply phase and frequency offsets to complex baseband signal
RF Impairments

The Phase/Frequency Offset block applies phase and frequency offsets
to an incoming signal.

This block operates without any delay, and accepts real and complex
inputs of data type double or single. Its output data type matches
that of its input.

Phase Offset

The block applies a phase offset to the input signal, specified by the
Phase offset parameter.

Frequency Offset

The block applies a frequency offset to the signal that is specified by the
Frequency offsetparameter. Alternatively, this information may be
provided to the block through an input port that is enabled when the
Frequency offset from port checkbox is selected.

The block supports signals of single-samples, multiple-sample
single-channel frames, single-sample multi-channel frames, and
multi-sample multi-channel frames. The two block parameters can be
scalars, vectors, or matrices, as appropriate with the input signal’s
dimensions. If the input and frequency signals are both frame-based,
they must both have the same frame size. If the frequency signal is
multi-channel, it must have either one channel or the same number of
channels as the input signal. If it is not a scalar, the number of samples
in the channel must match the input signal.

The effects of changing the block’s parameters are illustrated by the
following scatter plots of a signal modulated by 16-ary quadrature
amplitude modulation (QAM). The usual 16-ary QAM constellation
without the effect of the Phase/Frequency Offset block is shown in the
first scatter plot:
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In-phase Amplitude
The following figure shows a scatter plot of an output signal, modulated

by 16-ary QAM, from the Phase/Frequency Offset block with Phase
offset set to 20 and Frequency offset set to 0:
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Cuadrature Amplitude
(o]
*
-

0.2 015 0.1 -0.05 a 0.05 0.1 015 0z
In-phase Amplitude

Observe that each point in the constellation is rotated by a 20 degree
angle counterclockwise.

If you set Frequency offset to 2 and Phase offset to 0, the angles of
points in the constellation change linearly over time. This causes points
in the scatter plot to shift radially, as shown in the following figure:
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Cuadrature Amplitude
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Note that every point in the scatter plot has magnitude equal to a point
in the original constellation.

See “Scatter Plot Examples” for a description of the model that
generates this plot.

1/O Ports

Only 1-D (unoriented) and 2-D ports are supported, as well as 2-D
frame-based (single or multichannel) ports.

Scalar (length-one) sample-based data ports are also supported, but
nonscalar sample-based ports are not.

Interdependent Parameter-Port Dimensions Table

Data 1/O No. | Data I/O Dim. | Frame | No. of |Freq. or Phase Offset
Frmstat of Size Channels| Parameter Dim.

Dim.
Any Any | Scalar 1 1 Scalar
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Data 1/0 No. | Data I/O Dim. | Frame | No. of | Freq. or Phase Offset
Frmstat of Size Channels| Parameter Dim.
Dim.
Frame-based 2 Mx1 M 1 M,Mx1,1xM,1,1x1
Frame-based 2 1xN 1 N N,Nx1,1xN,1,1x1
Frame-based 2 Mx N M N MxN,N,Nx1,1xN,1,
1x1

Sample-based | 2 M x 1 (Errors

— not currently

supported)
Sample-based | 2 1 x N (Errors

— not currently

supported)
Sample-based | 2 M x N (Errors

— not currently

supported)
Sample-based |1 L (Errors —

not currently

supported)

2-540



Phase/Frequency Offset

Dialog
Box

See Also

JFunction Block Parameters: Phase/ Frequency Offs x|

—Phase/Frequency Offzet [mask)

Apply a frequency and phase offset to the input zsignal.

=
F

[~ Frequency affset from port
Frequency offzet [Hz):

Jo

Fhase offzet [deg):

Jo

OF, Cancel | Help | Apply

Frequency offset from port
Selecting this option opens a port on the block through which you
can input the frequency offset information.

Frequency offset
Specifies the frequency offset in hertz.

Phase offset
Specifies the phase offset in degrees.

If Frequency offset and Phase offset are both vectors or both

matrices, their dimensions (vector lengths, or number of rows and
columns) must be the same.

Phase Noise
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Purpose

Library

Description
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FLL

Filt
FI
WO

Implement phase-locked loop to recover phase of input signal
Components sublibrary of 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 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, cheby1, and
cheby?2 in Signal Processing Toolbox software. The default filter is
a Chebyshev type II filter whose transfer function arises from the
command below.

[num, den] = cheby2(3,40,100,'s")

e 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

CBlock Parameters: Phase-Locked Loop 2=l

—Phase-Locked Loop [mask)

Implement a phase-locked loop. The three outputs are: the lowpass filker output, the
phaze detector output, and the voltage controlled oscillator [WCO) output. The input
must be a sample-bazed scalar signal.

=
F

Lowpazs filker numeratar:

0z
Lowpass filker denominator:
I[‘I E7.46 2270.9 40002]
WO input sensitivity [HzAf):
Jh

WO quiescent frequency [Hz):
J100

WCO initial phaze [rad]:

Jo

WO output amplitude [V]:

1

Ok I Lancel | Help Apply

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.
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See Also

References

2-544

VCO initial phase (rad)
The initial phase of the VCO signal.

VCO output amplitude
The amplitude of the VCO signal.
Baseband PLL, Linearized Baseband PLL, Charge Pump PLL

For more information about phase-locked loops, see the works listed
in “Selected Bibliography for Synchronization” in Communications
Blockset User’s Guide.
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Purpose
Library

Description

Phaze
Noise

Apply receiver phase noise to complex baseband signal
RF Impairments

The Phase Noise block applies phase noise to a complex, baseband
signal. The block applies the phase noise as follows:

1 Generates additive white Gaussian noise (AWGN) and filters it with
a digital filter.

2 Adds the resulting noise to the angle component of the input signal.
The Phase Noise block generates phase noise over the entire spectral

observation window, from 0 Hz (or as close as possible to 0 Hz) to +-8

where F_ represents the sampling frequency. The noise is scaled so tﬁat
it is at the block-specific phase noise level at the specified frequency

. 1 .
offset. The block generates a phase noise with — characteristic over
the entire frequency range.

You can view the block’s implementation of phase noise by right-clicking
on the block and selecting Look under mask. This displays the
following figure:

(T—p| Ches

Input Signal
In1

DF2T
MNoise Source

L 2

Moize Source Digital Filter Magnitude-Angle
1o Complesx

You can view the construction of the Noise Source subsystem by
double-clicking it.
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The effects of changing the block’s parameters are illustrated by the
following scatter plots of a signal modulated by 16-ary quadrature
amplitude modulation (QAM). The usual 16-ary QAM constellation
without distortion is shown in the first scatter plot:

0.2
0.15
D1 * * * *
o
= 005
% * * * *
Z
wm D
=
o
'13 * * * *
3-0.05
D1 * * * *
0.15
0.2
D2 015 01 005 0 00s 01 015 02

In-phase Amplitude
The following figure shows a scatter plot of an output signal, modulated

by 16-ary QAM, from the Phase Noise block with Phase noise level
(dBc/Hz) set to -70 and Frequency offset (Hz) set to 100:
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This plot is generated by the model described in “Scatter Plot Examples”
with the following parameter settings for the Rectangular QAM
Modulator Baseband block:

¢ Normalization method set to Average Power

* Average power (watts) set to 1e-12
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Dialog
Box

See Also

References
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E1Block Parameters: Phase Noise 2=l

—Phasze Moise [mask]

Complex bazeband model of receiver phase noize.

The output of thiz black is noise with a spectrum characterized by a 1/f slope. The
level of the spectium iz specified by the noize power contained in a one hertz
bandwidth offset from the carier by a certain frequency.

FPhase noize level [dBc/Hz):
-1 20

Frequency offzet [Hz):
J10a

Initial seed:

|17

Ok | Lancel | Help | Apply

Phase noise level (dBc/Hz)
Scalar specifying the phase noise level.

Frequency offset (Hz)
Scalar specifying the frequency offset in Hertz.

Initial seed
Nonnegative integer specifying the initial seed for the random

number generator the block uses to generate noise.

Phase/Frequency Offset

[1] Kasdin, N.dJ., "Discrete Simulation of Colored Noise and Stochastic
Processes and 1/(f*alpha); Power Law Noise Generation," The
Proceedings of the IEEE, May, 1995, Vol. 83, No. 5
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Purpose
Library

Description

LT T

Fhd

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.

For best results, use a carrier frequency which is estimated to be
larger than 10% of your input signal’s sample time. This is due to the
implementation of the Hilbert transform by means of a filter.

In the following example, we sample a 10Hz input signal at 8000
samples per second. We then designate a Hilbert Transform filter
of order 100. Below is the response of the Hilbert Transform filter as
returned by fvtool.
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-} Figure 1: Filter ¥isualization Tool - Magnitude (dB) and Phase Re onses =10l x|
Eile Edit Analysis Insert Wew ‘Window Help - u
DR KOTNNNR 220X 12k

M2 20 BLORE

Magnitude (dB) and Phase Responzses

10 ¢ T T

Magnitude (dB)
Phase (radianz)

501 f ' ' ' ' | -160
05 1 15 2 25 < 35
Frequency (kHz)

Note the bandwidth of the filter’s magnitude response. By choosing

a carrier frequency larger than 10% (but less than 90%) of the input
signal’s sample time (8000 samples per second, in this example) or
equivalently, a carrier frequency larger than 400Hz, we ensure that
the Hilbert Transform Filter will be operating in the flat section of the
filter’s magnitude response (shown in blue), and that our modulated
signal will have the desired magnitude and form.

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.
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This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.

.
Dla Iog E! Function Block Parameters: PM Demodulator Passk ll
—Pr Demodulator Passband [mask] [link]
Box ,

Demodulate a phaze modulated signal. The input signal must be a sample-bazed
zcalar. The output iz & 1-D sample-bazed scalar.

Carrier frequency [Hz):
[Em
Initial phaze [rad]:

Jo

Phase deviation [rad]:
pii2

Hilbert tranzform filker order [must be even]:
J100

QK I Cancel | Help Apply

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

Frequency deviation (Hz)
The phase deviation of the carrier frequency in radians.
Sometimes it is referred to as the "variation" in the phase.

Hilbert transform filter order
The length of the FIR filter used to compute the Hilbert transform.

Pair Block PM Modulator Passband
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Purpose

Library

Description

A

Fhd

Dialog
Box

2-552

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(f) as a function of time ¢, then the output is
cos(2nf t + K u(t) + 6)

where f, is the Carrier frequency parameter, 0 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. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.

JFunction Block Parameters: PM Modulator Pass| x|

—Pr Modulator Pazsband [mask)] [link]

Modulate the input signal uging the phase modulation method. The input signal must
be a sample-bazed scalar. The output is a 1-0 zample-based scalar.

=
F

Carrier frequency [Hz):
500
Initial phaze [rad]:

Jo

Phase deviation [rad]:
pii2

QK I Cancel Help Apply
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Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The initial phase of the carrier in radians.

Phase deviation
The phase deviation of the carrier frequency in radians. This is
sometimes referred to as the "variation" in the phase.

Pair Block PM Demodulator Passband
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Purpose

Library

Description

2-554

FH Sequence
Generator

Generate pseudonoise sequence
Sequence Generators sublibrary of Comm Sources

The PN Sequence Generator block generates a sequence of
pseudorandom binary numbers using a linear-feedback shift register
(LFSR). The LFSR is implemented using a simple shift register
generator (SSRG, or Fibonacci) configuration. A pseudonoise sequence
can be used in a pseudorandom scrambler and descrambler. It can also
be used in a direct-sequence spread-spectrum system.

The PN Sequence Generator block uses a shift register to generate
sequences, as shown below.

(® XOR addition

;
|

9r gr—1[ 9r2 [ 94 Y
r-1 r-2 --- 0
M4 M2 Mo
®
Output

»
»

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 is described by
the Generator Polynomial parameter, which is a primitive binary
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polynomial in z, g z"+g,  z"'+g ,z"?+...+g,. The coefficient g, is 1 if
there is a connection from the kth register, as labeled in the preceding
diagram, to the adder. The leading term g, and the constant term

g, of the Generator Polynomial parameter must be 1 because the
polynomial must be primitive.

You can specify the Generator polynomial parameter using either of
these formats:

® A vector that lists the coefficients of the polynomial in descending
order of powers. The first and last entries must be 1. Note that the
length of this vector is one more than the degree of the generator
polynomial.

® A vector containing the exponents of z for the nonzero terms of the
polynomial in descending order of powers. The last entry must be 0.

For example, [1 0 0 0 0 0 1 0 1] and [8 2 0] represent the same

polynomial, p(z) = z& + z2 + 1.

The Initial states parameter is a vector specifying the initial values of

the registers. The Initial states parameter must satisfy these criteria:

e All elements of the Initial states vector must be binary numbers.

® The length of the Initial states vector must equal the degree of the
generator polynomial.

Note At least one element of the Initial states vector must be
nonzero in order for the block to generate a nonzero sequence. That
1s, the initial state of at least one of the registers must be nonzero.

For example, the following table indicates two sets of parameter values
that correspond to a generator polynomial of p(z) = z8 + z2 + 1.
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Quantity Example 1 Example 2

Generator |g1 = [1 0000010 g2 = [8 2 0]
polynomial | 1]

Degree of 8, which is 1ength(g1)-1 |8
generator
polynomial

Initial [10O0O0O0O0T1O0] [100O0O0O0T1O0]
states

Output mask vector (or scalar shift value) shifts the starting point
of the output sequence. With the default setting for this parameter, the
only connection is along the arrow labeled m,, which corresponds to a
shift of 0. The parameter is described in greater detail below.

You can shift the starting point of the PN sequence with Output mask
vector (or scalar shift value). You can specify the parameter in
either of two ways:

® An integer representing the length of the shift
® A binary vector, called the mask vector, whose length is equal to the

degree of the generator polynomial

The difference between the block’s output when you set OQutput mask
vector (or scalar shift value) to 0, versus a positive integer d, is
shown in the following table.

T =

T=0 T=1 T=2 .. T=d d+1

Shift=0 «x, X, X, x4 Xqiq
Shift=d x, Xgiq Xgio Xoq Xoqe1

Alternatively, you can set OQutput mask vector (or scalar shift
value) to a binary vector, corresponding to a polynomial in z, m_,z"!
+m, ,z"% + ... + m;z + m, of degree at most r-1. The mask vector



PN Sequence Generator

corresponding to a shift of d is the vector that represents m(z) = zd
modulo g(z), where g(z) is the generator polynomial. For example,

if the degree of the generator polynomial is 4, then the mask vector
corresponding tod =21is [0 1 0 0], which represents the polynomial
m(z) = z2. The preceding schematic diagram shows how Output mask
vector (or scalar shift value) is implemented when you specify it
as a mask vector. The default setting for Output mask vector (or
scalar shift value) is 0. You can calculate the mask vector using the
Communications Toolbox function shift2mask.

You can use an external signal to reset the values of the internal shift
register to the initial state by selecting the Reset on nonzero input
check box. This creates an input port for the external signal in the PN
Sequence Generator block. The way the block resets the internal shift
register depends on whether its output signal and the reset signal are
sample-based or frame-based. The following example demonstrates
the possible alternatives.

Example: Resetting a Signal

Suppose that the PN Sequence Generator block outputs [1 0 0 1 1 0
1 1] when there is no reset. You then select the Reset on nonzero
input check box and input a reset signal [0 0 0 1]. The following table
shows three possibilities for the properties of the reset signal and the
PN Sequence Generator block.

PN Sequence
Reset Signal Generator Reset Signal, Output
Properties block Signal
Sample-based Sample-based Reset
Sample time =1 | Sample time=1 | 0 0 0
100 001 1011
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PN Sequence
Reset Signal Generator Reset Signal, Output
Properties block Signal
Frame-based Frame-based Reset
Sample time =1 | Sample time=1 | 0 0 0
Samples per Samples per 10 0[1f0o0 1T 1011
frame = 2 frame = 2
Sample-based Frame-based Reset
Sample time =2 | Sample time=1 | 0 0 0
Samples per Samples per 1001 00[1j00T T 011
frame = 1 frame = 2

In the first two cases, the PN sequence is reset at the fourth bit, because
the fourth bit of the reset signal is a 1 and the Sample time is 1. Note
that in the second case, the frame sizes are 2, and the reset occurs at
the end of the second frame.

In the third case, the PN sequence is reset at the seventh bit. This is
because the reset signal has Sample time 2, so the reset bit is first
sampled at the seventh bit. With these settings, the reset always occurs
at the beginning of a frame.

Attributes of Output Signal

If the Frame-based outputs box is selected, 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.

Sequences of Maximum Length

If you want to generate a sequence of the maximum possible length
for a fixed degree, r, of the generator polynomial, you can set
Generator polynomial to a value from the following table. See [1]
for more information about the shift-register configurations that these
polynomials represent.
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Generator
r Polynomial r Generator Polynomial
2 [2 1 0] 21 [21 19 O]
3 [3 2 0] 22 [22 21 0]
4 [4 3 0] 23 [23 18 O]
5 [5 3 0] 24 [24 23 22 17 O]
6 [6 5 0] 25 [25 22 0]
7 [7 6 0] 26 [26 25 24 20 O]
8 [8 6 54 0] 27 [27 26 25 22 0]
9 [9 5 0] 28 [28 25 0]
10 [10 7 O] 29 [29 27 0]
11 [11 9 0] 30 [30 29 28 7 0]
12 [12 11 8 6 0] 31 [31 28 0]
13 [13 12 10 9 0] 32 [32 31 30 10 O]
14 [14 13 8 4 0] 33 [33 20 0]
15 [15 14 0] 34 [34 15 14 1 0]
16 [16 15 13 4 0] 35 [35 2 0]
17 [17 14 0] 36 [36 11 O]
18 [18 11 O] 37 [37 12 10 2 0]
19 [19 18 17 14 0] 38 [38 6 5 1 0]
20 [20 17 0] 39 [39 8 0]
40 [40 5 4 3 0] 47 [47 14 O]
41 [41 3 0] 48 [48 28 27 1 0]
42 [42 23 22 1 0] 49 [49 9 0]
43 [43 6 4 3 0] 50 [60 4 3 2 0]
44 [44 6 5 2 0] 51 [51 63 10]
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Generator
r Polynomial r Generator Polynomial
45 [45 4 3 1 0] 52 [52 3 0]
46 [46 21 10 1 0] 53 [636210]

Example of PN Sequence Generation

This example clarifies the operation of the PN Sequence Generator
block by comparing the output sequence from the library block with
that generated from primitive Simulink blocks.

This model is located at:
matlabroot/help/toolbox/commblks/examples/doc_pnseq2. If you
are reading this reference page in the MATLAB Help Browser, type
doc_pnseq2 to open the model.

|[PN Sequence Generation |

FM Sequence
Generator

| pn

FM Sequence
Generator

To Waotkspace

piEI==zfi+z+1
il
XOR [T
1
"' >
Logical |:|
Operator =
Ll
1 1 1 1 1 1 Scope
_ I —_ I —_ I _ [ - [ - I
Ll Ll Ll Ll Ll
z z z z z z
Unit Delayd Unit Delays Unit Delayd Unit Delay3| Unit Delay2 Unit Drelayd
L
>
o ZOR - pr_sl
Ll
L To Mhatkepace]
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For the chosen generator polynomial, p(z) = PR 1, the model
generates a PN sequence of period 63, using both the library block and
corresponding Simulink blocks. It shows how the two parameters,
Initial states and Output mask vector (or scalar shift value), are
interpreted in the latter schematic.

You can experiment with different initial states, by changing the value
of Initial states prior to running the simulation. For all values, the
two generated sequences are the same.

Using the PN Sequence Generator block allows you to easily generate
PN sequences of large periods.
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E! Source Block Parameters: PN Sequence General ﬂ

— PM Sequence Generatar [mask)] [link]

Generate a pgeudorandom noize [PM] sequence using a linear feedback shift register
[LFSR). The LFSF iz implemented uzing a simple shift register generator [SSRG, or
Fibonacci] configuration.

The 'Generator polynomial parameter values specify the shift register connections. Enter
thesze values as either a binary vector or a descending-ordered polynomial. For the binary
wectar representation, the first and last elements of the vector must be 1. For the
descending-ordered polynomial representation, the last element of the vector must be 0.

The 'Initial states' parameter iz a binary vector that represents the starting state of the
zhift register.

The 'Output mask source’ may be from a dialog parameter or an input port. The 'Output
mask vector' iz a binary vector coresponding to the shift register states that are to be
#OFRed to produce the output sequence values. Alkernatively, you may enter an integer
‘zalar shift value' to produce an equivalent advance or delay in the output sequence.

— P |
F

Generator polynomial:
Jnoooot)

Initial states:
Jooooo1

Output mask source: IDiang parameter LI
Output mask vector [or scalar shift value]:

Jo
Sample time:
Ji

™ Frame-bazed outputs

™ Reset on nonzero input
™ Enable bit-packed outputs
Output data type: |double LI

QK I Cancel | Help |

Dialog

Box Opening this dialog box causes a running simulation to pause.

See “Changing Source Block Parameters” in the online Simulink
documentation for details.

Generator polynomial
Polynomial that determines the shift register’s feedback
connections.

Initial states
Vector of initial states of the shift registers.
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Output mask source
Specifies how output mask information is given to the block.

When set to Dialog parameter, the field Output mask vector
(or scalar shift value) is enabled for user input. When set to
Input port, a port appears on the block icon for output mask
vector (or scalar shift value) input.

Output mask vector (or scalar shift value)
This field is available only when Output mask source is set to
Dialog parameter.

Integer scalar or binary vector that determines the delay of the
PN sequence from the initial time. If you specify the shift as a

binary vector, the vector’s length must equal the degree of the

generator polynomial.

Sample time
Period of each element of the output signal.

Frame-based outputs
Determines whether the output is frame-based or sample-based.

Samples per frame
The number of samples in a frame-based output signal. This field
1s active only if you select the Frame-based outputs check box.

Reset on nonzero input
When selected, you can specify an input signal that resets the
internal shift registers to the original values of the Initial states
parameter.

Enable bit-packed outputs
When selected, the field Number of packed bits and the option
Interpret bit-packed values as signed is enabled.

Number of packed bits
Indicates how many bits to pack into each output data word
(allowable range is 1 to 32).
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Interpret bit-packed values as signed
Indicates whether packed bits are treated as signed or unsigned
integer data values. When selected, a 1 in the most significant bit
(sign bit) indicates a negative value.

Output data type
By default, this is set to double.

When Enable bit-packed outputs is not selected, the output
data type can be specified as a double, boolean, or Smallest
unsigned integer. When the parameter is set to Smallest
unsigned integer, the output data type is selected based on
the settings used in the Hardware Implementation pane

of the Configuration Parameters dialog box of the model. If
ASIC/FPGA is selected in the Hardware Implementation pane,
the output data type is the ideal minimum one-bit size, i.e.,
ufix (1). For all other selections, it is an unsigned integer with
the smallest available word length large enough to fit one bit,
usually corresponding to the size of a char (e.g., uint8).

When Enable bit-packed outputs is selected, the output data
type can be specified as double or Smallest integer. When

the parameter is set to Smallest integer, the output data type
is selected based on Interpret bit-packed values as signed,
Number of packed bits, and the settings used in the Hardware
Implementation pane of the Configuration Parameters dialog
box of the model. If ASIC/FPGA is selected in the Hardware
Implementation pane, the output data type is the ideal
minimum n-bit size, i.e., sfix(n) or ufix(n), based on Interpret
bit-packed values as signed. For all other selections, it is a
signed or unsigned integer with the smallest available word
length large enough to fit n bits.

See Also Kasami Sequence Generator, Scrambler

References [1] Proakis, John G., Digital Communications, Third edition, New York,
McGraw Hill, 1995.
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[2] Lee, J. S., and L. E. Miller, CDMA Systems Engineering Handbook,
Artech House, 1998.

[3] Golomb, S.W., Shift Register Sequences, Aegean Park Press, 1967.
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Purpose

Library

Description

2-566

Pl o

Foizson int

Generate Poisson-distributed random integers
Random Data Sources sublibrary of Comm Sources

The Poisson Integer Generator block generates random integers using
a Poisson distribution. The probability of generating a nonnegative
integer k is

AF exp(—0) /(R!)

where A is a positive number known as the Poisson parameter.

You can use the Poisson Integer 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” in Communications
Blockset User’s Guide 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

x

—Poiszon Integer Generator (mask) (ink)

Generate Poisson distributed random integers,

—Parameters
Lambda:
(B

Initial seed:

|43
Sample time:
|1

™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

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.
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See Also

2-568

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.

Output data type
The output type of the block can be specified as a double, ints8,
uint8, int16, uint16, int32, or uint32. By default, the block
sets this to double.

Random Integer Generator; poissrnd (Statistics Toolbox)
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Purpose
Library

Description

Functure

Output elements which correspond to 1s in binary Puncture vector
Sequence Operations

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 1s between 1 and K. The preserved elements appear in the
output vector in the same order in which they appear in the input vector.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of the
output will be the same as that of the input signal.

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).
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L]
DIO |Og E! Block Parameters: Puncture 2]l
—Puncture [mazk]
Box ,

Output the elements which corespond to 1'z in the binary Puncture vector.

For zample-based inputs, the length of the input must equal the length of the
Puncture wectar.

For frame-based inputs, if the length of the Puncture vector iz less than the length of
the input signal, the block repeats the Puncture vectar pattern ta cover all input
elements.

=
F

Puncture vectar:
110101

Ok | Lancel Help Apply

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.
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N/
Puncture Shading Key for Input Vector
Y = Remove entry when creating output

l . = Preserve entry in output

See Also Insert Zero
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QPSK Demodulator Baseband

Purpose Demodulate QPSK-modulated data
Librclry 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
iy is 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. The block accepts
the data types double, single, and signed fixed-point (for both
hard-decision modes and soft decision modes).

Algorithm

constellation
mapping to
input DT {0, 1, 2, 3}
symbol index

u |

Re

v

Q . .
Im »[  (simple sign

input DT comparisons)

symbol
index
(integer)

A4

output
formatting
(and data
type casting)

l Output DT

Hard-Decision QPSK Demodulator Signal Diagram for Trivial Phase

Offset (odd multiple of g)
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......................

input DT
Re — > X >
| 'y |
E + input DT g
! Q input DT ey
Im [— > X > '
: Y E
: > input DT '
. " x T, :
: Q-
: _ input DT
: > input DT )
| "| % > |
5 input DT ;
| cos(Phase offset — mt/4)
E input DT ;
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5 : type casting)
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: /4 Phase offset ! lOUtp“t o1

Hard-Decision QPSK Demodulator Fixed-Point Signal Diagram for
Nontrivial Phase Offset

The exact LLR and approximate LLR cases (soft-decision) are described
in “Exact LLR Algorithm” and “Approximate LLR Algorithm” in the
Communications Toolbox User’s Guide.
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Dialog
Box

E! Function Block Parameters: QPSK Modulator Base
—QPSK Modulator Baseband

Modulate the input signal using the quaternary phase shift keying method.

The input can be either bits or integers. The input can be either binary-mapped or
Gray-mapped into symbols,

In case of sample-based bit input, the input width must be two. In case of frame-
based bit input, the input width must be an integer multiple of two. For sample-

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

Main Data Types I

Parameters

Phase offset{rad): Ipi_-"4

Constellation ordering: IBinar‘r' LI
Input type: IIntegEr LI

View Constellation |

OK. I Cancel | Help | Apply

Phase offset (rad)

The phase of the zeroth point of the signal constellation.

Constellation ordering

Determines how the block maps each integer to a pair of output

bits.

Output type

Determines whether the output consists of integers or bits.

If the Output type parameter is set

to Integer and

Constellation ordering is set to Binary, then the block maps

the point

exp(jO + jum/2)

to m, where 0 is the Phase offset parameter and m is 0, 1, 2, or 3.
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The reference page for the QPSK Modulator Baseband block
shows the signal constellations for the cases when Constellation
ordering is set to either Binary or Gray.

If the Output type is set to Bit, then the output contains pairs of
binary values if Decision type is set to Hard decision.

If the Decision type is set to Log-1likelihood ratio or
Approximate log-likelihood ratio, then the output contains
bitwise LLR or approximate LLR values, respectively.

Decision type

This field appears when Bit is selected in the drop-down list
Output type.

Specifies the use of hard decision, LLR, or approximate

LLR during demodulation. See “Exact LLR Algorithm” and
“Approximate LLR Algorithm” in the Communications Toolbox
User’s Guide for algorithm details.

Noise variance source

This field appears when Approximate log-likelihood ratio or
Log-likelihood ratio is selected for Decision type.

When set to Dialog, the noise variance can be specified in the
Noise variance field. When set to Port, a port appears on the
block through which the noise variance can be input.

Noise variance

This parameter appears when the Noise variance source is set
to Dialog and specifies the noise variance in the input signal.
This parameter is tunable in normal mode, Accelerator mode and
Rapid Accelerator mode.

If you use the Real-Time Workshop® rapid simulation (RSIM)
target to build an RSIM executable, then you can tune the
parameter without recompiling the model. This is useful for Monte
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Carlo simulations in which you run the simulation multiple times
(perhaps on multiple computers) with different amounts of noise.

The LLR algorithm involves computing exponentials of very large
or very small numbers using finite precision arithmetic and would
yield:

e Inf to -Inf if Noise variance is very high
¢ NaN if Noise variance and signal power are both very small

In such cases, use approximate LLR, as its algorithm does not
involve computing exponentials.

EJFunction Block Parameters: QPSK Demodulator Baseband x|

— BPSK Demodulator Baseband

Demodulate the input signal using the quaternary phaze shift keying method.
For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column vector,

The output can be either bits or integers. For bit output, the output width is an integer multiple of the number of
bits per symbal. In this case, Decision type parameter allows a choice between Hard decision demodulation,
Log-likelihood ratio and Approximate log-likelihood ratio. The output values for Log-likelihood ratio and
Approximate log-likelihood ratio Decizion types are of the same data type az the input values. For integer output,
the block always performs Hard decizion demodulation.

tain Data Types

Output: {Inherit via internal rule LI

Fixed-point algorithm p

Settings below apply only when block inputs are fised-point zsignals.

Mode Signed ‘“word Length Fraction Length Rounding Overflow

Derctate raCtU“ISame word length as input VIYes Same az input Best precision  Mearest  Saturate

QK I Cancel Help Apply

Data Types Pane for Hard-Decision

Output
For bit outputs, when Decision type is set to Hard decision, the
output data type can be set to 'Inherit via internal rule',
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‘Smallest unsigned integer', double, single, int8, uint8,
int16, uint16, int32, uint32, or boolean.

For integer outputs, the output data type can be set to 'Inherit
via internal rule', 'Smallest unsigned integer', double,
single, int8, uint8, int16, uint16, int32, or uint32.

When this parameter is set to ' Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is a floating-point type (single or double).
If the input data type 1s fixed-point, the output data type will work
as if this parameter is set to 'Smallest unsigned integer'.

When this parameter is set to 'Smallest unsigned integer',
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box of the model.

If ASIC/FPGA is selected in the Hardware Implementation
pane, and Output type is Bit, the output data type is the ideal
minimum one-bit size, 1.e., ufix(1). For all other selections, it
is an unsigned integer with the smallest available word length
large enough to fit one bit, usually corresponding to the size of a
char (e.g., uints8).

If ASIC/FPGA is selected in the Hardware Implementation
pane, and Output type is Integer, the output data type is the
ideal minimum two-bit size, i.e., ufix(2). For all other selections,
it is an unsigned integer with the smallest available word length
large enough to fit two bits, usually corresponding to the size of a
char (e.g., uints8).

Derotate factor

This parameter only applies when the input is fixed-point and

Phase offset is not an odd multiple of g
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Pair Block
See Also

This can be set to Same word length as input or Specify word
length, in which case a field is enabled for user input.

EJFunction Block Parameters: QPSK Demodulator Baseband x|

-

r~ OPSK Demodulator Baseband J=

Demodulate the input signal using the quaternary phaze shift keying method.

For sample-bazed input, the input must be a scalar. For frame-bazed input, the input must be a column
wector.

The output can be either bits or integers. For bit output, the output width is an integer multiple of the number
of bitz per symbol. I this case, Decizion type parameter allows a choice between Hard decision
demodulation, Log-ikelihood ratio and Approximate log-likelihood ratio. The output values for Log-ikelihood
ratio and Approximate log-ikelihood ratio Decision types are of the zame data type as the input values. For
integer output, the block always performs Hard decision demodulation.

tain Data Types

Output: Same as input

=
QK I Cancel Help | Apply |

Data Types Pane for Soft-Decision

For bit outputs, when Decision type is set to Log-1ikelihood ratio
or Approximate log-likelihood ratio, the output data type is
inherited from the input (e.g., if the input is of data type double, the
output is also of data type double).

QPSK Modulator Baseband

M-PSK Demodulator Baseband, BPSK Demodulator Baseband, DQPSK
Demodulator Baseband
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Purpose

Library

Description
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L

QFPSK

Modulate using 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 Constellation ordering is set to Binary, for input
m the output symbol is

exp(jo + jum/2)

where 0 is the Phase offset parameter (see the following figure for
Gray constellation ordering). In this case, the input can be either a
scalar or a frame-based column vector.

For integer inputs, the block can accept the data types int8, uints,
int16, uint16, int32, uint32, single, and double. For bit inputs, the
block can accept int8, uint8, int16, uint16, int32, uint32, boolean,
single, and double.

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 2 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 following figure, depending on whether the
Constellation ordering parameter is set to Binary or Gray.
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Dialog
Box

Binary Gray
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01 00 01

[ ]
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Constellation Visualization

The QPSK Modulator Baseband block provides the capability to
visualize a signal constellation from the block mask. This Constellation
Visualization feature allows you to visualize a signal constellation for
specific block parameters. For more information, see the Constellation
Visualization section of the Communications Blockset User’s Guide.

=] Function Block Parameters: QPSK Modulator Base =

—QPSK Modulator Baseband

Modulate the input signal using the quaternary phase shift keying method.

The input can be either bits or integers. The input can be either binary-mapped or
Gray-mapped into symbols,

In case of sample-based bit input, the input width must be two. In case of frame-
based bit input, the input width must be an integer multiple of two. For sample-
based integer input, the input must be a scalar, For frame-based integer input, the
input must be a column vector.

Main | Data Types |

Parameters

Phase offset{rad): Ipi_-"4

Constellation ordering: IBinar‘r' LI

Input type: IIntegEr LI
View Constellation |

OK. I Cancel | Help | Apply |
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Phase offset (rad)
The phase of the zeroth point of the signal constellation.

Constellation ordering
Determines how the block maps each pair of input bits or input
integers to constellation symbols.

Input type
Indicates whether the input consists of integers or pairs of bits.

Output data type
The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.

Setting this parameter to Fixed-point or User-defined enables
fields in which you can further specify details. Setting this
parameter to Inherit via back propagation, sets the output
data type and scaling to match the following block.

Output word length
Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.

Set output fraction length to
Specify the scaling of the fixed-point output by either of the
following methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point for the
Output data type parameter or when you select User-defined
and the specified output data type is a fixed-point data type.
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Pair Block
See Also

User-defined data type
Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point. This parameter
1s only visible when you select User-defined for the Output
data type parameter.

Output fraction length
For fixed-point output data types, specify the number of fractional
bits or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
the Output data type parameter and User-defined for the Set
output fraction length to parameter.

QPSK Demodulator Baseband

M-PSK Modulator Baseband, BPSK Modulator Baseband, DQPSK
Modulator Baseband
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Purpose
Library

Description

Quantizin
Id fu
8 Decoder (W

Dialog
Box
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Decode quantization index according to codebook
Source Coding

The Quantizing Decoder block converts quantization indices to the
corresponding codebook values. 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 vector, or a matrix. The input must
be a discrete-time signal. This block processes each vector element
independently.

Note The Quantizing Encoder block also uses a Quantization
codebook parameter. The first output of that block corresponds to
the input of Quantizing Decoder, while the second output of that block
corresponds to the output of Quantizing Decoder.

EJFunction Block Parameters: Quantizing Decode x|

—Buantizing Decoder [mask] (link)

Decode the quantizer encoded index using a codebook.

The input signal iz the index from the Quantization codebook wectar. The input signal
to be quantized can be either a scalar, a vector, or a matrix.

The output zignal iz the quantized signal. The values for the quantized signal are
taken from the Quantization codebook vectar.

Quantization codebook:
50,

Quantized output data type:l double LI

QK I Cancel Help | Apply |
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Quantization codebook
A real vector that prescribes the output value corresponding to
each nonnegative integer of the input.

Pair Block Quantizing Encoder

See Also Scalar Quantizer (Obsolete) (Signal Processing Blockset documentation)
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Purpose

Library

Description
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Quantizing 9%

EncoderQ(U)

Quantize signal using partition and codebook
Source Coding

The Quantizing Encoder block quantizes the input signal according to
the Partition vector and encodes the input signal according to the
Codebook vector. The input signal can be either a scalar, a vector, or a
matrix. This block processes each vector element independently.

The first output is the quantization index. The second output is the
quantized signal. The values for the quantized signal are taken from
the Codebook vector.

The Quantization partition parameter, P, is a real vector of length n
whose entries are in strictly ascending order. The quantization index
(second output signal value) corresponding to an input value of x is

e 0ifx P(1)
* mif P(m) <x P(m+1)

e nif Pn) <x

The Quantization codebook parameter, whose length is n+1,
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 P. The second output
signal from this block contains the quantization of the input signal
based on the quantization indices and prescribed values.

You can use the function 11oyds in 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

Pair Block

See Also

E! Function Block Parameters: Quantizing Encoder

—Buantizing Encoder [mask] [link]

Guantize the input sighal using a partition and a codebook.

The input signal iz quantized according to the Quantization partition vectar and
encoded according to the Quantization codebook vector. The input signal to be
quantized can be either a scalar, a vector, or a matriz.

The first output iz the index from the Quantization codebook vectar. The second
output iz the quantized zignal. The values for the quantized signal are taken from the
Quantization codebook vectar.

=) |

Guantization partition:

Quantization codebook:

JI-825 -5 0 5 825)

Index output data type:l double LI

QK I Cancel | Help | Apply

Quantization partition

The vector of endpoints of the partition intervals.

Quantization codebook

The vector of output values assigned to each partition.

Quantizing Decoder

Scalar Quantizer (Obsolete) (Signal Processing Blockset documentation),
1lloyds (Communications Toolbox documentation)
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Purpose

Library

Description
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A

Square root

Filter input signal, possibly downsampling, using raised cosine FIR
filter

Comm Filters

The Raised Cosine Receive Filter block filters the input signal using a
normal raised cosine FIR filter or a square root raised cosine FIR filter.
It also downsamples the filtered signal if you set the Output mode
parameter to Downsampling. The FIR Decimation block implements
this functionality. The Raised Cosine Receive Filter block’s icon shows
the filter’s impulse response.

Characteristics of the Filter

Characteristics of the raised cosine filter are the same as in the Raised
Cosine Transmit Filter block, except that the length of the filter’s input
response has a slightly different expression: 2 * N * Group delay + 1,
where N 1s the value of the Input samples per symbol parameter
(not the Upsampling factor parameter, as in the case of the Raised
Cosine Transmit Filter block).

If the Filter gain parameter is chosen to be User-specified, then
the passband gain of the filter is:

* 20logy¢(Input samples per symbol(V) x Linear amplitude filter gain)
for a normal filter.

® 20log;¢(Input samples per symbol(N) x Linear amplitude filter gain)
for a square root filter.

Downsampling the Filtered Signal

To have the block downsample the filtered signal, set the Output mode
parameter to Downsampling. By default, downsampling is on. If L is the
Downsampling factor parameter value, then the block retains 1/L of
the samples, choosing them as follows:

¢ [f the Sample offset parameter is zero, then the block selects the
samples of the filtered signal indexed by 1, L+1, 2*L+1, 3*Li+1, etc.
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Iter

¢ [fthe Sample offset parameter is a positive integer less than L, then
the block initially discards that number of samples from the filtered
signal and downsamples the remaining data as in the previous case.

To preserve the entire filtered signal and avoid downsampling, set
Output mode to None. This setting is appropriate, for example, when
the output from the filter block forms the input to a timing phase
recovery block such as Squaring Timing Recovery. The timing phase
recovery block performs the downsampling in that case.

The underlying implementation varies as follows:

¢ [f Sample offset is set to zero offset or Framing is set to
Maintain input frame size, the block uses FIR Decimation under
the mask. This polyphase decimation improves the filter efficiency in
terms of simulation speed and quality of code generation.

e If Framing is set to Maintain input frame rate and Sample
offset is set to a nonzero number, the block uses Digital filter under
the mask.

Input and Output Signals

The input signal must be a scalar value or a frame-based column vector.
The block supports double, single, and fixed-point data types. You
can select either Maintain input frame size or Maintain input
frame rate for the Framing parameter.

If you set Output mode to None, then the input and output signals
share the same sampling mode, sample time, and vector length.

If you set Output mode to Downsampling and Downsampling factor
is L, then L and the input sampling mode determine characteristics
of the output signal:

e [f the input is sample-based, then the output is sample-based and the
output sample time is 1/L times the input sample time.
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e [fthe input is frame-based, then the output is a frame-based vector
whose length is 1/L times the length of the input vector. The output
frame period equals the input frame period.

Exporting Filter Coefficients to the MATLAB Workspace

To examine or manipulate the coefficients of the filter that this block
designs, select Export filter coefficients to workspace. Then set
the Coefficient variable name parameter to the name of a variable
that you want the block to create in the MATLAB workspace. Running
the simulation causes the block to create the variable, overwriting any
previous contents in case the variable already exists.

Latency

For information pertaining to the latency of the block, see details in
FIR Decimation.



Raised C

osine Receive Filter

Dialog
Box

=) Function Block Parameters: Raised Cosine Receive

—Raised Cosine Receive Filter

x|

Filter the input signal, and downsample if selected, using a normal or square root
raised cosine FIR filter.

The group delay is specified as the number of symbol periods between the start of
the filter response and its peak. This delay also determines the length of the filter
impulse response, which is 2 * N * Group delay + 1.

In normalized mode, the coefficients of the normal raised cosine filter are
normalized so that the peak coefficent is equal to one. The filter coefficents of the
square root raised cosine filter are normalized so that the impulse response of the
filter convolved with itself is approximately the impulse response of the normal
filter.

Main | Fixed-pointl

—Parameters

Filter type: ISquare root LI

Input samples per symbol (M): IB

Group delay (number of symbols): |4

Ralloff factor (0 to 1): [0.2

Framing: IMaintain input frame rate LI

Output mode: IDownsampIing LI

Downsampling factor {L): IB

Sample offset (0 to L-1): [0

Filter gain: INormaIized LI

[~ Export filter coefficients to workspace

Visualize filter with FyTool |

OK I Cancel | Help | Apply

Filter type

The type of raised cosine filter: Square root or Normal.

Input samples per symbol

An integer greater than 1 representing the number of samples

per symbol in the input signal.

Group delay

A positive integer that represents the

number of symbol periods

between the start of the filter response and its peak.
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Rolloff factor
The rolloff factor for the filter, a real number between 0 and 1.

Framing
Selects the framing method. The framing method choices are:
Maintain input frame size or Maintain input frame rate.

Output mode
Determines whether or not the block downsamples the signal
after filtering. Choices are Downsampling and None.

Downsampling factor
The factor by which the block downsamples the signal after
filtering. This field appears only if Qutput mode is set to
Downsampling.

Sample offset
The number of filtered samples the block discards before
downsampling. This field appears only if Output mode is set
to Downsampling.

Filter gain
Determines how the block scales the filter coefficients. Choices
are Normalized and User-specified.

Linear amplitude filter gain
A positive scalar used to scale the filter coefficients. This field
appears only if Filter gain is set to User-specified.

Export filter coefficients to workspace
If you check this box, then the block creates a variable in the
MATLAB workspace that contains the filter coefficients.

Coefficient variable name
The name of the variable to create in the MATLAB workspace.
This field appears only if Export filter coefficients to
workspace is selected.

Visualize filter with FVTool
If you click this button, then MATLAB launches the Filter
Visualization Tool, fvtool, to analyze the raised cosine filter
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whenever you apply any changes to the block’s parameters. If you
launch fvtool for the filter, and subsequently change parameters

in the mask, fvtool will not update.
new fvtool in order to see the new fi

You will need to launch a
Iter characteristics. Also

note that if you have launched fvtool, then it will remain open

even after the model is closed.

IFunction Block Parameters: Raised Cosine Rec

Eil

x|

r— Raised Cosine Receive Filter

Filter the input signal, and downsample if selected, using a normal or square root
raized cosine FIR filker.

The group delay is specified az the number of symbol periods between the start of
the filter responze and itz peak. This delay also determines the length of the filker
impulse response, which iz 2 * N * Group delay + 1.

In narmalized mode, the coefficients of the nommal raised cosine filter are nomalized
z0 that the peak coefficient is equal to one. The filker coefficients of the square root
raized cogine filker are normalized so that the impulze responze of the filter convolved
with itzelf iz approzimately the impulze responze of the normal filter.

tain Fixed-paint |
Settings on thiz pane only apply when block inputs are fized-point zsignals.

r— Fized-point operational p

Fiounding mode: IFIoor VI Overflow mode: IWrap VI

r— Fized-point data type:
Mode

Coefficients lm
Product outputlm
Accumulator W
Qupst  [oame = soeumdaer =]

™ Lock scaling against changes by the autozcaling tool

QK I Cancel Help Apply

Rounding mode

Select the rounding mode for fixed-point operations. The block

uses the Rounding mode when the
calculation does not map exactly to a
the data type and scaling storing the

result of a fixed-point
number representable by
result. The filter coefficients
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do not obey this parameter; they always round to Nearest. For
more information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink Fixed Point documentation.

Overflow mode

Select the overflow mode for fixed-point operations. The filter
coefficients do not obey this parameter; they are always saturated.

Coefficients

Choose how you specify the word length and the fraction length of
the filter coefficients (numerator and/or denominator).

See the Coefficients section of the FIR Decimation help page

and “Filter Structure Diagrams” in Signal Processing Blockset
Reference Guide for illustrations depicting the use of the coefficient
data types in this block:

See the Coefficients subsection of the Digital Filter help page for
descriptions of parameter settings.

® When you select Same word length as input, the word
length of the filter coefficients match that of the input to the
block. In this mode, the fraction length of the coefficients 1s
automatically set to the binary-point only scaling that provides
you with the best precision possible given the value and word
length of the coefficients.

¢ When you select Specify word length, you are able to enter
the word length of the coefficients, in bits. In this mode, the
fraction length of the coefficients is automatically set to the
binary-point only scaling that provides you with the best
precision possible given the value and word length of the
coefficients.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the coefficients,
in bits. If applicable, you are able to enter separate fraction
lengths for the numerator and denominator coefficients.
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¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the coefficients.
If applicable, you are able to enter separate slopes for the
numerator and denominator coefficients. This block requires
power-of-two slope and a bias of zero.

¢ The filter coefficients do not obey the Rounding mode and the
Overflow mode parameters; they are always saturated and
rounded to Nearest.

Product output
Use this parameter to specify how you would like to designate the
product output word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” in Signal Processing
Blockset Reference Guide for illustrations depicting the use of the
product output data type in this block:

¢ When you select Same as input, these characteristics match
those of the input to the block.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the product output,
in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the product
output. This block requires power-of-two slope and a bias of
Z€ro.

Accumulator
Use this parameter to specify how you would like to designate
the accumulator word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” for illustrations
depicting the use of the accumulator data type in this block:

¢ When you select Same as input, these characteristics match
those of the input to the block.

¢ When you select Same as product output, these
characteristics match those of the product output.
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¢ When you select Binary point scaling, you are able to enter
the word length and the fraction length of the accumulator,
in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the accumulator.
This block requires power-of-two slope and a bias of zero.

Output
Choose how you specify the output word length and fraction
length:

® When you select Same as input, these characteristics match
those of the input to the block.

® When you select Same as accumulator, these characteristics
match those of the accumulator.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the output, in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the output. This
block requires power-of-two slope and a bias of zero.

Lock scaling against changes by the autoscaling tool
Select this parameter to prevent any fixed-point scaling
you specify in this block mask from being overridden by the
autoscaling tool in the Fixed-Point Tool.

Pair Block Raised Cosine Transmit Filter

See Also Gaussian Filter, rcosine, rcosflt
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Purpose Upsample and filter input signal using raised cosine FIR filter
Librclry Comm Filters
Description The Raised Cosine Transmit Filter block upsamples and filters the input
signal using a normal raised cosine FIR filter or a square root raised
YA cosine FIR filter. The block’s icon shows the filter’s impulse response.
Square root

Characteristics of the Filter

The Filter type parameter determines which type of filter the block
uses; choices are Normal and Square root.

The impulse response of a normal raised cosine filter with rolloff factor
R and symbol period T is

sin(n¢/T) cos(nRt/T)

h(t) = :
® (mt/T) (1-4R%2/T?)

The impulse response of a square root raised cosine filter with rolloff
factor R is

sin(1-R)nt/T)
(4Rt/T)
T (1-(4Rt/T)?)

cos(1+R)mt/T)+

h(¢t)=4R

The impulse response of a square root raised cosine filter convolved
with itself is approximately equal to the impulse response of a normal
raised cosine filter.

The Group delay parameter is the number of symbol periods between
the start of the filter’s response and the peak of the filter’s response.
The group delay and the upsampling factor, N, determine the length of
the filter’s impulse response, which is 2 * N * Group delay + 1.

The Rolloff factor parameter is the filter’s rolloff factor. It must be a
real number between 0 and 1. The rolloff factor determines the excess
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bandwidth of the filter. For example, a rolloff factor of .5 means that the
bandwidth of the filter is 1.5 times the input sampling frequency.

The Filter gain parameter indicates how the block normalizes the
filter coefficients. If you choose Normalized, then the block uses an
automatic scaling:

¢ [f Filter type is Normal, then the block normalizes the filter
coefficients so that the peak coefficient equals 1.

¢ [f Filter type is Square root, then the block normalizes the filter
coefficients so that the convolution of the filter with itself produces a
normal raised cosine filter whose peak coefficient equals 1.

If the Filter gain parameter is chosen to be User-specified, then
the passband gain of the filter is:

* 20logyo(Upsampling factor(N)x Linear amplitude filter gain) for
a normal filter.

* 20log;o(y/Upsampling factor(V) x Linear amplitude filter gain) for
a square root filter.

Input and Output Signals

The input signal must be a scalar or a frame-based column vector. The
block supports double, single, and fixed-point data types. You can
select either Maintain input frame size or Maintain input frame
rate for the Framing parameter.

The Framing method and the value of the Upsampling factor (N)
parameter determine the characteristics of the output signal:

e [f the input is a sample-based scalar, then the output is a
sample-based scalar and the output sample time is N times the input
sample time.

e [f the input is frame-based, then the output is a frame-based vector
whose length is N times the length of the input vector. The output
frame period equals the input frame period.
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Dialog
Box

Exporting Filter Coefficients to the MATLAB Workspace

To examine or manipulate the coefficients of the filter that this block
designs, select Export filter coefficients to workspace. Then set
the Coefficient variable name parameter to the name of a variable
that you want the block to create in the MATLAB workspace. Running
the simulation causes the block to create the variable, overwriting any
previous contents in case the variable already exists.

=] Function Block Parameters: Raised Cosine Trans =

—Raised Cosine Transmit Filter

Upsample and filter the input signal using a normal or square root raised cosine FIR
filter.

The group delay is specified as the number of symbol periods between the start of
the filter response and its peak. This delay also determines the length of the filter
impulse response, which is 2 * N * Group delay + 1.

In normalized mode, the coefficients of the normal raised cosine filter are
normalized so that the peak coefficent is equal to one. The filter coefficents of the
square root raised cosine filter are normalized so that the impulse response of the
filter convolved with itself is approximately the impulse response of the normal
filter.

Main | Fixed-pointl

—Parameters

Filter type: ISquare root LI

Group delay (number of symbols): |4

Ralloff factor (0 to 1): [0.2

Framing: IMaintain input frame rate LI

Upsampling factor (M): IB

Filter gain: INormaIized LI

[~ Export filter coefficients to workspace

Visualize filter with FyTool |

OK. I Cancel | Help | Apply |

Filter type
The type of raised cosine filter: Square root or Normal.
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Group delay
A positive integer that represents the number of symbol periods
between the start of the filter response and its peak.

Rolloff factor
The rolloff factor for the filter, a real number between 0 and 1.

Framing
Selects the framing method. The framing method choices are:
Maintain input frame size or Maintain input frame rate.

Upsampling factor
An integer greater than 1 representing the number of samples per
symbol in the filtered output signal.

Filter gain
Determines how the block scales the filter coefficients. Choices
are Normalized and User-specified.

Linear amplitude filter gain
A positive scalar used to scale the filter coefficients. This field
appears only if Filter gain is set to User-specified.

Export filter coefficients to workspace
If you check this box, then the block creates a variable in the
MATLAB workspace that contains the filter coefficients.

Coefficient variable name
The name of the variable to create in the MATLAB workspace.
This field appears only if Export filter coefficients to
workspace is selected.

Visualize filter with FVTool
If you click this button, then MATLAB launches the Filter
Visualization Tool, fvtool, to analyze the raised cosine filter
whenever you apply any changes to the block’s parameters. If you
launch fvtool for the filter, and subsequently change parameters
in the mask, fvtool will not update. You will need to launch a
new fvtool in order to see the new filter characteristics. Also
note that if you have launched fvtool, then it will remain open
even after the model is closed.
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IFunction Block Parameters: Raised Cosine Tra x|

r— Raised Cosine Transmit Filter

Upzample and filter the input gsignal using a normal or square root raised cosine FIR
filter.

The group delay iz specified az the number of symbol periods between the start of
the filter responze and itz peak. This delay also determines the length of the filker
impulse response, which iz 2 * N * Group delay + 1.

In narmalized mode, the coefficients of the nommal raised cosine filter are nomalized
z0 that the peak coefficient is equal to one. The filker coefficients of the square root
raized cogine filker are normalized so that the impulze responze of the filter convolved

tain Fixed-paint |
Settings on thiz pane only apply when block inputs are fized-point zsignals.

— Fixed-point operational p

Fiounding mode: IFIoor VI Overflow mode: IWrap VI

r— Fized-point data type:
Mode

Coefficients lm
Product outputlm
Accurnulator W
Qupst  [oame 3 soeumdaer =]

™ Lock scaling against changes by the autozcaling tool

QK I Cancel | Help Apply

Rounding mode
Select the rounding mode for fixed-point operations. The block
uses the Rounding mode when the result of a fixed-point
calculation does not map exactly to a number representable by
the data type and scaling storing the result. The filter coefficients
do not obey this parameter; they always round to Nearest. For
more information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink Fixed Point documentation.

Overflow mode
Select the overflow mode for fixed-point operations. The filter
coefficients do not obey this parameter; they are always saturated.
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Coefficients
Choose how you specify the word length and the fraction length of
the filter coefficients (numerator and/or denominator). See “Filter
Structure Diagrams” in Signal Processing Blockset Reference
Guide for illustrations depicting the use of the coefficient data
types in this block:

When you select Same word length as input, the word
length of the filter coefficients match that of the input to the
block. In this mode, the fraction length of the coefficients 1s
automatically set to the binary-point only scaling that provides
you with the best precision possible given the value and word
length of the coefficients.

When you select Specify word length, you are able to enter
the word length of the coefficients, in bits. In this mode, the
fraction length of the coefficients is automatically set to the
binary-point only scaling that provides you with the best
precision possible given the value and word length of the
coefficients.

When you select Binary point scaling, you are able to enter
the word length and the fraction length of the coefficients,

in bits. If applicable, you are able to enter separate fraction
lengths for the numerator and denominator coefficients.

When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the coefficients.
If applicable, you are able to enter separate slopes for the
numerator and denominator coefficients. This block requires
power-of-two slope and a bias of zero.

The filter coefficients do not obey the Rounding mode and the
Overflow mode parameters; they are always saturated and
rounded to Nearest.

Product output
Use this parameter to specify how you would like to designate the
product output word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” in Signal Processing
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Blockset Reference Guide for illustrations depicting the use of the
product output data type in this block:

® When you select Same as input, these characteristics match
those of the input to the block.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the product output,
in bits.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the product
output. This block requires power-of-two slope and a bias of
Z€ro.

Accumulator
Use this parameter to specify how you would like to designate
the accumulator word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” for illustrations
depicting the use of the accumulator data type in this block:

® When you select Same as input, these characteristics match
those of the input to the block.

¢ When you select Same as product output, these
characteristics match those of the product output.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the accumulator,
in bits.

¢ When you select Slope and bias scaling, you are able to

enter the word length, in bits, and the slope of the accumulator.

This block requires power-of-two slope and a bias of zero.

Output

Choose how you specify the output word length and fraction
length:

® When you select Same as input, these characteristics match
those of the input to the block.
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® When you select Same as accumulator, these characteristics
match those of the accumulator.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the output, in bits.

® When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the output. This
block requires power-of-two slope and a bias of zero.

Lock scaling against changes by the autoscaling tool
Select this parameter to prevent any fixed-point scaling
you specify in this block mask from being overridden by the
autoscaling tool in the Fixed-Point Tool.
Pair Block Raised Cosine Receive Filter

See Also Gaussian Filter, rcosine, rcosflt

2-604



Random Deinterleaver

Purpose
Library

Description

Fandom
Deinterleaver

Dialog
Box

Pair Block

Restore ordering of input symbols using 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 theRandom 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

EBlock Parameters: Random Deinterleaver i 21x|

—FRandom Deinterl [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:
Initial seed:
[12345

Ok | Lancel | Help Apply

Number of elements
The number of elements in the input vector.

Initial seed
The initial seed value for the random number generator.

Random Interleaver
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See Also General Block Deinterleaver
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Purpose
Library

Description

e e

Random int

Generate integers randomly distributed in range [0, M-1]
Random Data Sources sublibrary of 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” in Communications
BlocksetUser’s Guide 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

2-608

=) source Block Parameters: Random =

—Random Integer Generator {mask) {ink)

Generate random uniformly distributed integers in the range [0,
M-1], where M is the M-ary number,

—Parameters
M-ary number:
E

Initial seed:

|37
Sample time:
|1

™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

OK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

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.



Random Integer Generator

See Also

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.

Output data type
The output type of the block can be specified as a boolean, int8,
uint8, int16, uint16, int32, uint32, single, or double. By
default, the block sets this to double. Single outputs may lead
to different results when compared with double outputs for the
same set of parameters. For Boolean typed outputs, the M-ary
number must be 2.

randint (Communications Toolbox)
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Purpose
Library

Description

Fandom
Interleawer

Dialog
Box

Pair Block

2-610

Reorder input symbols using random permutation
Block sublibrary of Interleaving

The Random Interleaver block rearranges the elements of its input
vector using a random permutation. 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.

The block can accept the data types int8, uint8, int16, uint16, int32,
uint32, boolean, single, double, and fixed-point. The data type of this
output will be the same as that of the input signal.

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.

EBlock Parameters: Random Interleaver | 21x|

—Randaom Interl [mazk]

Interleave the elements of the input vectar using a random permutation. The Mumber
of elements muszt match the input signal width.

=
F

Mumber of elements:
Initial seed:
[12345

Ok | Lancel | Help Apply

Number of elements
The number of elements in the input vector.

Initial seed
The initial seed value for the random number generator.

Random Deinterleaver
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See Also General Block Interleaver
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Rayleigh Noise Generator

Purpose
Library

Description

2-612

Rayleigh

Generate Rayleigh distributed noise
Noise Generators sublibrary of Comm Sources

The Rayleigh Noise Generator block generates Rayleigh distributed
noise. The Rayleigh probability density function is given by

2
X X
f(x) _ Gjexp(—gJ x>0
0 x<0

where 0? 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.

Initial Seed

The Initial seed parameter initializes the random number generator
that the Rayleigh Noise Generator block uses to add noise to the input
signal. For best results, the Initial seed should be a prime number
greater than 30. Also, if there are other blocks in a model that have
an Initial seed parameter, you should choose different initial seeds
for all such blocks.

You can choose seeds for the Rayleigh Noise Generator block using the
Communications Blockset randseed function. At the MATLAB prompt,
enter

randseed

This returns a random prime number greater than 30. Entering

randseed again produces a different prime number. If you supply an
integer argument, randseed always returns the same prime for that
integer. For example, randseed (5) always returns the same answer.
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Dialog
Box

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” in Communications
Blockset User’s Guide 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.

E! Source Block Parameters: Rayleigh =

—Rayleigh Moise Generator (mask) (ink)

Generate Rayleigh distributed noise. The output vector size of this
block is the same as the vector size of the seed.

—Parameters

Sigma:
|

Initial seed:

|47
Sample time:
|1

™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.
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See Also

References
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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
1s 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.

Output data type
The output can be set to double or single data types.

Multipath Rayleigh Fading Channel; raylrnd (Statistics Toolbox)

[1] Proakis, John G., Digital Communications, Third edition, New York,
McGraw Hill, 1995.



Receiver Thermal Noise

Purpose
Library

Description

Noise
Temperature
200 K

Apply receiver thermal noise to complex baseband signal

RF Impairments

The Receiver Thermal Noise block simulates the effects of thermal
noise on a complex, baseband signal. You can specify the amount of
thermal noise in three ways, according to which Specification method

you select:

* Noise temperature specifies the noise in degrees kelvin.

® Noise factor specifies the noise as 1+(Noise temperature / 290).
® Noise figure specifies the noise as 10¥logl10(1+(Noise

temperature / 290)). This is the decibel equivalent of Noise factor.

The following scatter plot shows the effect of the Receiver Thermal
Noise block, with Specification method set to Noise figure and
Noise figure (dB) set to 3.01, on a signal modulated by 16-QAM.
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This plot is generated by the model described in “Scatter Plot Examples”
with the following parameter settings:
® Rectangular QAM Modulator Baseband
= Normalization method set to Average Power
= Average power (watts) set to 1e-12
® Receiver Thermal Noise
= Specification method set to Noise figure

= Noise figure (dB) set to 3.01

. =
Dla Iog [=]Block Parameters: Receiver Thermal Noise 21xl
—Receiver Thermal Moize [mask]
Box :

Complex bazeband model of receiver thermal noize.

The amount of noize added ta the input signal may be specified either in terms of
nhioize temperature, noise figure, or noise factar.

=
F

Specification method:
Moize temperature [K]:
J230

Initial seed:

|e7as7

Ok | Lancel | Help Apply

Specification method
The method by which you specify the amount of noise. The choices
are Noise temperature, Noise figure, and Noise factor.

-
F

Specification method: I Moise temperature j

Moize temperature [K]:
ED

Noise temperature (K)
Scalar specifying the amount of noise in degrees kelvin.
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See Also

=
F

Specification method: I Moize figure j

Moize figure [dB]:
| ]

Noise figure
Scalar specifying the amount of noise in decibels relative to a
noise temperature of 290 degrees kelvin. A Noise figure setting
of 0 dB indicates a noiseless system.

-
F

Specification method: I Moize factar j

Moize factar:
2

Noise factor
Scalar specifying the amount of noise relative to a noise
temperature of 290 degrees kelvin.

Initial seed
The initial seed value for the random number generator that
generates the noise.

Free Space Path Loss
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Rectangular QAM Demodulator Baseband

Purpose

Library

Description

AL

Rectangular
A

Hard

Decision
Algorithm

2-618

Demodulate rectangular-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.

Note All values of power assume a nominal impedance of 1 ohm.

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. 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 of data
types single or double in all modes, as well as signed fixed-point
(binary-point only scaling) in hard-decision modes.

The demodulator algorithm maps received input signal constellation

values to M-ary integer I and Q symbol indices between 0 and VM -1
and then maps these demodulated symbol indices to formatted output
values.

The integer symbol index computation is performed by first derotating
and scaling the complex input signal constellation (possibly with noise)
by a derotate factor and denormalization factor, respectively. These
factors are derived from the Phase offset, Normalization method,
and related parameters. These derotated and denormalized values

are added to VM -1 to translate them into an approximate range

between 0 and 2x(vM —1) (plus noise). The resulting values are then
rescaled via a divide-by-two (or, equivalently, a right-shift by one bit for
fixed-point operation) to obtain a range approximately between 0 and
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VM -1 (plus noise) for I and Q. The noisy index values are rounded

to the nearest integer and clipped, via saturation, and mapped to
integer symbol values in the range [0 M-1]. Finally, based on other
block parameters, the integer index is mapped to a symbol value that is
formatted and cast to the selected Output data type.

The following figures contains signal flow diagrams for floating-point
and fixed-point algorithm operation. The floating-point diagrams apply
when the input signal data type is double or single. The fixed-point
diagrams apply when the input signal is a signed fixed-point data type.
Note that the diagram is simplified when Phase offset is a multiple of
b

2, and/or the derived denormalization factor is 1.
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Floating Point Fixed Point
Demodulator input Demodulator input
(complex) (complex)

LinDT linDT
Pass through or negate | and Q Pass through or negate | and Q
(with saturation) (with saturation)
I{inDT Q| inDT I |inDT Q| inDT
v v
Cast before sum Cast before sum
Sum DT Sum DT
A v v A
& |« sqri{M)-1 > == 4 |e sqri{M)-1 > ==
inDT inDT Sum DT Sum DT
A A v \
Divide-by-2 with round to nearest Divide-by-2 with round to nearest
Cast to integer Cast to integer
Clip range to [0 sqrt{M)-1] Clip range to [0 sqrt{M)-1]
| idx Qidx | int32 | idx Qidx | int32
y y y y
Format output Format output
outDT (a built-in or outDT (a built-in or
ufix data type) ufix data type)
Demodulator output Demodulator output

Signal-Flow Diagrams with Trivial Phase Offset and Denormalization Factor Equal to 1
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Floating Point

Demodulator input
(complex)

Derotate factors
(sin and cos)

inDT inDT | inDT

\ A \

Fixed Point

Demodulator input
(complex)

Derotate factors
(sin and cos)

Derotate inDT

factor DT o v

Complex floating-point multiply

Complex fixed-point multiply

I'[inDT Q| inDT

Denorm

L »
factor x

A

x

inDT inDT

A4 \4

& |e sqri(M)-1 > ==

inDT inDT
v A4

Divide-by-2 with round to nearest
Cast to integer
Clip range to [0 sqrt{M)-1]

l'idx Qidx | int32
y y

Format output

outDT (a built-in or
ufix data type)

Demodulator output

I[inDT Q| inDT
Denorm Denorm
DT | Denorm DT
X factor IR

Product output DT

\

\4

Cast before sum

Cast before sum

Sum DT Sum DT
\ \

3 |e sqriM)-1 > ==

Sum DT Sum DT
\4 Y

Divide-by-2 with round to nearest
Cast to integer
Clip range to [0 sqrt(M)-1]

I idx Qidx | int32
\ 4 \ 4

Format output

outDT (a built-in or
ufix data type)

Demodulator output

Signal-Flow Diagrams with Nontrivial Phase Offset and Nonunity Denormalization Factor
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L]
DIG Iog E! Function Block Parameters: Rectangular QAM Demodulator Baseband ll
Box —Rectangular QAM Demodulator Baseband

Demodulate the input signal using the rectangular quadrature amplitude modulation method.

The M-ary number must be an integer power of two,

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

The output can be either bits or integers. For bit output, the output width is an integer multiple of the number of bits per symbol. In this
case, Decision type parameter allows to choose between Hard decision demodulation, Log-ikelihood ratio and Approximate log-ikelihood

ratio, The output values for Log-ikelihood ratio and Approximate log-ikelihood ratio Decision types are of the same data type as the
input values. For integer output, the block always performs Hard decision demodulation.

Main Data Types I

—Parameters
M-ary number: I 16
Mormalization method: IMin. distance between symbols LI
Minimum distance: I 2

Phase offset {rad): IIII

Constellation ordering: IBinar‘r' LI

Qutput type: Integer LI

OK. I Cancel Help | Apply |

M-ary number
The number of points in the signal constellation. It must have the
form 2% for some positive integer K.

Normalization method
Determines how the block scales the signal constellation. Choices
are Min. distance between symbols, Average Power, and
Peak Power.

Minimum distance

This parameter appears when Normalization method is set to
Min. distance between symbols.

The distance between two nearest constellation points.
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Average power, referenced to 1 ohm (watts)
The average power of the symbols in the constellation, referenced
to 1 ohm. This field appears only when Normalization method
1s set to Average Power.

Peak power, referenced to 1 ohm (watts)
The maximum power of the symbols in the constellation,
referenced to 1 ohm. This field appears only when Normalization
method is set to Peak Power.

Phase offset (rad)
The rotation of the signal constellation, in radians.

Constellation ordering
Determines 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.

Selecting User-defined displays the field Constellation
mapping, allowing for user-specified mapping.

Constellation mapping
This parameter appears when User-defined is selected in the
pull-down list Constellation ordering.

This is a row or column vector of size M and must have unique
integer values in the range [0, M-1]. The values must be of data
type double.

The first element of this vector corresponds to the top-leftmost
point of the constellation, with subsequent elements running down
column-wise, from left to right. The last element corresponds to
the bottom-rightmost point.

Output type
Determines whether the block produces integers or binary
representations of integers.

If set to Integer, the block produces integers.
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If set to Bit, the block produces a group of K bits, called a binary
word, for each symbol, when Decision type is set to Hard
decision. If Decision type is set to Log-1likelihood ratio or
Approximate log-likelihood ratio, the block outputs bitwise
LLR and approximate LLR, respectively.

Decision type

This parameter appears when Bit is selected in the pull-down
list Output type.

Specifies the use of hard decision, LLR, or approximate

LLR during demodulation. See “Exact LLR Algorithm” and
“Approximate LLR Algorithm” in the Communications Toolbox
User’s Guide for algorithm details.

Noise variance source

This parameter appears when Approximate log-likelihood
ratio or Log-likelihood ratio is selected for Decision type.

When set to Dialog, the noise variance can be specified in the
Noise variance field. When set to Port, a port appears on the
block through which the noise variance can be input.

Noise variance

This parameter appears when the Noise variance source is set
to Dialog and specifies the noise variance in the input signal.
This parameter is tunable in normal mode, Accelerator mode and
Rapid Accelerator mode.

If you use the Real-Time Workshop® rapid simulation (RSIM)
target to build an RSIM executable, then you can tune the
parameter without recompiling the model. This is useful for Monte
Carlo simulations in which you run the simulation multiple times
(perhaps on multiple computers) with different amounts of noise.

The LLR algorithm involves computing exponentials of very large
or very small numbers using finite precision arithmetic and would
yield:
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e Inf to -Inf if Noise variance is very high

¢ NaN if Noise variance and signal power are both very small

In such cases, use approximate LLR, as its algorithm does not

involve computing exponentials.

= Function Block Parameters: Rectangular QAM Demodulator Baseband =

—Rectangular QAM Demodulator Baseband

Demodulate the input signal using the rectangular quadrature amplitude modulation method.

The M-ary number must be an integer power of two.

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

The output can be either bits or integers. For bit output, the output width is an integer multiple of the number of bits per symbol.
In this case, Dedision type parameter allows to choose between Hard decision demodulation, Log-ikelihood ratio and Approximate

logikelihood ratio. The output values for Log-ikelihood ratio and Approximate log-ikelihood ratio Decision types are of the same
data type as the input values. For integer output, the block always performs Hard decision demodulation.

Main Data Types

Qutput: IInherit via internal rule LI

—Fixed-point algorithm parameters

Settings below apply only when block inputs are fixed-point signals.

Mode Signed Word Length Fraction Length Rounding Overflow
Derotate factor: ISame word length as input LI ‘fes Same as input Best precision  MNearest Saturate
Denormalization factor: ISame word length as input LI ‘fes Same as input Best precision  MNearest Saturate
Product output: IInherit via internal rule LI Yes  Inherited Inherited m m
Sum: IInherit via internal rule LI Yfes Inherited Inherited Mearest Saturate
QK I Cancel | Help | Apply |

Output

When the parameter is set to 'Inherit via internal rule'
(default setting), the block will inherit the output data type from
the input port. The output data type will be the same as the input
data type if the input is of type single or double. Otherwise, the
output data type will be as if this parameter is set to 'Smallest

unsigned integer'.
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When the parameter is set to 'Smallest unsigned integer',
the output data type is selected based on the settings used in
the Hardware Implementation pane of the Configuration
Parameters dialog box of the model. If ASIC/FPGA is selected
in the Hardware Implementation pane, the output data
type 1s the ideal minimum size, i.e., ufix (1) for bit outputs,
and ufix(ceil(log2(M))) for integer outputs. For all other
selections, it 1s an unsigned integer with the smallest available
word length large enough to fit the ideal minimum size, usually
corresponding to the size of a char (e.g., uint8).

For integer outputs, this parameter can be set to Smallest
unsigned integer, int8, uint8, int16, uint16, int32, uint32,
single, and double. For bit outputs, the options are Smallest
unsigned integer, int8, uint8, int16, uint16, int32, uint32,
boolean, single, or double.

Derotate factor
This parameter only applies when the input is fixed-point and

T
Phase offset is not a multiple of 2.

This can be set to Same word length as input or Specify word
length, in which case a field is enabled for user input.

Denormalization factor
This parameter only applies when the input is fixed-point and the
derived denormalization factor is nonunity (not equal to 1). This
scaling factor is derived from Normalization method and other
parameter values in the block dialog.

This can be set to Same word length as input or Specify
word length, in which case a field is enabled for user input. A
best-precision fraction length is always used.

Product output
This parameter only applies when the input is a fixed-point signal
and there is a nonunity (not equal to 1) denormalized factor. It
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Sum

can be set to Inherit via internal rule or Specify word
length, which enables a field for user input.

Setting to Inherit via internal rule computes the
full-precision product word length and fraction length. Inherit
Rule for Product Data Types in Signal Processing Blockset User’s
Guide describes the full-precision Product output internal rule.

Setting to Specify word length allows you to define the word
length. The block computes a best-precision fraction length based
on the word length specified and the pre-computed worst-case
(min/max) real world value Product output result. The
worst-case Product output result is precomputed by multiplying
the denormalized factor with the worst-case (min/max) input
signal range, purely based on the input signal data type.

The block uses the Rounding mode when the result of a
fixed-point calculation does not map exactly to a number
representable by the data type and scaling storing the result. For
more information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink Fixed Point documentation.

This parameter only applies when the input is a fixed-point
signal. It can be set to Inherit via internal rule, Same as
product output, or Specify word length, in which case a field
is enabled for user input

Setting to Inherit via internal rule computes the
full-precision sum word length and fraction length, based on the
two inputs to the Sum in the fixed-point Hard Decision Algorithm
signal flow diagram. The rule is the same as the fixed-point
inherit rule of the internal Accumulator data type parameter
in the SimulinkSimulinkSimulink Sum block.
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Pair Block
See Also

References
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Setting to Specify word length allows you to define the word
length. A best precision fraction length is computed based on
the word length specified in the pre-computed maximum range
necessary for the demodulated algorithm to produce accurate
results. The signed fixed-point data type that has the best

precision fully containing the values in the range 2* M -1
for the specified word length.

Setting to Same as product output allows the Sum data type to
be the same as the Product output data type (when Product
output is used). If the Product output is not used, then this
setting will be ignored and the Inherit via internal rule
Sum setting will be used.

Rectangular QAM Modulator Baseband
General 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
A

Modulate using rectangular 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.

Note All values of power assume a nominal impedance of 1 ohm.

Constellation Size and Scaling

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. The following table lists the
possible scaling conditions.

Value of Normalization

Method Parameter Scaling Condition

Min. distance between The nearest pair of points in the

symbols 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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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:

¢ [f Input type is set to Integer, the block accepts integers. The
input can be either a scalar or a frame-based column vector, and the
block can accept the data types int8, uint8, int16, uint16, int32,
uint32, single, and double.

¢ [f Input type is set to Bit, 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. For bit inputs, the block can accept int8, uint8, int16, uint1e,
int32, uint32, boolean, single, and double. 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, the block uses a
natural binary-coded constellation.

= If Constellation ordering is set to Gray and K is even, the block
uses a Gray-coded constellation.

= If Constellation ordering is set to Gray and K is odd, 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.
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For details about the Gray coding, see the reference page for the M-PSK
Modulator Baseband block and the paper listed in References. Because
the in-phase and quadrature components are assigned independently,
the Gray and binary orderings coincide when M = 4.

Constellation Visualization

The Rectangular QAM Modulator Baseband block provides the
capability to visualize a signal constellation from the block mask. This
Constellation Visualization feature allows you to visualize a signal
constellation for specific block parameters. For more information, see
the Constellation Visualization section of the Communications Blockset
User’s Guide.
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Dialog
Box
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x

—Rectangular QAM Modulator Baseband

Modulate the input signal using the rectangular quadrature amplitude modulation
method.

The M-ary number must be an integer power of two,

The input can be either bits or integers. The signal constellation can be ordered
with a binary mapping, a Gray mapping, or a user-defined mapping.

For sample-based bit input, the input width must equal the number of bits per
symbol, For frame-based bit input, the input must be a column vector whose length
is an integer multiple of the number of bits per symbol, For sample-based integer
input, the input must be a scalar. For frame-based integer input, the input must be
a column vector.

Main Data Types I

—Parameters
M-ary number: I 16
Input type: IInteger LI
Constellation ordering: IBinar‘r' LI
Mormalization method: IMin. distance between symbols LI
Minimum distance: I 2
Phase offset {rad): IIII

View Constellation |

OK. I Cancel | Help | Apply

M-ary number

The number of points in the signal constellation. It must have the

form 2% 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 symbol to a group of output

bits or integer.

Selecting User-defined displays the field Constellation
mapping, which allows for user-specified mapping.
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Constellation mapping
This parameter is a row or column vector of size M and must have
unique integer values in the range [0, M-1]. The values must be of
data type double.

The first element of this vector corresponds to the top-leftmost
point of the constellation, with subsequent elements running down
column-wise, from left to right. The last element corresponds to
the bottom-rightmost point.

This field appears when User-defined is selected in the
drop-down list Constellation ordering.

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, referenced to 1 ohm (watts)
The average power of the symbols in the constellation, referenced
to 1 ohm. This field appears only when Normalization method
is set to Average Power.

Peak power, referenced to 1 ohm (watts)
The maximum power of the symbols in the constellation,
referenced to 1 ohm. This field appears only when Normalization
method is set to Peak Power.

Phase offset (rad)
The rotation of the signal constellation, in radians.

Output data type
The output data type can be set to double, single, Fixed-point,
User-defined, or Inherit via back propagation.
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Setting this parameter to Fixed-point or User-defined enables
fields in which you can further specify details. Setting this
parameter to Inherit via back propagation, sets the output
data type and scaling to match the following block.

Output word length
Specify the word length, in bits, of the fixed-point output data
type. This parameter is only visible when you select Fixed-point
for the Output data type parameter.

User-defined data type
Specify any signed built-in or signed fixed-point data type. You
can specify fixed-point data types using the sfix, sint, sfrac,
and fixdt functions from Simulink Fixed Point software. This
parameter is only visible when you select User-defined for the
Output data type parameter.

Set output fraction length to
Specify the scaling of the fixed-point output by either of the
following methods:

® Choose Best precision to have the output scaling
automatically set such that the output signal has the best
possible precision.

® Choose User-defined to specify the output scaling in the
Output fraction length parameter.

This parameter is only visible when you select Fixed-point for the
Output data type parameter or when you select User-defined
and the specified output data type is a fixed-point data type.

Output fraction length
For fixed-point output data types, specify the number of fractional
bits, or bits to the right of the binary point. This parameter is
only visible when you select Fixed-point or User-defined for
the Output data type parameter and User-defined for the Set
output fraction length to parameter.

Pair Block Rectangular QAM Demodulator Baseband
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|

See Also General QAM Modulator 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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Purpose

Library

Description
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Rectangular
LA TCh

Decode trellis-coded modulation data, modulated using QAM method
Trellis-Coded Modulation

The Rectangular QAM TCM Decoder block uses the Viterbi algorithm
to decode a trellis-coded modulation (TCM) signal that was previously
modulated using a QAM signal constellation.

The M-ary number parameter is the number of points in the signal
constellation, which also equals the number of possible output symbols
from the convolutional encoder. (That is, log,(M-ary number) is the
number of output bit streams from the convolutional encoder.)

The Trellis structure and M-ary number parameters in this block
should match those in theRectangular QAM TCM Encoder block, to
ensure proper decoding.

Input and Output Signals

The input signal must be a frame-based column vector containing
complex numbers.

If the convolutional encoder described by the trellis structure represents
a rate k/n code, then the Rectangular QAM TCM Decoder block’s output
is a frame-based binary column vector whose length is k times the
vector length of the input signal.

Operation Modes

The block has three possible methods for transitioning between
successive frames. The Operation mode parameter controls which
method the block uses. This parameter also affects the range of possible
values for the Traceback depth parameter, D.

e In Continuous mode, the block initializes all state metrics to zero
at the beginning of the simulation, waits until it accumulates D
symbols, and then uses a sequence of D symbols to compute each of
the traceback paths. D can be any positive integer. At the end of
each frame, the block saves its internal state metric for use with
the next frame.
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Dialog
Box

If you select the Enable the reset input check box, the block
displays another input port, labeled Rst. This port receives an
integer scalar signal. Whenever the value at the Rst port is nonzero,
the block resets all state metrics to zero and sets the traceback

memory to zero.

® In Truncated mode, the block treats each frame independently. The
traceback path starts at the state with the lowest metric. D must be
less than or equal to the vector length of the input.

e In Terminated mode, the block treats each frame independently.
The traceback path always starts at the all-zeros state. D must be
less than or equal to the vector length of the input. If you know that
each frame of data typically ends at the all-zeros state, then this

mode 1s an appropriate choice.

Decoding Delay

If you set Operation mode to Continuous, then this block introduces
a decoding delay equal to Traceback depth*k bits, for a rate k/n
convolutional code. The decoding delay is the number of zeros that
precede the first decoded bit in the output.

The block incurs no delay for other values of Operation mode.

E! Block Parameters: Rectangular QAM TCM Decos .

—FRectangular Qéak TCM Decoder [mask)

21|

the quadrature amplitude modulation method.

Uze the Yiterbi algarithm to decode trelliz-coded modulation data, modulated using

The Trellis structure parameter must be a valid MATLAR trelliz structure. To check if
a structure iz a valid trellis structure, use the istrellis function in MATLAB.

=
F

Trellis structure:
il 311,.[5200:0010:0001]]

-ary number: I 16
Traceback depth:

|21

Operation mode: I Continuous

™ Enable the reset input port

Ok Lancel Help

| Apply |
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Pair Block
See Also

References
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Trellis structure
MATLAB structure that contains the trellis description of the
convolutional encoder.

M-ary number
The number of points in the signal constellation.

Traceback depth
The number of trellis branches (equivalently, the number of
symbols) the block uses in the Viterbi algorithm to construct each
traceback path.

Operation mode
The operation mode of the Viterbi decoder. Choices are
Continuous, Truncated, and Terminated.

Enable the reset input port
When you check this box, the block has a second input port labeled
Rst. Providing a nonzero input value to this port causes the block
to set its internal memory to the initial state before processing the
input data. This option appears only if you set Operation mode
to Continuous.

Rectangular QAM TCM Encoder
General TCM Decoder, poly2trellis

[1] Biglieri, E., D. Divsalar, P. J. McLane and M. K. Simon, Introduction
to Trellis-Coded Modulation with Applications, New York, Macmillan,
1991.

[2] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001.
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Purpose
Library

Description

Rectangular
LA TCh

Convolutionally encode binary data and modulate using QAM method
Trellis-Coded Modulation

The Rectangular QAM TCM Encoder block implements trellis-coded
modulation (TCM) by convolutionally encoding the binary input signal
and mapping the result to a QAM signal constellation.

The M-ary number parameter is the number of points in the signal
constellation, which also equals the number of possible output symbols
from the convolutional encoder. (That is, log,(M-ary number) is equal
to n for a rate k/n convolutional code.)

Input and Output Signals

If the convolutional encoder described by the trellis structure represents
a rate k/n code, then the Rectangular QAM TCM Encoder block’s input
must be a frame-based binary column vector whose length is L*k for
some positive integer L.

The output from the Rectangular QAM TCM Encoder block is a
frame-based complex column vector of length 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 “Trellis Description of a Convolutional Encoder” in the
Communications Toolbox documentation. You can use this parameter
field in two ways:

¢ [If 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)
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¢ 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 faster because it causes Simulink to spend
less time updating the diagram at the beginning of each simulation,
compared to the usage in the previous bulleted item.

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, set the Operation mode to Reset
on nonzero input via port. The block then opens a second input
port, labeled Rst. The signal at the Rst port is a scalar signal. When

it 1s nonzero, the encoder resets before processing the data at the first
input port.

Signal Constellations

The trellis-coded modulation technique partitions the constellation into
subsets called cosets, so as to maximize the minimum distance between
pairs of points in each coset. This block internally forms a valid partition
based on the value you choose for the M-ary number parameter.

The figures below show the labeled set-partitioned signal constellations
that the block uses when M-ary number is 16, 32, and 64. For
constellations of other sizes, see Biglieri, E., D. Divsalar, P. J. McLane
and M. K. Simon, Introduction to Trellis-Coded Modulation with
Applications, New York, Macmillan, 1991.
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Coding Gains

Coding gains of 3 to 6 decibels, relative to the uncoded case can be
achieved in the presence of AWGN with multiphase trellis codes. For
more information, see Biglieri, E., D. Divsalar, P. J. McLane and M. K.
Simon, Introduction to Trellis-Coded Modulation with Applications,
New York, Macmillan, 1991.
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Dialog

Box

JFunction Block Parameters: Rectangular DAM TC x|

— Rectangular BaM TCM Encoder [mask] (link]

Convolutionally encode binary data and modulate using the quadrature amplitude:
modulation method.

The Trellis structure parameter must be a valid MATLABE trelliz structure. To check if
a structure iz a valid trellis structure, use the istrelliz function in MATLAB.

— P
F

Trellis structure:

11, [5200:0010:0001])

Operation mode: IEontinuous

-y number: |1 E

Ll L] 1o

Output data type: Idouble

QK I Cancel Help Apply

Trellis structure
MATLAB structure that contains the trellis description of the
convolutional encoder.

Operation mode
In Continuous mode (default setting), the block retains the
encoder states at the end of each frame, for use with the next
frame.

In Truncated (reset every frame) mode, the block treats each
frame independently. I.e., the encoder states are reset to all-zeros

state at the start of each frame.

In Terminate trellis by appending bits mode, the block
treats each frame independently. For each input frame,
extra bits are used to set the encoder states to all-zeros
state at the end of the frame. The output length is given by

y=n-(x+s)/k, where x is the number of input bits, and

s = constraint length —1 (or, in the case of multiple constraint
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See Also
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lengths, s =sum(ConstraintLength(i)-1)). This mode is
supported for frame based inputs only.

In Reset on nonzero input via port mode, the block has an
additional input port, labeled Rst. When the Rst input is nonzero,
the encoder resets to the all-zeros state.

M-ary number
The number of points in the signal constellation.

Output data type
The output type of the block can be specified as a single or
double. By default, the block sets this to double.

Rectangular QAM TCM Decoder
General TCM Encoder, poly2trellis

[1] Biglieri, E., D. Divsalar, P. J. McLane and M. K. Simon, Introduction
to Trellis-Coded Modulation with Applications, New York, Macmillan,
1991.

[2] Proakis, John G., Digital Communications, Fourth edition, New
York, McGraw-Hill, 2001

[3] Ungerboeck, G., “Channel Coding with Multilevel/Phase Signals”,
IEEE Trans. on Information Theory, Vol IT28, Jan. 1982, pp. 55-67.



Repeat

Purpose Resample input at higher rate by repeating values
Librclry Signal Operations
Description The Filter block is a Signal Processing Blockset block. For more

information, see the Repeat block reference page in the Signal
Processing Blockset documentation.
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Purpose

Library

Description
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Pt

Rician

Generate Rician distributed noise
Noise Generators sublibrary of Comm Sources

The Rician Noise Generator block generates Rician distributed noise.
The Rician probability density function is given by

2 2
X mx X" +m
—Iy| — lexp| ——— | x=0
f)={o? 0(02] p[ 20" J

0 x<0
where:

® ¢ is the standard deviation of the Gaussian distribution that
underlies the Rician distribution noise

* m?® = m*+my? where m; and mg are the mean values of two
independent Gaussian components

¢ ],is the modified Oth-order Bessel function of the first kind given by

1 ¢m
_ ycost
In(y) o J._ne dt

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.



Rician Noise Generator

Initial Seed

The scalar Initial seed parameter initializes the random number
generator that the block uses to generate its Rician-distributed complex
random process. For best results, the Initial seed should be a prime
number greater than 30. Also, if there are other blocks in a model that
have an Initial seed parameter, you should choose different initial
seeds for all such blocks.

You can choose seeds for the Rician Noise Generator block using the
Communications Blockset randseed function. At the MATLAB prompt,
enter

randseed

This returns a random prime number greater than 30. Entering

randseed again produces a different prime number. If you supply an
Iinteger argument, randseed always returns the same prime for that
integer. For example, randseed(5) always returns the same answer.

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” in Communications
Blockset User’s Guide 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.
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Dialog
Box
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x

—Rician Moise Generator {mask) {ink]

Generate Rician distributed noise, The output vector size of this
block is the same as the vector size of the seed.

—Parameters

Specification method: -
Rician K-factor:

|2

Sigma:

|1

Initial seed:

E

Sample time:

|1
™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

o]

Cancel | Help

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink

documentation for details.

Specification method

Either K-factor or Quadrature components.

Rician K-factor

K = m?/(20%), 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

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
1s 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.

Output data type
The output can be set to double or single data types.

Multipath Rician Fading Channel

[1] Proakis, John G., Digital Communications, Third edition, New York,
McGraw Hill, 1995.

2-649



RLS Decision Feedback Equalizer

Purpose

Library

Description
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Inpust
Desired

ode

Bqualized
Er

ks

Equalize using decision feedback equalizer that updates weights with
RLS algorithm

Equalizers

The RLS Decision Feedback Equalizer block uses a decision feedback
equalizer and the RLS algorithm to equalize a linearly modulated
baseband signal through a dispersive channel. During the simulation,
the block uses the RLS algorithm to update the weights, once per
symbol. If the Number of samples per symbol parameter is 1, then
the block implements a symbol-spaced equalizer; otherwise, the block
implements a fractionally spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work

properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:

® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications BlocksetUser’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications BlocksetUser’s Guide.
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Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap of the forward filter.
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L]
DIG Iog C1Block Parameters: RLS Decision Feedback Equal 2=l
Box —RLS Linear Equalizer [mask]

Equalize a linearly modulated signal through a dispersive channel using the BLS
algorithm.

The block computes filker weights with the RLS algorithm and filkers the input zsignal.
‘wihen the number of samples per symbols is 1, the filter weights are updated once for
each symbaol, for a symbol spaced equalizer. “When the number of samples per symbals
is greater than one, the weights are update once every Mth sample, for a fractionally
spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

If the bode input port box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, and for decision
directed, the mode must be 0. For every frame in which the made input is 1 or nat
present, the equalizer trains at the beginning of the frame for the length of the desired
zignal.

=) |
F

Mumber of forward taps:
[e
Mumber of feedback taps:

|2

Mumber of zamples per symbal:
Jh

Signal constellation:
Jaammad([0:15],16]
Fieference tap:

Jh

Forgetting factor:

EE

Inverse comelation matrix

| 17eye(4)

Initial weights:

Jo

v Mode input port

V' Dutput error

V' Output weights

Ok I Lancel | Help Apply

Number of forward taps
The number of taps in the forward filter of the decision feedback
equalizer.
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Number of feedback taps
The number of taps in the feedback filter of the decision feedback
equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of forward
taps in the equalizer.

Forgetting factor
The forgetting factor of the RLS algorithm, a number between 0
and 1.

Inverse correlation matrix
The initial value for the inverse correlation matrix. The matrix
must be N-by-N, where N is the total number of forward and
feedback taps.

Initial weights
A vector that concatenates the initial weights for the forward and
feedback taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current forward and
feedback weights, concatenated into one vector.
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References

See Also
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[1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

[2] Haykin, Simon, Adaptive Filter Theory, Third Ed., Upper Saddle
River, N.J., Prentice-Hall, 1996.

[3] Kurzweil, Jack, An Introduction to Digital Communications, New
York, Wiley, 2000.

[4] Proakis, John G., Digital Communications, Fourth Ed., New York,
McGraw-Hill, 2001.

RLS Linear Equalizer, LMS Decision Feedback Equalizer, CMA
Equalizer
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Purpose

Library

Description
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Desired
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Equalize using linear equalizer that updates weights using RLS
algorithm

Equalizers

The RLS Linear Equalizer block uses a linear equalizer and the RLS
algorithm to equalize a linearly modulated baseband signal through

a dispersive channel. During the simulation, the block uses the RLS
algorithm to update the weights, once per symbol. If the Number of
samples per symbol parameter is 1, then the block implements a
symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work
properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:
® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.
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Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap.
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Dialog
Box

Block Parameters: RLS Linear Equalizer 2=l
—RLS Linear Equalizer [mask]

Equalize a linearly modulated signal through a dispersive channel using the BLS
algorithm.

The block computes filker weights with the LS algarithm and filters the input signal.
‘wihen the number of samples per symbal is 1. the filter weights are updated once for
each symbol, for a symbol spaced (i.e. T-spaced] equalizer. *#hen the number of
zamples per symbal is greater than one, the weights are updated once every Nth
zample, for a T/M-spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

If the Mode input port box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, and for decision
directed, the mode must be 0. For every frame in which the made input is 1 or nat
present, the equalizer trains at the beginning of the frame for the length of the desired
zignal.

=) |
F

Mumber of taps:
[
Mumber of samples per symbal:
Jh

Signal constellation:
Jaammad([0:15],16]
Fieference tap:

|2

Forgetting factor:

EE

Inverse comelation matrix

| 17eye(4)

Initial weights:

Jo

v Mode input port

V' Dutput error

V' Output weights

Ok I Lancel Help Apply

Number of taps

The number of taps in the filter of the linear equalizer.

Number of samples per symbol

The number of input samples for each symbol.
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Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of taps in the
equalizer.

Forgetting factor
The forgetting factor of the RLS algorithm, a number between 0
and 1.

Inverse correlation matrix
The initial value for the inverse correlation matrix. The matrix
must be N-by-N, where N is the number of taps.

Initial weights
A vector that lists the initial weights for the taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current weights.

See the Adaptive Equalization demo.

[1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

[2] Haykin, Simon, Adaptive Filter Theory, Third Ed., Upper Saddle
River, N.J., Prentice-Hall, 1996.
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[3] Kurzweil, Jack, An Introduction to Digital Communications, New
York, Wiley, 2000.

[4] Proakis, John G., Digital Communications, Fourth Ed., New York,
McGraw-Hill, 2001.

See Also RLS Decision Feedback Equalizer, LMS Linear Equalizer, CMA
Equalizer
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Scrambler

Purpose Scramble input signal
Librclry Sequence Operations
Description The Scrambler block scrambles the input signal, which must be a scalar

or a frame-based column vector. If the Calculation base parameter is
N, then the input values must be integers between 0 and N-1.

Scrambler

One purpose of scrambling is to reduce the length of strings of Os or
1s in 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

Input data

]

1
\GI'J
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'!, where p(z'!)
=1+p,;z!'+ pz?+.., or by listing the powers of z that appear in the
polynomial with a coefficient of 1. For example p=[1000001 0 1]
and p = [0 -6 -8] both represent the polynomial p(z1) =1 + 26 + 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 Secramble 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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E1Block Parameters: Scrambler 2=l

—Scrambler [mazk]

Scramble the input scalar or frame-bazed column data using a linear feedback shift
register whoge 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 descending ordered polynomial to
indicate the connection points.

For the binary vector representation the first and lazt elements of the vector must be 1.
For the descending ordered polynomial representation the first element of the vector
must be 0.

P |

Calculation base:
[
Scramble polynomial:
Jni1o1]

Initial states:
[OREE]

Ok I Lancel Help Apply

Dialog
Box

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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Purpose

Library

Description
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Desired
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Equalize using decision feedback equalizer that updates weights with
signed LMS algorithm

Equalizers

The Sign LMS Decision Feedback Equalizer block uses a decision
feedback equalizer and an algorithm from the family of signed LMS
algorithms to equalize a linearly modulated baseband signal through
a dispersive channel. The supported algorithms, corresponding to the
Update algorithm parameter, are

® Sign LMS
® Sign Regressor LMS
® Sign Sign LMS

During the simulation, the block uses the particular signed LMS
algorithm to update the weights, once per symbol. If the Number of
samples per symbol parameter is 1, then the block implements a
symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work

properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:
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® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.
Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications BlocksetUser’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap of the forward filter.
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L]
DIG IOg ZBlock Parameters: Sign LMS Decision Feedbad 2=l
Box —Sign LM5 Decizion Feedback Equalizer [mazk)]

Equalize a linearly modulated signal through a dispersive channel using a decision
feedback equalizer and the signed LS algarithim.

The block computes filker weights with the signed LMS algorithm and filters the input
zignal. "When the number of samples per spmbal is 1, the filter weights are updated
once for each symbol, for a symbol spaced [i.e. T-spaced) equalizer. When the number
of samples per symbol is greater than one, the weights are updated once every Nikh
zample, for a T/M-spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the Mode Input box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, for decizion directed,
the mode should be 0. For every frame in which the mode input iz 1 or not prezent, the
equalizer trianz at the beginning of the frame for the length of the desired signal.

=) |
F

Update algorithm
Mumber of forward taps:

J4

Mumber of feedback taps:

J4

Mumber of samples per symbal:
Jh

Signal constellation:
Jaammad([0:15],16]
Fieference tap:

|2

Step size:

Joo

Leakage:

Jh

Initial weights:

Jo

v Mode input port

V' Dutput error

V' Output weights

Qg Lancel Help Apply

Update algorithm
The specific type of signed LMS algorithm that the block uses to
update the equalizer weights.
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Number of forward taps

The number of taps in the forward filter of the decision feedback
equalizer.

Number of feedback taps

The number of taps in the feedback filter of the decision feedback
equalizer.

Number of samples per symbol

The number of input samples for each symbol.

Signal constellation

A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap

A positive integer less than or equal to the number of forward
taps in the equalizer.

Step size

The step size of the signed LMS algorithm.

Leakage factor

The leakage factor of the signed LMS algorithm, a number
between 0 and 1. A value of 1 corresponds to a conventional
weight update algorithm, and a value of O corresponds to a
memoryless update algorithm.

Initial weights

A vector that concatenates the initial weights for the forward and
feedback taps.

Mode input port

If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error

If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.
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Output weights
If you check this box, the block outputs the current forward and
feedback weights, concatenated into one vector.

References [1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

[2] Kurzweil, Jack, An Introduction to Digital Communications, New
York, Wiley, 2000.

See Also Sign LMS Linear Equalizer, LMS Decision Feedback Equalizer
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Purpose

Library

Description

Inpust
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Equalize using linear equalizer that updates weights with signed LMS
algorithm

Equalizers

The Sign LMS Linear Equalizer block uses a linear equalizer and
an algorithm from the family of signed LMS algorithms to equalize
a linearly modulated baseband signal through a dispersive channel.
The supported algorithms, corresponding to the Update algorithm
parameter, are

® Sign LMS
® Sign Regressor LMS
® Sign Sign LMS

During the simulation, the block uses the particular signed LMS
algorithm to update the weights, once per symbol. If the Number of
samples per symbol parameter is 1, then the block implements a
symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work

properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:
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® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications BlocksetUser’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.

® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.

Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap.
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Dialog
Box

E! Block Parameters: Sign LMS Linear Equalizer

21|

—Sign LM5 Linear Equalizer [mask]

L5 algorithm.

zample, for a T/M-spaced equalizer.

points.

update algarithim.

Equalize a linearly modulated signal through a dispersive channel using the signed

The block computes filker weights with the signed LMS algorithm and filters the input
zignal. "When the number of samples per spmbal is 1, the filter weights are updated
once for each symbol, for a symbol spaced [i.e. T-spaced) equalizer. When the number
of samples per symbol is greater than one, the weights are updated once every Nikh

Th_e Desired input iz uzed for training the equalizer. |t expects complex constellation

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless

If the Mode Input box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, for decizion directed,
the mode should be 0. For every frame in which the mode input iz 1 or not prezent, the
equalizer trianz at the beginning of the frame for the length of the desired signal.

=) |
F

Update algorithm

Mumber of taps:

J4

Mumber of samples per symbal:

Jh

Signal constellation:

Jaammad([0:15],16]

Fieference tap:

|2

Step size:

Joo
Leakage:

Jh

Initial weights:

Jo

v Mode input port
V' Dutput error
V' Output weights

Ok I Lancel

Help Apply

Update algorithm

The specific type of signed LMS algorithm that the block uses to
update the equalizer weights.
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Number of taps
The number of taps in the filter of the linear equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of taps in the
equalizer.

Step size
The step size of the signed LMS algorithm.

Leakage factor
The leakage factor of the signed LMS algorithm, a number
between 0 and 1. A value of 1 corresponds to a conventional
weight update algorithm, and a value of O corresponds to a
memoryless update algorithm.

Initial weights
A vector that lists the initial weights for the taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current weights.

See the Adaptive Equalization demo.



Sign LMS Linear Equalizer

References [1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

[2] Kurzweil, Jack, An Introduction to Digital Communications, New
York, Wiley, 2000.

See Also Sign LMS Decision Feedback Equalizer, LMS Linear Equalizer
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Purpose

Library

Description
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Squaring Sym

Timing Recovery o

Recover symbol timing phase using squaring method
Timing Phase Recovery sublibrary of Synchronization

The Squaring Timing Recovery block recovers the symbol timing
phase of the input signal using a squaring method. This frame-based,
feedforward, non-data-aided method is similar to the conventional
squaring loop. This block is suitable for systems that use linear
baseband modulation types such as pulse amplitude modulation (PAM),
phase shift keying (PSK) modulation, and quadrature amplitude
modulation (QAM).

Typically, the input to this block is the output of a receive filter that
is matched to the transmitting pulse shape. The input to this block
must be a frame-based column vector of type double or single. The
input represents Symbols per frame symbols using Samples per
symbol samples for each symbol. Typically, Symbols per frame is
approximately 100, Samples per symbol is at least 4, and the input
signal is shaped using a raised cosine filter.

Note The block assumes that the phase offset is constant for all
symbols in the entire input frame. If necessary, use the Buffer block

to reorganize your data into frames over which the phase offset can be
assumed constant. If the assumption of constant phase offset is valid,
then a larger frame length yields a more accurate phase offset estimate.

The block estimates the phase offset for the symbols in each input frame
and applies the estimate uniformly over the input frame. The block
outputs frame-based signals, each containing one sample per symbol.
The frame size of each output therefore equals the Symbols per frame
parameter value. The outputs are as follows:

¢ The output port labeled Sym gives the result of applying the phase
estimate uniformly over the input frame. This output is the signal
value for each symbol, which can be used for decision purposes.



Squaring Timing Recovery

® The output port labeled Ph gives the phase estimate for each
symbol in the input frame. All elements in this output frame are
the same nonnegative real number less than the Samples per
symbol parameter value. Noninteger values for the phase estimate
correspond to interpolated values that lie between two values of the
input signal.

21|

H B
Dla Iog E! Block Parameters: Squaring Timing Recovery
—Squaring Timing Recovery [mask)

Box ,

Fiecover the symbol timing phaze using a Squaring method. This frame-based
feed-forward method is suitable for linear baseband modulations.

The method estimates the symbal timing phase offset for a sequence of symbols and
outputs the symbal spaced signal values by applying the estimate uniformly over the
zequence of data.

The symbal timing phaze offzet iz assumed ta remain constant for an observation
interval equal to the number of symbals in each frame.

The gecond output returns the estimated timing phaze offset for the data sequence,
which iz a nonnegative real number less than M where M iz the number of samples
per spmbiol.

=) |
F

Symbols per frame:
1]

Samples per symbal:
J4

Ok | Lancel Help Apply

Symbols per frame
The number of symbols in each frame of the input signal.

Samples per symbol
The number of input samples that represent each symbol. This
must be greater than 1.

Algorithm This block uses a timing estimator that returns

LN-1

_z_ttarg 2 |xm+1|2 exp(-j2nm/N)

m=0
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Examples

References

See Also
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as the normalized phase between -1/2 and 1/2, where x is the input
vector, L is the Symbols per frame parameter and N is the Samples
per symbol parameter.

For more information about the role that the timing estimator plays
in this block’s algorithm, see “Feedforward Method for Timing Phase
Recovery” in Communications Blockset User’s Guide.

See “Squaring Timing Phase Recovery Example” in Communications
Blockset User’s Guide.

[1] Oerder, M. and H. Myer, "Digital Filter and Square Timing
Recovery," IEEE Transactions on Communications, Vol. COM-36, No.
5, May 1988, pp. 605-612.

[2] Mengali, Umberto and Aldo N. D’Andrea, Synchronization
Techniques for Digital Receivers, New York, Plenum Press, 1997.

[3] Meyr, Heinrich, Marc Moeneclaey, and Stefan A. Fechtel, Digital
Communication Receivers, Vol 2, New York, Wiley, 1998.

Gardner Timing Recovery, Early-Late Gate Timing Recovery



SSB AM Demodulator Passband

Purpose
Library

Description

LT T

SEB 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.

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.

ZJFunction Block Parameters: S5B AM Demodulator P x|

—55B AM Demodulator Pazsband [mazk] [link]

Demodulate a single-sideband amplitude modulated signal. The input signal must be a
zample-bazed scalar. The output is a 1-0 sample-based scalar.

Carrier frequency [Hz):
0]
Initial phase [rad):
Jo

Lowpass filker design method:l Butterwarth LI
Filter order:

J4

Cutoff frequency [Hz]:

Ja00

QK I Cancel | Help Apply

Carrier frequency (Hz)
The carrier frequency in the corresponding SSB AM Modulator
Passband block.

Initial phase (rad)
The phase offset, 0, of the modulated signal.
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Lowpass filter design method
The method used to generate the filter. Available methods are
Butterworth, Chebyshev type I, Chebyshev type II, and Elliptic.

Filter order
The order of the lowpass digital filter specified in the Lowpass
filter design method field .

Cutoff frequency
The cutoff frequency of the lowpass digital filter specified in the
Lowpass filter design method field in Hertz.

Passband ripple
Applies to Chebyshev type I and Elliptic filters only. This is
peak-to-peak ripple in the passband in dB.

Stopband ripple
Applies to Chebyshev type II and Elliptic filters only. This is the
peak-to-peak ripple in the stopband in dB.

Pair Block SSB AM Modulator Passband

See Also DSB AM Demodulator Passband, DSBSC AM Demodulator Passband
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Purpose
Library

Description

A

SEB AM

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 Sideband to modulate parameter.

If the input is u(f) as a function of time ¢, then the output is
u(t) cos(f t +6) F u(?)sin(f, .t +0)

where:

f.1s the Carrier frequency parameter.

0 1is the Initial phase parameter.
® 7i(¢) 1s the Hilbert transform of the input wu(¢).

® The minus sign indicates the upper sideband and the plus sign
indicates the lower sideband.

Hilbert Tranform Filter

This block uses the Analytic Signal block from the Signal Processing
Blockset Transforms library.

The Analytic Signal block computes the complex analytic signal
corresponding to each channel of the real M-by-N input, u

y =u+ jH{u}

where j=+/-1 and H{} denotes the Hilbert transform. The real part
of the output in each channel is a replica of the real input in that
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channel; the imaginary part is the Hilbert transform of the input. In
the frequency domain, the analytic signal retains the positive frequency
content of the original signal while zeroing-out negative frequencies
and doubling the DC component.

The block computes the Hilbert transform using an equiripple FIR
filter with the order specified by the Filter order parameter, n. The
linear phase filter is designed using the Remez exchange algorithm, and
imposes a delay of n/2 on the input samples.

For best results, use a carrier frequency which is estimated to be
larger than 10% of your input signal’s sample time. This is due to the
implementation of the Hilbert transform by means of a filter.

In the following example, we sample a 10Hz input signal at 8000
samples per second. We then designate a Hilbert Transform filter
of order 100. Below is the response of the Hilbert Transform filter as
returned by fvtool.



SSB AM Modulator Passband

-} Figure 1: Filter ¥isualization Tool - Magnitude (dB) and Phase R nses =10l x|
Eile Edit Analysis Insert Wew ‘Window Help - u
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Frequency (kHz)

501
{1}

Note the bandwidth of the filter’s magnitude response. By choosing

a carrier frequency larger than 10% (but less than 90%) of the input
signal’s sample time (8000 samples per second, in this example) or
equivalently, a carrier frequency larger than 400Hz, we ensure that
the Hilbert Transform Filter will be operating in the flat section of the
filter’s magnitude response (shown in blue), and that our modulated
signal will have the desired magnitude and form.

Typically, an appropriate Carrier frequency value is much higher
than the highest frequency of the input signal. By the Nyquist sampling
theorem, the reciprocal of the model’s sample time (defined by the
model’s signal source) must exceed twice the Carrier frequency
parameter.
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Dialog
Box

Pair Block
See Also

2-680

This block works only with real inputs of type double. This block is not
suited to be placed inside a triggered subsystem.

JFunction Block Parameters: 5B AM Modulator Pas: x|
—55B AM Modulator Pazsband [mask)] [link]
Modulate the input signal uzging the single-sideband amplitude modulation method with
Hilbert tranzform filker. The input gsignal must be a sample-based scalar. The output is a
1-0 zample-based scalar.

=

Carrier frequency [Hz):
0]
Initial phaze [rad]:
Jo

Sideband ta modulate:l Upper LI

Hilbert tranzform filker order [must be even]:
J100

QK I Cancel | Help Apply

Carrier frequency (Hz)
The frequency of the carrier.

Initial phase (rad)
The phase offset, 6, of the modulated signal.

Sideband to modulate
This parameter specifies whether to transmit the upper or lower
sideband.

Hilbert Transform filter order
The length of the FIR filter used to compute the Hilbert transform.

SSB AM Demodulator Passband

DSB AM Modulator Passband, DSBSC AM Modulator Passband;
hilbiir (Communications Toolbox)



SSB AM Modulator Passband
|

References [1] Peebles, Peyton Z, Jr. Communication System Principles. Reading,
Mass.: Addison-Wesley, 1976.
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Uniform Noise Generator

Purpose
Library

Description

2-682

Unifarm

Generate uniformly distributed noise between upper and lower bounds
Noise Generators sublibrary of 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” in Communications
BlocksetUser’s Guide 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

) source Block Parameters: Uniform Hois =

—Uniform Moise Generator (mask) (Jink;]

Generate uniformly distributed noise between the upper and lower
bounds.

—Parameters

Moise lower bound:
[3
Moise upper bound:
|1

Initial seed:

|3t
Sample time:
|1

™ Frame-based outputs

r Interpret vector parameters as 1-D

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

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
1s unchecked.
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See Also

2-684

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.

Output data type
The output can be set to double or single data types.

Random Source (Signal Processing Blockset documentation); rand
(built-in MATLAB function)



Unipolar to Bipolar Converter

Purpose
Library

Description

Unipolar to
Bipalar
Conwverter

Dialog
Box

Map unipolar signal in range [0, M-1] into bipolar signal

Utility Blocks

The Unipolar to Bipolar Converter block maps the unipolar input signal
to a bipolar output signal. If the input consists of integers between 0
and M-1, where M is the M-ary number parameter, then the output
consists of integers between -(M-1) and M-1. If M is even, then the
output is odd. If M is odd, then the output is even. This block is only
designed to work when the input value is within the set {0,1,2...(M-1)},
where M is the M-ary number parameter. If the input value is outside
of this set of integers the output may not be valid.

The table below shows how the block’s mapping depends on the

Polarity parameter.

Polarity Parameter Value

Output Corresponding to
Input Value of k

Positive 2k-(M-1)
Negative -2k+(M-1)
x|

r— Unipolar to Bipolar Converter [mazk] [link]

bipolar signal.

Convert a unipolar sighal in the range [0, M-1], where M is the M-ary number, into a

=
F

-y number:

Polarity: IPositive

Output data type: IInherit wia internal rule

El
El

()8 I Cancel

| Apply |

M-ary number

The number of symbols in the bipolar or unipolar alphabet.

2-685



Unipolar to Bipolar Converter

Polarity
A value of Positive causes the block to maintain the relative
ordering of symbols in the alphabets. A value of Negative
causes the block to reverse the relative ordering of symbols in
the alphabets.

Output Data Type
The type of bipolar signal produced at the block’s output.

The block supports the following output data types:

Inherit via internal rule
Same as input

double

int8

int16

int32

When the parameter is set to its default setting, Inherit via
internal rule, the block determines the output data type based
on the input data type.

e If the input signal is floating-point (either single or double),

the output data type is the same as the input data type.

¢ If the input data type is not floating-point:

2-686

— Based on the M-ary number parameter, an ideal signed
integer output word length required to contain the range
[-(M-1)M-1] is computed as follows:

ideal word length = ceil(log2(M))+1

Note The +1 is associated with the need for the sign bit.




Unipolar to Bipolar Converter

— The block sets the output data type to be a signed integer,
based on the smallest word length (in bits) that can fit best
the computed ideal word length.

Note The selections in the Hardware Implementation pane
pertaining to word length constraints do not affect how this block
determines output data types.

Examples If the input is [0; 1; 2; 3], the M-ary number parameter is 4, and
the Polarity parameter is Positive, then the output is [-3; -1; 1; 3].
Changing the Polarity parameter to Negative changes the output
to [3; 1; -1; -3].

If the value for the M-ary number is 27 the block gives an output of
int8.

If the value for the M-ary number is 27+1 the block gives an output
of int16.

Pair Block Bipolar to Unipolar Converter
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Variable Step LMS Decision Feedback Equalizer

Purpose

Library

Description

2-688

Inpust
Desired

ode

Bqualized
Er

ks

Equalize using decision feedback equalizer that updates weights with
variable-step-size LMS algorithm

Equalizers

The Variable Step LMS Decision Feedback Equalizer block uses a
decision feedback equalizer and the variable-step-size LMS algorithm
to equalize a linearly modulated baseband signal through a dispersive
channel. During the simulation, the block uses the variable-step-size
LMS algorithm to update the weights, once per symbol. If the Number
of samples per symbol parameter is 1, then the block implements a
symbol-spaced equalizer; otherwise, the block implements a fractionally
spaced equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work

properly.
The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:

® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.
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® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.

Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap of the forward filter.
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L]
DIG IOg Z1Block Parameters: Yariable Step LMS Decisi 2=l
Box —LMS decision feedback equalizer [mazk]

Equalize a linearly modulated signal through a dispersive channel using a decision
feedback equalizer and the normalized LS algorithm.

The block computes filker weights with the variable step LMS algorithm and filkers the
input zignal. *when the number of samples per spmbol iz 1, the filter weights are
updated once for each symbol, for a symbol spaced (i.e. T-spaced] equalizer. ‘When
the number of samples per symbol is greater than one, the weights are updated once
every Nth zample, for a T/MN-spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the tode Input box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, for decizion directed,
the mode should be 0. The equalizer will train for the length of the Desired signal. If the
made input is not prezent, the equalizer will train at the beginning of every frame for the
length of the Desired zignal.

=) |
F

Mumber of forward taps:

Mumber of feedback taps:
3

Mumber of samples per symbal:
Jh

Signal constellation:
Iqammod[[D:3],4]
Fieference tap:

|2

Initial step size:

|m

Increment step size:
|.0o1

Minumum step size:
|.0o1

M aximum step size:
|1

Leakage:

Jh

Initial weights:

o

v Mode input port
V' Dutput error

V' Output weights

Ok I Lancel Help Apply
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Number of forward taps
The number of taps in the forward filter of the decision feedback
equalizer.

Number of feedback taps
The number of taps in the feedback filter of the decision feedback
equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of forward
taps in the equalizer.

Initial step size
The step size that the variable-step-size LMS algorithm uses at
the beginning of the simulation.

Increment step size
The increment by which the step size changes from iteration to
iteration

Minimum step size
The smallest value that the step size can assume.

Maximum step size
The largest value that the step size can assume.

Leakage factor
The leakage factor of the variable-step-size LMS algorithm,
a number between 0 and 1. A value of 1 corresponds to
a conventional weight update algorithm, and a value of 0
corresponds to a memoryless update algorithm.

Initial weights
A vector that concatenates the initial weights for the forward and
feedback taps.
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References

See Also
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Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.

Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current forward and
feedback weights, concatenated into one vector.

[1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

Variable Step LMS Linear Equalizer, LMS Decision Feedback Equalizer
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Purpose

Library

Description

Inpust
Desired

ode

Bqualized
Er

ks

Equalize using linear equalizer that updates weights with
variable-step-size LMS algorithm

Equalizers

The Variable Step LMS Linear Equalizer block uses a linear equalizer
and the variable-step-size LMS algorithm to equalize a linearly
modulated baseband signal through a dispersive channel. During the
simulation, the block uses the variable-step-size LMS algorithm to
update the weights, once per symbol. If the Number of samples per
symbol parameter is 1, then the block implements a symbol-spaced
equalizer; otherwise, the block implements a fractionally spaced
equalizer.

Input and Output Signals

The port labeled Input receives the signal you want to equalize, as

a scalar or a frame-based column vector. The port labeled Desired
receives a training sequence whose length is less than or equal to the
number of symbols in the Input signal. Valid training symbols are
those listed in the Signal constellation vector.

This block accepts only frame-based signals. If the value of Reference
tap is equal to or greater than the frame size, the block will not work
properly.

The port labeled Equalized outputs the result of the equalization
process.

You can configure the block to have one or more of these extra ports:
® Mode input, as described in “Controlling the Use of Training or
Decision-Directed Mode” in Communications Blockset User’s Guide.

® Err output for the error signal, which is the difference between the
Equalized output and the reference signal. The reference signal
consists of training symbols in training mode, and detected symbols
otherwise.
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® Weights output, as described in “Retrieving the Weights and Error
Signal” in Communications Blockset User’s Guide.

Decision-Directed Mode and Training Mode

To learn the conditions under which the equalizer operates in
training or decision-directed mode, see “Using Adaptive Equalizers” in
Communications Blockset User’s Guide.

Equalizer Delay

For proper equalization, you should set the Reference tap parameter
so that it exceeds the delay, in symbols, between the transmitter’s
modulator output and the equalizer input. When this condition is
satisfied, the total delay, in symbols, between the modulator output
and the equalizer output is equal to

1+(Reference tap-1)/(Number of samples per symbol)

Because the channel delay is typically unknown, a common practice is
to set the reference tap to the center tap.



Variable Step LMS Linear Equalizer

Dialog
Box

C1Block Parameters: Yariable Step LMS Linear E

21|

—Mommalized LMS Linear Equalizer [mask)

Equalize a linearly modulated signal through a dispersive channel using the normalized
L5 algorithm.

The block computes filker weights with the LS algarithm and filters the input signal.
‘wihen the number of samples per symbal is 1. the filter weights are updated once for
each symbol, for a symbol spaced (i.e. T-spaced] equalizer. *#hen the number of
zamples per symbal is greater than one, the weights are updated once every Nth
zample, for a T/M-spaced equalizer.

The Deszired input iz uged for training the equalizer. It expects complex constellation
points.

The Leakage factor must be in the range 0to 1. A value of 1 cormesponds to a
conventional weight update algorithm, and a walue of 0 coresponds to a memaryless
update algarithim.

If the Mode Input box is checked, the mode input toggles between training and
decision directed mode. For braining, the mode input must be 1, for decizion directed,
the mode should be 0. For every frame in which the mode input iz 1 or not prezent, the
equalizer trianz at the beginning of the frame for the length of the desired signal.

=) |

Mumber of taps:

4

Mumber of samples per symbal:

Jh

Signal constellation:

Jaammad([0:15],16]

Fieference tap:

|2

Initial step size:

|m

Increment step size:

|m

Minimum step size:

|.0o1

M aximum step size:

|1

Leakage:

Jh

Initial weights:

Jo

v Mode input port
V' Dutput error
V' Output weights

Ok I Lancel Help Apply
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Number of taps
The number of taps in the filter of the linear equalizer.

Number of samples per symbol
The number of input samples for each symbol.

Signal constellation
A vector of complex numbers that specifies the constellation for
the modulation.

Reference tap
A positive integer less than or equal to the number of taps in the
equalizer.

Initial step size
The step size that the variable-step-size LMS algorithm uses at
the beginning of the simulation.

Increment step size
The increment by which the step size changes from iteration to
iteration

Minimum step size
The smallest value that the step size can assume.

Maximum step size
The largest value that the step size can assume.

Leakage factor
The leakage factor of the LMS algorithm, a number between 0
and 1. A value of 1 corresponds to a conventional weight update
algorithm, and a value of O corresponds to a memoryless update
algorithm.

Initial weights
A vector that lists the initial weights for the taps.

Mode input port
If you check this box, the block has an input port that enables you
to toggle between training and decision-directed mode.
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Output error
If you check this box, the block outputs the error signal, which is
the difference between the equalized signal and the reference
signal.

Output weights
If you check this box, the block outputs the current weights.

Examples See the Adaptive Equalization demo.

References [1] Farhang-Boroujeny, B., Adaptive Filters: Theory and Applications,
Chichester, England, Wiley, 1998.

See Also Variable Step LMS Decision Feedback Equalizer, LMS Linear Equalizer
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Purpose

Library

Description
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Viterbi Decoder

Decode convolutionally encoded data using 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, this
block’s input vector length is L*n for some positive integer L. Similarly,
if the decoded data uses an alphabet of 2% possible output symbols, 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.

The block supports nondouble data typed input and output signals
based on the Decision type selected from the mask. For unquantized
decisions, the block accepts double or single typed inputs.

For hard decisions, the block accepts the input data types ufix (1),
double, single, boolean, int8, uint8, int16, uint16, int32, and
uint32.

For soft decisions, the block accepts fixed-point signals (e.g., ufix(3)),
double, single, int8, uint8, int16, uint16, int32, and uint32.
The fixed-point input signal must have a fraction length of 0 and be
unsigned.

Input Values and Decision Types

The entries of the input vector are either bipolar, binary, or integer
data, depending on the Decision type parameter.
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Decision type
Parameter

Possible Entries in
Decoder Input

Interpretation of
Values

Ungquantized

Real numbers

Positive real: logical
Zero

Negative real: logical
one

Hard Decision

0,1

0: logical zero

1: logical one

Soft Decision

Integers between 0
and 2P-1, where b
is the Number of
soft decision bits
parameter.

0: most confident
decision for logical
Zero

2P.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

Most confident zero

Second most confident zero

Third most confident zero

Least confident zero

Least confident one

Third most confident one

Second most confident one

N || OB |WIN|H|O

Most confident one
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Operation Modes for Frame-Based Inputs

If the input signal is frame-based, the block has three possible methods
for transitioning between successive frames. The Operation mode
parameter controls which method the block uses:

e 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
1s 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 Operation
mode set to Truncated (reset every frame).

e 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 feed-forward encoder. If the encoder has k input streams and
constraint length vector constr (using the polynomial description),
“enough” means k*max (constr-1). For feedback encoders, this mode
is appropriate if the corresponding Convolutional Encoder block has
Operation mode set to Terminate trellis by appending bits.

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.

¢ If the input signal is sample-based, the decoding delay consists of
D zero symbols
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¢ [f the input signal is frame-based and the Operation mode
parameter is set to Continuous, the decoding delay consists of D
zero symbols

¢ [f the Operation mode parameter is set to Truncated or
Terminated, 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, 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. Selecting the Enable reset input port check box
gives the block an 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:

e Sets the all-zeros state metric to zero.

e 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 Operation

mode in the Convolutional Encoder block to Reset on nonzero input
via port.

The reset port supports double or boolean typed signals.

Fixed-Point Signal Flow Diagram

There are three main components to the Viterbi decoding algorithm.
They are branch metric computation (BMC), add-compare and select
(ACS), and traceback decoding (TBD). The following diagram illustrates
the signal flow for a k/n rate code.
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code(2)
—>

inNT

Parallel
to Serial

As an example of a BMC diagram, a 1/2 rate, nsdec = 3 signal flow

would be as follows.

— >+ |

:: >+ |

— —l+ |
inNT Lo ™+ | )
'I' Lo | 1 Serial
- L | | fo
L : + ! Parallel

inNT 1+ |

. —* o | |

> = |inNT Lo l

T F L

— >+

castBeforeSum: true

bMetNT (0, WL, 0)
bMetFIMATH(’floor’,

WL = nsdec+n-1
n=2=WL=4

bMet(4)

bMetNT,
bMetFIMATH

‘saturate’

)
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The ACS component is generally illustrated as shown in the following

diagram.

TS mmmmmmmmmmmmm T
: Add :
| |
| bMet » o |
! stMetNT !
i castBeforeSum: true y I
' bMetNT :
1 A | | 1
1 1
: < " !
| Compare 4 - |
1 1
| Select X
| stateMet | stMetNT |
| |
1 1
1 A 1
| stMetNT !
1 1
1 1

-1, |
| zZ' | |
1 1
| an ACS cycle |

stMetNT (0, WL2, 0)
stMetFIMATH(’floor’, ‘saturate’)

Where WL2 is specified on the mask by the user.
In the flow diagrams above, inNT, bMetNT , stMetNT, and outNT

are numerictype objects, and bMetFIMATH and stMetFIMATH, are
fimath objects.

Puncture For some commonly used puncture patterns for specific rates and
Pattern polynomials, see the last three references.
Examples
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Fixed-Point
Viterbi
Decoding
Examples

The following two example models showcase the fixed-point Viterbi
decoder block used for both hard- and soft-decision convolutional

decoding.

If you are reading this reference page in the MATLAB
Help Browser, click here (hard-decision) and here

(soft-decision) to open the models. These can also be found
as doc_fixpt vitharddec.mdl and doc_fixpt_vitsoftdec.mdl under
help\toolbox\commblks\examples.

[Fixed-point Hard-Decision Viterbi Decoding |

Convolutional

Binary

Data Source

Encoder

¥

BFSK

Convolutional
Encoder

T« Eror Rate
Rz Caleulation

Bit Errar Rate

BPSK
Modulator

1

Dizplay

Witerbi Decoder

oo

[ata Type

Fixpt
Witerbi Decoder

Conwersion

AMIGN

BPSK
Demodulataor

F Y

S GH
Channel
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[Fixed-point Soft-Decision Viterbi Decoding |

Lt

Convolutional BESK

Bernoulli !
hl Encoder

Binary

¥

Bernoulli Random BPSK

A Convolutional
Binary Generator Encoder hodulator

[ 4

T Eror Rate Aoy [AmeN

Rz Caleulation Channel
Bit Ermor Rate E

Display

WAL

Viterhi beosder [ Outt In1 BPSK Lg—

Infa Fixpt Quantizer Soft Output
Viterbi Decoder BP Sk Demodulator

The layout of the soft decision model example is also similar
to the existing doc example on Soft-Decision Decoding
(click here to open the model, which can be found at
help\toolbox\commblks\examples\doc softdecision.mdl).

The purpose of this model is to highlight the fixed-point modeling
attributes of the Viterbi decoder, using a familiar layout.

Overview of the Simulations

The two simulations have a similar structure and have most parameters
in common. A data source produces a random binary sequence that

1s convolutionally encoded, BPSK modulated, and passed through an
AWGN channel.

For the hard-decision case, the BPSK demodulator produces hard
decisions, at the receiver, which are passed onto the decoder.

For the soft-decision case, the BPSK demodulator produces soft
decisions, at the receiver, using the log-likelihood ratio. These soft
outputs are 3-bit quantized and passed onto the decoder.

After the decoding, the simulation compares the received decoded
symbols with the original transmitted symbols in order to compute the
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bit error rate. The simulation ends after processing 100 bit errors or
1le6 bits, whichever comes first.

Fixed-Point Modeling

Fixed-point modeling enables bit-true simulations which take into
account hardware implementation considerations and the dynamic
range of the data/parameters. For example, if the target hardware is a
DSP microprocessor, some of the possible word lengths are 8, 16, or 32
bits, whereas if the target hardware is an ASIC or FPGA, there may be
more flexibility in the word length selection.

To enable fixed-point Viterbi decoding, the block input must be of type
ufix1 (unsigned integer of word length 1) for hard decisions. Based on
this input (either a 0 or a 1), the internal branch metrics are calculated
using an unsigned integer of word length = (number of output bits), as
specified by the trellis structure (which equals 2 for the hard-decision
example).

For soft decisions, the block input must be of type ufixN (unsigned
integer of word length N), where N is the number of soft-decision bits,
to enable fixed-point decoding. The block inputs must be integers in the
range 0 to 2N'1. The internal branch metrics are calculated using an
unsigned integer of word length = (N + number of output bits - 1), as
specified by the trellis structure (which equals 4 for the soft-decision
example).

The State metric word length is specified by the user and usually
must be greater than the branch metric word length already calculated.
You can tune this to be the most suitable value (based on hardware
and/or data considerations) by reviewing the logged data for the system.

Enable the logging by selecting Tools > Fixed-Point Settings. In the
Fixed-Point Setting GUI, select the Logging mode to Min, max and
overflow, and rerun the simulation. If you see overflows, it implies the
data did not fit in the selected container. You could either increase
the size of the word length (if your hardware allows it) or try scaling
the data prior to processing it. Based on the minimum and maximum
values of the data, you are also able to determine whether the selected
container is of the appropriate size.
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Try running simulations with different values of State metric word
length to get an idea of its effect on the algorithm. You should be able
to narrow down the parameter to a suitable value that has no adverse
effect on the BER results.

Comparisons with Double-Precision Data

To run the same model with double precision data, Select Tools >
Fixed-Point Settings. In the Fixed-point Settings GUI, select the
Data type override to be True doubles. This selection overrides
all data type settings in all the blocks to use double precision. For
the Viterbi Decoder block, as Output type was set to Boolean, this
parameter should also be set to double.

Upon simulating the model, note that the double-precision and
fixed-point BER results are the same. They are the same because the
fixed-point parameters for the model have been selected to avoid any
loss of precision while still being most efficient.

Comparisons Between Hard and Soft-Decision Decoding

The two models are set up to run from within BERTool to generate a
simulation curve that compares the BER performance for hard-decision
versus soft-decision decoding.

To generate simulation results for doc_fixpt_vitharddec.mdl, do
the following:

1 Type bertool at the MATLAB command prompt.
2 Go to the Monte Carlo pane.
3 Set the Eb/No range to 2:5.

4 Set the Simulation model to doc_fixpt_vitharddec.mdl. Make
sure that the model is on path.

5 Set the BER variable name to BER.

6 Set the Number of errors to 100, and the Number of bits to 1e6.
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7 Press Run and a plot generates.

i

File Edit Tools Window A

g 8 & B

i

10

+  Hard decision
+  Soft decision |

BER

2 25 3 35 4

To generate simulation results for doc_fixpt vitsoftdec.mdl, just
change the Simulation model in step 4 and press Run.

Notice that, as expected, 3-bit soft-decision decoding is better than
hard-decision decoding, roughly to the tune of 1.7 dB, and not 2 dB
as commonly cited. The difference in the expected results could be
attributed to the imperfect quantization of the soft outputs from the
demodulator.
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Dialog
Box
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IFunction Block Parameters: ¥iterbi Decoder x|

Witerbi Diecoder

Uszes the Viterbi algorithm to decode convaolutionally encoded input data. Usze the
poly2trellis function to create a trellis uzing the constraint length. code generator
[octal] and feedback connection [octal).

M ain | [rata Types I
— Encoded data p

Trellis structure: Ipoly2trellis[?, [171133])
[ Punctured cods

[™ Enable erasures input port

r— Branch metric: computation p

Decizion type: IU nguantized LI

— Traceback decoding p

Traceback depth: |34

Operation mode: IEontinuous LI

[™ Enable reset input port

QK I Cancel Help | Apply |

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.

Punctured code

Select this check box to specify a punctured input code. The field,
Punctured code, appears.

Puncture vector
Constant puncture pattern vector used at the transmitter
(encoder). The puncture vector is a pattern of 1s and 0s, where

the 0s indicate the punctured bits. This field appears when the
check box Punctured code is selected.

Enable erasures input port
When you check this box, the decoder opens an input port labeled

Era. Through this port, you can specify an erasure vector pattern
of 1s and 0s, where the 1s indicate the erased bits.
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For these erasures in the incoming data stream, the decoder does
not update the branch metric. The widths and the sample times
of the erasure and the input data ports must be the same. The
erasure input port can be of data type double or Boolean.

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.

Error if quantized input values are out of range
Check this box to throw an error when quantized input values are
out of range. This check box is active only when Decision type is
set to Soft Decision or Hard Decision.

Traceback depth
The number of trellis branches used to construct each traceback
path.

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.

Enable reset input port
When you check this box, the decoder opens an input port labeled
Rst. Providing a nonzero input value to this port causes the block
to set its internal memory to the initial state before processing
the input data.
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IFunction Block Parameters: ¥iterbi Decoder x|

Witerbi Diecoder

Uszes the Viterbi algorithm to decode convaolutionally encoded input data. Usze the
poly2trellis function to create a trellis uzing the constraint length. code generator
[octal] and feedback connection [octal).

tain Data Types

Output data tppe: || nherit via internal rule LI

QK I Cancel Help Apply

Output data type
The output signal’s data type can be double, single, boolean,
int8, uint8, int16, uint16, int32, uint32, or set to 'Inherit
via internal rule' or 'Smallest unsigned integer'.

When set to 'Smallest unsigned integer', the output data
type 1s selected based on the settings used in the Hardware
Implementation pane of the Configuration Parameters dialog
box of the model. If ASIC/FPGA is selected in the Hardware
Implementation pane, the output data type is ufix(1). For

all other selections, it is an unsigned integer with the smallest
specified wordlength corresponding to the char value (e.g., uint8).

When set to 'Inherit via internal rule' (the default

setting), the block selects double-typed outputs for double inputs,
single-typed outputs for single inputs, and behaves similarly to
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See Also
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Purpose
Library

Description

Walzh Code
Generator
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Generate Walsh code from orthogonal set of codes
Sequence Generators sublibrary of Comm Sources

Walsh codes are defined as a set of NV codes, denoted Wj, forj=0,1, ...,
N - 1, which have the following properties:

U WJ takes on the values +1 and -1.

W0l =1 for all j.

Wj has exactly j zero crossings, for j=0, 1, ... , N- 1.

0 j#k
w Wl =
JTRTIN =k

Each code Wj is either even or odd with respect to its midpoint.

Walsh codes are defined using a Hadamard matrix of order N. The
Walsh Code Generator block outputs a row of the Hadamard matrix
specified by the Walsh code index, which must be an integer in the
range [0, ..., N - 1]. If you set Walsh code index equal to an integer j,
the output code has exactly j zero crossings, forj =0, 1, ... , N - 1.

Note, however, that the indexing in the Walsh Code Generator block is
different than the indexing in the Hadamard Code Generator block. If
you set the Walsh code index in the Walsh Code Generator block and
the Code index parameter in the Hadamard Code Generator block,
the two blocks output different codes.
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L]
DIOIOg =) source Block Parameters: Walsh Code Generate =
Box —Walsh Code Generator (mask) (Jink]

Generate a Walsh Code from an orthogonal set of codes.

The code index parameter is a scalar in the range [0, N-1] where Mis the code
length. It corresponds to the number of zero crossings in an output code of length
M. N must be an integer power of 2,

The output code is in a bipolar format with a {0, 1} to {1, -1} element mapping.

—Parameters

Code length:

Code index:

]

Sample time:
|1

™ Frame-based outputs

Qutput data type: Idouble LI

QK I Cancel | Help |

Opening this dialog box causes a running simulation to pause.
See “Changing Source Block Parameters” in the online Simulink
documentation for details.

Code length

Integer scalar that is a power of 2 specifying the length of the
output code.

Code index
Integer scalar in the range [0, 1, ... , N - 1], where N is the Code
length, specifying the number of zero crossings in the output code.

Sample time
A positive real scalar specifying the sample time of the output
signal.

Frame-based outputs
When checked, the block outputs a frame-based signal. When
cleared, the block outputs a [1] unoriented scalar.
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Samples per frame
The number of samples in a frame-based output signal. This field
1s active only if you select the Frame-based outputs check box.
If Samples per frame is greater than the Code length, the
code 1is cyclically repeated.

Output data type
The output type of the block can be specified as an int8 or double.
By default, the block sets this to double.

See Also Hadamard Code Generator, OVSF Code Generator
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Purpose
Library

Description

Windowed
Integrator

Dialog
Box

Integrate over time window of fixed length
Comm Filters

The Windowed Integrator block creates cumulative sums of the

input signal values over a sliding time window of fixed length. If the
Integration period parameter is N and the input samples are denoted
by x(1), x(2), x(3),..., then the nth output sample is the sum of the x(k)
values for k between n-N+1 and n. In cases where n-N+1 is less than 1,
the block uses an initial condition of 0 to represent those samples.

The input can be either a scalar or a frame-based matrix. If the input is
frame-based, then the block processes each column independently. The
output has the same sample time and matrix size as the input. double,
single, and fixed-point data types are supported.

EBlock Parameters: Windowed Integrator | 2=l

—windowed Integrator [mask]

Integrate a discrete input signal over the gliding window of size equal to the
integration period.

=
F

Integration period [number of samples]:

E

Ok | Lancel | Help Apply

Integration period
The length of the interval of integration, measured in samples.
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IFunction Block Parameters: Windowed Integrat

Integrate a discrete input signal over the sliding window of size equal to the

Windowed |ntegrator
’7 integration period.

Main Fixed-point |

Settings on thiz pane only apply when block inputs are fixed-point zsignals.

i~ Fized-point operational p

Fiounding mode: IFIoor VI Overflow mode: IWrap VI

r— Fixed-point data type:
Mode

Coefficients Im
Product outputlm
Accumulator IW
Qupst  [Same o oot =]

™ Lock scaling against changes by the autoscaling tool

QK I Cancel | Help Apply

Rounding mode
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Select the rounding mode for fixed-point operations. The block
uses the Rounding mode when the result of a fixed-point
calculation does not map exactly to a number representable by
the data type and scaling storing the result. The filter coefficients
do not obey this parameter; they always round to Nearest. For
more information, see Rounding Modes in the Signal Processing
Blockset User’s Guide or “Rounding Mode: Simplest” in the
Simulink Fixed Point documentation.

Overflow mode

Select the overflow mode for fixed-point operations. The filter
coefficients do not obey this parameter; they are always saturated.

Coefficients

Choose how you specify the word length and the fraction length of
the filter coefficients (numerator and/or denominator). See “Filter
Structure Diagrams” in Signal Processing Blockset Reference
Guide for illustrations depicting the use of the coefficient data
types in this block:
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¢ When you select Same word length as input, the word
length of the filter coefficients match that of the input to the
block. In this mode, the fraction length of the coefficients 1s
automatically set to the binary-point only scaling that provides
you with the best precision possible given the value and word
length of the coefficients.

¢ When you select Specify word length, you are able to enter
the word length of the coefficients, in bits. In this mode, the
fraction length of the coefficients is automatically set to the
binary-point only scaling that provides you with the best
precision possible given the value and word length of the
coefficients.

® When you select Binary point scaling, you are able to enter
the word length and the fraction length of the coefficients,
in bits. If applicable, you are able to enter separate fraction
lengths for the numerator and denominator coefficients.

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the coefficients.
If applicable, you are able to enter separate slopes for the
numerator and denominator coefficients. This block requires
power-of-two slope and a bias of zero.

¢ The filter coefficients do not obey the Rounding mode and the
Overflow mode parameters; they are always saturated and
rounded to Nearest.

Product output
Use this parameter to specify how you would like to designate the
product output word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” in Signal Processing
Blockset Reference Guide for illustrations depicting the use of the
product output data type in this block:

® When you select Same as input, these characteristics match
those of the input to the block.
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¢ When you select Binary point scaling, you are able to enter

the word length and the fraction length of the product output,
in bits.

When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the product
output. This block requires power-of-two slope and a bias of
Z€ro.

Accumulator
Use this parameter to specify how you would like to designate
the accumulator word and fraction lengths. See “Filter Structure
Diagrams” and “Multiplication Data Types” for illustrations
depicting the use of the accumulator data type in this block:

Output

When you select Same as input, these characteristics match
those of the input to the block.

When you select Same as product output, these
characteristics match those of the product output.

When you select Binary point scaling, you are able to enter
the word length and the fraction length of the accumulator,
in bits.

When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the accumulator.
This block requires power-of-two slope and a bias of zero.

Choose how you specify the output word length and fraction
length:

When you select Same as input, these characteristics match
those of the input to the block.

When you select Same as accumulator, these characteristics
match those of the accumulator.

When you select Binary point scaling, you are able to enter
the word length and the fraction length of the output, in bits.
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Examples

See Also

¢ When you select Slope and bias scaling, you are able to
enter the word length, in bits, and the slope of the output. This
block requires power-of-two slope and a bias of zero.

Lock scaling against changes by the autoscaling tool
Select this parameter to prevent any fixed-point scaling
you specify in this block mask from being overridden by the
autoscaling tool in the Fixed-Point Tool.

If Integration period is 3 and the input signal is a ramp (1, 2, 3, 4,...),
then some of the sums that form the output of this block are as follows:

* 0+0+1 =1
® 0+1+2=3
* 1+24+3 =6
® 2+3+4 =9
® 3+4+5 =12
® 4+5+6 =15
® etc.

The zeros in the first few sums represent initial conditions. If the input
signal is a sample-based scalar, then the values 1, 3, 6,... are successive
values of the scalar output signal. If the input signal is a frame-based
column vector, then the values 1, 3, 6,... are organized into output
frames that have the same vector length as the input frames.

Integrate and Dump, Discrete-Time Integrator (Simulink
documentation)
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comm_links

Purpose Library link information for Communications Blockset blocks

Syntax comm_links
comm_links(sys)
comm_links(sys,color)

Description comm_links returns a structure with two elements. Each element
contains a cell array of strings containing names of library blocks in the
current system. The blocks are grouped into two categories: obsolete
and current. Blocks at all levels of the model are analyzed.

comm_links(sys) works as above on the named system sys, instead of
the current system.

comm_links(sys,color) additionally colors all obsolete blocks
according to the specified color. color is one of the following strings:
‘blue’, ’green’, 'red’, ’cyan’, ‘'magenta’, ’yellow’, or ’black’.

Obsolete blocks are blocks that are no longer supported. They might or
might not work properly.

Current blocks are supported and represent the latest block
functionality.

See Also liblinks (Signal Processing Blockset documentation), commliblist
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commlib

Purpose
Syntax

Description

See Also

Open main Communications Blockset library
commlib

commlib opens the latest version of the Communications Blockset
library.

simulink (Simulink documentation), dsplib (Signal Processing Blockset
documentation)



commstartup

Purpose Default Simulink model settings for Communications Blockset software
Syntax commstartup
Description commstartup changes the default Simulink model settings to values

more appropriate for the simulation of communication systems. The
changes apply to new models that you create later in the MATLAB
session, but not to previously created models.

Note The Signal Processing Blockset application includes a similar
dspstartup script, which assigns different model settings. For modeling
communication systems, you should use commstartup alone.

To install the communications-related model settings each time you
start MATLAB, invoke commstartup from your startup.m file.

To be more specific, the settings in commstartup cause models to:

® Use the variable-step discrete solver in single-tasking mode
e Use starting and ending times of 0 and Inf, respectively

® Avoid producing a warning or error message for inherited sample
times in source blocks

® Set the Simulink Boolean logic signals parameter to Off

® Avoid saving output or time information to the workspace

® Produce an error upon detecting an algebraic loop

¢ Inline parameters if you use the Model Reference feature of Simulink
If your communications model does not work well with these default

settings, you can change each of the individual settings as the model
requires.

See Also startup
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Purpose

Syntax

Description

Generate prime numbers for use as random number seeds

out = randseed

out = randseed(state)

out = randseed(state,m)

out = randseed(state,m,n)

out = randseed(state,m,n,rmin)

out = randseed(state,m,n,rmin,rmax)

The randseed function produces random prime numbers that work
well as seeds for random source blocks or noisy channel blocks in
Communications Blockset software. It is recommended you use the
randseed function when specifying the initial seed parameters of the
following blocks: Gaussian, Rayleigh, and Rician Noise Generator.

Note The randseed function uses a local stream of numbers that

is independent from the global stream of numbers in the MATLAB
software. Use of this function does not affect the state of the global
random number stream.

out = randseed generates a random prime number between 31 and
2171, using the MATLAB function rand.

out = randseed(state) generates a random prime number after
setting the state of rand to the positive integer state. This syntax
produces the same output for a particular value of state.

out = randseed(state,m) generates a column vector of m random
primes.

out = randseed(state,m,n) generates an m-by-n matrix of random
primes.

out = randseed(state,m,n,rmin) generates an m-by-n matrix of
random primes between rmin and 2'7-1.
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3-6

Examples

See Also

out = randseed(state,m,n,rmin,rmax) generates an m-by-n matrix
of random primes between rmin and rmax.

To generate a two-element sample-based row vector of random bits using
the Bernoulli Random Binary Generator block, you can set Probability
of a zero to [0.1 0.5] and set Initial seed to randseed(391,1,2).

To generate three streams of random data from three different blocks in
a single model, you can define out = randseed(93,3) in the MATLAB
workspace and then set the three blocks’ Initial seed parameters to
out(1), out(2), and out(3), respectively.

rand, primes



saveas commblks

Purpose Save Communications Blockset model using blocks of earlier version
Syntax flag = saveas_commblks(sys,new_sys,version)
Description

Note This function is obsolete.

Simulink software provides a similar functionality through its Save
As... option in the File menu of its models.

saveas_commblks is designed to replace Communications Blockset
R14SP2 (version 3.1) blocks with R14 (version 3.0) or R14SP1 (version
3.0.1) blocks.

flag = saveas_commblks(sys,new_sys,version) saves the model
sys to a previous version specified by version, with the name new_sys.
version must be either R14 or R14SP1. flag is true if the operation is
successful, else it is false. It displays the list of blocks that are updated
in the command window.

saveas_commblks updates the following blocks in the model:

* AWGN Channel

® Binary Symmetric Channel

e Multipath Rician Fading Channel

® Voltage-Controlled Oscillator or Continuous-Time VCO

e All blocks from the AM sub-library of the Digital Baseband
Modulation library (commdigbbndam3). These blocks are replaced by
the corresponding blocks from the old AM library (commdigbbndam2).

e All blocks from the PM sub-library of the Digital Baseband
Modulation library (commdigbbndpm3). These blocks are replaced by
the corresponding blocks from the old PM library (commdigbbndpm2).

e Multipath Rayleigh Fading Channel block from the Channels library
(commchang). These blocks are replaced by the Multipath Rayleigh
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Fading Channel block from the old Channels library (commchan2).
Note that the default parameters of this block are used after the
model is saved.

Example success =
saveas_commblks ( 'myCommsSystem', 'myCommsSystemR14sp1', 'R14SP1")
saves the system myCommsSystem to one using the blocks in the
R14SP1 version of Communications Blockset, and returns true on
successful operation.
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¢ “Errors-only Decoding” on page A-2
¢ “Errors and Erasures Decoding” on page A-3

e “References” on page A-4



A Algorithm Used to Decode BCH and Reed-Solomon Codes

Errors-only Decoding

See Errors-only Decoding in the Communications Toolbox User’s Guide.



Errors and Erasures Decoding

Errors and Erasures Decoding

The process for decoding errors and erasures is very similar to errors-only
decoding. Because the decoder knows the positions of the erasures, it only
needs to determine the error magnitudes in the erased positions.

The errors-and-erasures decoder calculates an erasure locator polynomial,
I'(z), according to
e

I'(z)= H(l—zocjk)

k=1

where e is the number of erasures in a codeword, and jj is the kth erasure in
a codeword

The Berlekamp algorithm is then used to calculate a new errors and erasures
locator polynomial, ¥ (z), which is the convolution of I'(z) and A(z). The
error evaluator polynomial, Q(z), is then calculated as the convolution of

¥ (z) and S(z). Finally, the error magnitudes are then calculated as

. - Qo)
(o)
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A-Law Compressor block 2-2
A-Law Expander block 2-4
Algebraic Deinterleaver block 2-6
Algebraic Interleaver block 2-9
Align Signals block 2-12

APP Decoder block 2-15

AWGN Channel block 2-19

Barker Code Generator block 2-26
Baseband PLL block 2-28
BCH Decoder block 2-30
BCH Encoder block 2-36
Bernoulli Binary Generator block 2-40
Binary Cyclic Decoder block 2-43
Binary Cyclic Encoder block 2-45
Binary Linear Decoder block 2-54
Binary Linear Encoder block 2-56
Binary Symmetric Channel block 2-63
Binary-Input RS Encoder block 2-47
Binary-Output RS Decoder block 2-57
Bipolar to Unipolar Converter block 2-65
Bit to Integer Converter block 2-68
block coding library

reference for 1-4
block interleaving library

reference for 1-6
BPSK Demodulator Baseband block 2-72
BPSK Modulator Baseband block 2-81

C

carrier phase recovery library 1-14
Channels library

reference for 1-12
Charge Pump PLL block 2-84
CMA Equalizer block 2-87
Comm Sinks library

reference for 1-3
Comm Sources library

reference for 1-2
comm_links function 3-2
commlib function 3-3
commstartup function 3-4
Communication Filters library

reference for 1-12
Complex Phase Difference block 2-90
Complex Phase Shift block 2-91
convolutional coding library

reference for 1-5
Convolutional Deinterleaver block 2-94
Convolutional Encoder block 2-96
Convolutional Interleaver block 2-101
convolutional interleaving library

reference for 1-7
CPFSK Demodulator Baseband block 2-104
CPFSK Modulator Baseband block 2-108
CPM Demodulator Baseband block 2-111
CPM Modulator Baseband block 2-116
CPM Phase Recovery block 2-121
CRC library

reference for 1-6
CRC-N Generator block 2-124
CRC-N Syndrome Detector block 2-127

D

Data Mapper block 2-130
DBPSK Demodulator Baseband block 2-133
DBPSK Modulator Baseband block 2-135
Deinterlacer block 2-137
Derepeat block 2-139
Descrambler block 2-142
Differential Decoder block 2-144
Differential Encoder block 2-146
digital modulation libraries
reference for 1-8
Discrete-Time Eye Diagram Scope block 2-148
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Discrete-Time Scatter Plot Scope block 2-158
Discrete-Time Signal Trajectory Scope

block 2-166
Discrete-Time VCO block 2-173
DQPSK Demodulator Baseband block 2-175
DQPSK Modulator Baseband block 2-178
DSB AM Demodulator Passband block 2-182
DSB AM Modulator Passband block 2-185
DSBSC AM Demodulator Passband block 2-187
DSBSC AM Modulator Passband block 2-190

Early-Late Gate Timing Recovery block 2-192
Equalizers library
reference for 1-15
Error Detection and Correction library
reference for 1-4
Error Rate Calculation block 2-196

F

Find Delay block 2-205

FM Demodulator Passband block 2-210
FM Modulator Passband block 2-213
Free Space Path Loss block 2-215

G

Gardner Timing Recovery block 2-217
Gaussian Filter block 2-222
Gaussian Noise Generator block 2-230
General Block Deinterleaver block 2-234
General Block Interleaver block 2-236
General CRC Generator block 2-238
General CRC Syndrome Detector block 2-243
General Multiplexed Deinterleaver block 2-247
General Multiplexed Interleaver block 2-249
General QAM Demodulator Baseband

block 2-251
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General QAM Modulator Baseband block 2-264
General TCM Decoder block 2-267

General TCM Encoder block 2-271

GMSK Demodulator Baseband block 2-276
GMSK Modulator Baseband block 2-279

Gold Sequence Generator block 2-282

H

Hadamard Code Generator block 2-289
Hamming Decoder block 2-292
Hamming Encoder block 2-294

Helical Deinterleaver block 2-296
Helical Interleaver block 2-299

1/Q Imbalance block 2-340
Ideal Rectangular Pulse Filter block 2-302
Insert Zero block 2-310
Integer to Bit Converter block 2-324
Integer-Input RS Encoder block 2-313
Integer-Output RS Decoder block 2-319
Integrate and Dump block 2-331
Interlacer block 2-339
Interleaving library

reference for 1-6

K

Kasami Sequence Generator block 2-348

L

LDPC Decoder block 2-355

LDPC Encoder block 2-358

Linearized Baseband PLL block 2-360

LMS Decision Feedback Equalizer block 2-362
LMS Linear Equalizer block 2-367
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M

M-DPSK Demodulator Baseband block 2-381
M-DPSK Modulator Baseband block 2-384
M-FSK Demodulator Baseband block 2-402
M-FSK Modulator Baseband block 2-405
M-PAM Demodulator Baseband block 2-416
M-PAM Modulator Baseband block 2-425
M-PSK Demodulator Baseband block 2-430
M-PSK Modulator Baseband block 2-440
M-PSK Phase Recovery block 2-447
M-PSK TCM Decoder block 2-450
M-PSK TCM Encoder block 2-454
Matrix Deinterleaver block 2-372
Matrix Helical Scan Deinterleaver block 2-374
Matrix Helical Scan Interleaver block 2-376
Matrix Interleaver block 2-379
Memoryless Nonlinearity block 2-388
MIMO library

reference for 1-8
MLSE Equalizer block 2-409
Modulation library

reference for 1-8
MSK Demodulator Baseband block 2-459
MSK Modulator Baseband block 2-462
MSK-Type Signal Timing Recovery block 2-464
Mu-Law Compressor block 2-472
Mu-Law Expander block 2-474
Mueller-Muller Timing Recovery block 2-468
Multipath Rayleigh Fading Channel block 2-476
Multipath Rician Fading Channel block 2-486

Normalized LMS Decision Feedback Equalizer
block 2-492
Normalized LMS Linear Equalizer block 2-497

o
OQPSK Demodulator Baseband block 2-502

OQPSK Modulator Baseband block 2-510
OVSF Code Generator block 2-531

P

Phase Noise block 2-545
Phase/Frequency Offset block 2-536
Phase-Locked Loop block 2-542

PM Demodulator Passband block 2-549
PM Modulator Passband block 2-552
PN Sequence Generator block 2-554
Poisson Integer Generator block 2-566
Puncture block 2-569

Q

QPSK Demodulator Baseband block 2-572
QPSK Modulator Baseband block 2-580
Quantizing Decoder block 2-584
Quantizing Encoder block 2-586

Raised Cosine Receive Filter block 2-588

Raised Cosine Transmit Filter block 2-597

Random Deinterleaver block 2-605

Random Integer Generator block 2-607

Random Interleaver block 2-610

randseed function 3-5

Rayleigh Noise Generator block 2-612

Receiver Thermal Noise block 2-615

Rectangular QAM Demodulator Baseband
block 2-618

Rectangular QAM Modulator Baseband
block 2-629

Rectangular QAM TCM Decoder block 2-636

Rectangular QAM TCM Encoder block 2-639

Repeat block 2-645

Rician Noise Generator block 2-646

RLS Decision Feedback Equalizer block 2-650

RLS Linear Equalizer block 2-655
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S

saveas_commblks function 3-7
Scrambler block 2-660
Sequence Operations library 1-16
Sign LMS Decision Feedback Equalizer
block 2-662
Sign LMS Linear Equalizer block 2-667
sinks library
reference for 1-3
Source Coding library
reference for 1-3
sources library
reference for 1-2
Squaring Timing Recovery block 2-672
SSB AM Demodulator Passband block 2-675
SSB AM Modulator Passband block 2-677
synchronization components library 1-14
Synchronization library
reference for 1-13

Index-4

T

timing phase recovery library 1-14

U

Uniform Noise Generator block 2-682
Unipolar to Bipolar Converter block 2-685
Utility Blocks library 1-17

\"

Variable Step LMS Decision Feedback Equalizer
block 2-688

Variable Step LMS Linear Equalizer block 2-693

Viterbi Decoder block 2-698

Voltage-Controlled Oscillator block 2-92

W

Walsh Code Generator block 2-714
Windowed Integrator block 2-717
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