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Overview

The Intel Signal Processing Library provides a set of basic routines for

2 signal processing on general purpose Intel Architecture processors rather
than special purpose DSP processors. The library is targeted towards
non-real-time applications.

About This Software

The computing power of the Pentium® and Pentium® Progsismrs

enables the use of many signal processing functions which previously were
done by add-in DSPs. The library includes functions for finite impulse
response (FIR) and infinite impulse response (IIR) filters, fasiétou
transforms (FFTs), tone generation, and many vector operations.

The library allows the CPU to press audio, ideo, and communications
data using doware only, rather thanfieloading the data to fixedunction,
dedicated digital signal processing hardware.

Hardware/Software Requirements

The Intel Signal Processing Library is designedi® on the Intel 32-bit
microprocessors such as Bem Pro, Pentium, as well as Intel386™ (and
higher) proessors. Thébrary also includes a DLL wth detects the
processor owhich it is running and loads an appropriatecgssor-specific
DLL. The processor-specific DLLs are also provided. You must be running
the Windows* 3.1 (with the Win32s* extension), Windows 95* or WinNT*
operating systems. The software rieegian ANSI C compiler. See the
Release Notes for a compldi of compilers supgqrted.
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Platforms Supported

The Intel Signal Processing Library runs on Windows* platforms. The
code and syntax used for function and variable declarations in this manual
are written in the ANSI C style. However, versions of this library for
different processors or operating systems maggotssity, vary slightly.

As a result, the declarations found in the include filsgituted with the
library may be slightly different than those shdware. Casultthe
ReleaseNotes for more information.

About This Manual

This manual describes the functions in the Intel Signal Processing Library.
The functions are organized around the types of computgt@femed in
signal processing. Eachrfttion is introduced bigs name and a one-line
description of its purpose. This idlfaved by the function prototype and
definitions ofits arguments. Thillowing sections are also included in

each functiorescription:

Discussion This section defines the function and describes the
operation which the function perform&ften, code
examples, as well as the adjons which the function
implements are included.

PreviousTasks If present, this saion describes any tasks you need to
perform before céihg the function.

ApplicationNotes If present, this section describes any special information
which applications programers or other users of the
function need to know.

RelatedTopics  If present, this section lists themas of functions which
performrelated tasks. It aldtsts other sources of
information on the peration which the function
performs.

All function names legin with thensp? prefix. However, to help you
quickly find the information you are looking for, thep? prefix is omitted
from function nanes whernhey appear in the table of contents and in
section titles. For example, the title above the section describing the
nsp?GetBitRevThl() function is simply titled “GetBitRevThbl.”
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Meaning of “Implementation Dependent”

In this manual, certain behaviors and results ntfions are idetfied as
being “implementation dependent.” There are three reasons why
implementation-dependeniffdrences in the betvior and reslts of
functions can occur:

®* The library is implemented farse on different processors.
®* The library is implemented farse on different opating systems.
e Different versions of the librargre implemented.

The manual identifies implementatioegendenitems to let you know
where the behaviors and results migbtentiallybe different.
Implementation-dependeniffé rences should be slight.

Audience for This Manual

This manual assumes that you are a programmer with experience in signal
processing and that you possess a workingvkeage of signal processing
vocabulary and principles. For sources of information on signal processing
principles, refer tahe Bibliography of this manual.

Manual Organization

Chapter 1“Overview’: Provides indrmation about this manual as well as
about the Intel Signal Processing Librarftware. This chapter also
provides general information which appliegtie entire manual. For
example, this chaer describes the tettional conentions used in this
manual, the data types for which the functions are implemented, and the
contents ofhe header fileisp.h .

Chapter 2“Error Handling” : Provides iformation on the error handling
functions included with the library.

Chpter 3“Arithmetic and Vector Manipulation Fctions : Provides
information on the functions available for initializing andrdmining <alars

and vectors. The following vector manigtion functionsare also praded:
companding, measure, conjugation, sample manipulation, and correlation.

1-3
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Chapter 4 “Vector Data Conversion Fuctions : Provides information on
functions which perform the fallving conversion operations: components
extraction and aoplex vector construction, floating point to integer and
fixed point (andeverse) conversion of vector data, @adesian to polar
(and reverse) caodinate comersion.

Chapter 5“Sample-Generating Functioiis Provides information about
functions which perform tone-generating, triangle-generating, and
pseudo-randomasnple-generatingith uniform and Gaussian distribution.

Chapter 6 “Windowing Function: Provides information about the
windowing functions included in the Intel Signal Peesing Library.

Chapter 7“Fourier Transform Function’s: Provides information on

functions which calculate the discrete Fourier transform (DFT) and the fast
Fourier transform (FFT). Several variations of the basic DFT andafd-T
included to supportifferent appli@tion reqirements, including normal

order versus bit-reversed order, real versus complexisjgmacomplex
arrays versus pairgdal arays.

Chapter 8“ Filtering Functions : Provides information on how to ate,
use and implement the finite impulsesponse (FIR) filter, the ést mean
squares (LMS) adaptive filter, andinite impulse respase (IIR) filter.

Chapter 9“Convolution Functions: Provides information on the functions
that perform convation gperations.

Chapter 10, ‘Library Informatior! : Provides a function to query the
version number antthe name of the current Signal Processing Library.

Appendix A“Fast Fourier Transform$: Provides notes and hints fasing
the fast Fourier transform alghms.

Appendix B“Digital Filtering” : Provides a general background of digital
filtering and irtroduces the concepts of the filters used ligli8ignal
Processing library.

Appendix C“Multi-Rate Filtering” : Provides a brief inoduction to
multi-rate filters, which may be unfamiliar to some application
progranmers.

Glossary Provides defittions ofsome of the terms used in this manual.
Bibliography Providegeferences tthe books cited in this manual.

1-4
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Related Pub lications

This manual is designed asaderence for the tel Signal Processing
Library. The manual contains numerouterences to atitional textbooks
on filters and signal processing. #liography is provided at the back of
the manual.

If you need functions implementing signal processing and recognition
algorithm primitives for speech andtmal character recogiion (OCR),
refer to thelntel Recogrtion Primitives Library Refeence Manal, order
number 637785

Notational Conventions

This section describes the notatibconentions used by the Intel Signal
Processing Library and the notational conventions for madtieah
symbols, data types, functimames, and signal names used in this manual.

Data Type Conventions

Many ofthe functions in the Intel Signal Processing Library are available
for both single-precision realdat ) and double-precision realduble )
floating pointdata types. Aditionally, many of the functions are also
available for complex numbers and vectors.

The Intel Signal Processing Library provides structures which define a
single-precision compledata typeSCplx , a double-precision complex
data typePCplx , and a short integer complex data type&plx. The
definttions forthesestrictures are listed iRigure 1-1

1-5
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Figure 1-1 Structure Definitions for Complex Data Types

Single-Precision Complex Double-Precision Complex
typedef struct _SCplx { typedef struct _DCplx {
float re; double re;
float im; double im;
} SCplx; } DCplx;
typedef struct _WCplx {
short int re;
short int im;
} WCplx;

In most cases, scalar colap numbers are passed by value and returned by
value, notreference.

Thus, a functiortan be available for thelfowing data types:

® single-precision reafipat )

® single-precision complesCplx )

® double-precision reatipuble )

® double-precision compleoCplx )

® short integer reakhort )

® short integer complex\(Cplx)

Some functions carhave morehan these aa types because they are able

to accept and press input of ffering data types. For example, a function
can accept as input a complex signal and real filter coefficients.

A character code embeddedhvn the function name indicates which data
type can be used with a particular functioiable 1-1lists the names of the
data types and their corresponding character codes.

1-6
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Table 1-1 Data T ypes and Corresponding Character C  odes

Data Type C type/structure Character Code
Single-Precision Real float S
Single-Precision Complex SCplx c
Double-Precision Real double d
Double-Precision Complex DCplx z
Short Integer Real short w
Short Integer Complex WCplx %

In addition, echaracter code for a cotep type (that is¢, z, orv) may be
followed bythe letter . This indicates a complex vectoostd as a pair of

real vectors (that is, one vector stores the real part and another vector stores
the imaginary part).

Function Name Conventions

The names of Intel Signal Processing Libraryctions always begin with
thensp prefix and have the followingeneral format:

nsp < character code >< flags >< name >< mods >()
where:
character code One of the character codes ddsed inTable 1-1

above §, c, d, orz). The character code indicates
which data type to use with thenfetion. Some
functions have multipleharacter codes or
non-standard chacger codes. When this occurs,
the function definition describes th&act

meaning of the code.

flags Theflags field is ogional andcan be defined as
b orr. Theb flag indicates albck (or vector)
variety of the function. A block variety of a
function is generally equivalent to multiple

1-7
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invocations of the non-blocscalar) function.
Ther flag indicates that the function only uses
real-valuedarrays.

name Indicates the core fictionality, such aSone,
Fft , orFir .
mods The modsfield is optional and indi&tes a

modification to the core functionality ttfie
function group. Examples afods areNip
(not-in-place) andia (non-adaptive).

Examples

nspcFft() Computes the FFT of single-precisiomgaex
data.

nspzFft() Computes the FFT of double-precisiomyaex
data.

nspzFftNip() Has the modifienNip (not-inplace). Computes

the FFT of double-precision compldata s$ing
separate input and output arrays.

Function Name Shorthand

By convention, a question mark™is used to indicate any or all possible
varieties of the function described in the manual. For example,

nsp?UpSample() Refers to all varieties of thepSample function:
nspsUpSample() nspcUpSample()
nspdUpSample() andnspzUpSample()

nsp ?Fft() Refers to all varieties of th&t function:
nspcFft()  andnspzFit()

1-8
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Signhal Name Conventions
In this manual, the notation:
X(n)
refers to a conceptual signal, Mehthe notation:
x[n]

refers to an actual array. Typilyalboth of these are annotated to ird&Ea
specific finite range of values:

x() , 0<n<N

x[n] , O0sn<N

Occasionally, the shorthanélbw is used to indate a finite range of
values:

x0)..x(N  -1)

x[0].. x[N -1

Mathematical Symbol Conven tions

Floor and Ceiling of Values
The notation:
Ovalue 0O

indicates the ceiling ofa/ue (that is, the least integer greater than or equal
to value ), while the notation:

Ovalue O

indicates the floor ofalue (thatis, the greatest integer ldsart or equal to
value ).

Complex Conjugates of Values
Given a complex value, the complex conjugate is denotedzas
Re(a*) = Re(a). Im (a*) = -Im (a)

1-9
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Macros and Data Structure

The header filesp.h , included with the Intel Signal Processing Library,
contains prototyes for all ibrary functions, defitions fordata types, and
structures, and the most frequently used macros and ctsnstan

Constant Macros

Thensp.h header file contains the following defininsfor epsilon (EPS),
pi (1), degree-to-radian conversion, maximum and minimataes
comparisons, and the values foGtUEandFALSE.

#define NSP_EPS (1.0E-12) * a very small value */
#define NSP_PI (3.14159265358979324) /* define value of P1*/

#define NSP_2PI (6.28318530717958648) /* P1*2 */

#define NSP_PI_2 (1.57079632679489662) /* P1/2 */

#define NSP_PI_4 (0.785398163397448310) /* Pl/4 */

#define NSP_MAX_SHORT_INT (32767) /* short integer max value*/
#define NSP_MIN_SHORT _INT (-32768) [* short integer min value*/

#ifndef FALSE /* define the values of TRUE and FALSE */
# define FALSE O

#define TRUE 1

#endif

Function Ma cros

The only macro in thisategory is dfined by the followingtatement:

#define NSP_DegToRad(deg) ((deg)/180.0 * NSP_PI)

[* degree to radian conversion */

Control Ma cros

The Intel Signal Processing Library lets you choose the library functions
that will be available to your program. A number of macros have been
created which aess an idludefile and the faction prototpes it defines.
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Table 1-2

To include the functias, define the names of the appropriate macros with
the#define directive. Thetdefine directive must always precede the
#include “nsp.h” statement. For example, the statements

#define nsp_UsesVector

#include “nsp.h”

access the correspondingiude (headeffjle and the prototypes for the
scalararithmetic and vector initialization functions defirtbere.

In this example, the include files for the FFT, the finite impulse response
filter, and the errohander functions arenade available to the program.
#define nsp_UsesFt

#define nsp_UsesFir

#include “nsp.h”

If you want to make all of the signal processing functions available to your
program, define thesp_UsesAll macro.

#define nsp_UsesAll

#include “nsp.h”

You do not need to include error handling header file or any macro because
nsp.h includes them byefault.

Table 1-2 lists the names of all of the control macros defineshin . The
functions are listed in the “Intel Signal Processing Library Functions”
section later in this chapter.

Control Macros

Macro Name Description

nsp_UsesVector Declares the arithmetic
functions.

nsp_UsesConvolution Declares the convolution
functions.

nsp_UsesTransform Declares the discrete and fast

Fourier transform functions.

nsp_UsesFir Declares the finite impulse
response filter functions.

nsp_Useslir Declares the infinite impulse
response filter functions.

continued [
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Table 1-2 Control Macros (continued)

Macro Name Description

nsp_UsesLms Declares the least mean squares
adaptive filter functions.

nsp_UsesMisc Declares the bit-reversal
functions and twiddle factor
functions.

nsp_UsesConversion Declares vector data type and
coordinate conversion functions.

nsp_UsesSampleGen Declares the tone- and
triangle-generating functions.

nsp_UsesWin Declares the windowing
functions.

nsp_UsesAll All functions.

Compiler Macros

Table 1-3lists the macros which your compiler should define in accordance
with the ANSI C stadard. These m@cros are used for the error hiamgl
functions (see Chapter ‘Zrror Handlind' for details).

Table 1-3 Compiler Macros

Macro Description

_ _DATE__ The date of compilation as a string literal in the
form “mm dd yy”.

_ _FILE_ A string literal representing the name of the file
being compiled.

_ _LINE_ _ The current line number as a decimal constant.

_ _STDC__ The constant 1 under ANSI C conformance
dialect (-Xc ); for other dialects, 0 except for -Xk
where this macro can be undefined.

_ _TIME_ _ The time of compilation as a string literal in the

form “hh:mm:ss”.

1-12
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Data Type Defini tions

Thensp.h header file contains the folving definitionsfor complex data:
single-precisiomeal GCplx ), double-precision reabCplx ) and short
integer (VCplx) data types.

E NOTE. The Intel Signal Processing Library supts signed short
integers only. The unsignedeger data type is not supported.

typedef struct _SCplx {
float re;

float im;
} SCplx;

typedef struct _DCplx {
double re;

double im;
} DCplx;

typedef struct _WCplx {
short intre;

short intim;
YWCplx;

Integer Scaling

Most integer functions ithe Intel Signal Processing Library perform their
internal computations using a hiy precision than the 16-bit integer data
types used for input and output. This higher precision cambent  or
float , depending on the implementation.

In addition to thereguar set of arguments, most of thigrary integer
functions use two variableScaleMode andScaleFactor , which
determine how the output vector is converted befanetion return.

A typical integer function for whicthe saling of output is performed has
the followingformat:

nspwdummyy(..., int ScaleMode , int * ScaleFactor );

1-13
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Scaling Arguments

ScaleMode

Indicates the saling control options to be used in
returning the output. Thewe two strategies to ntol
scaling: output vector scaling control and integer
overflow scaling cotmol. These strategies aresgeibed
below.

Output Vector Scaling Control

The output vector scaling control includes fibkowing
three modes:

NSP_NO_SCALE

No scaling is performed for the output vector. The
output results can be erroneous if overflow or underflow
occurs. With this mode, the overflow is handled by the
overflow contol option(seepage 1-15or integer
overflow control). TheScaleFactor is ignored and

can beNULL This mode provides the fastest
performance.

NSP_FIXED_SCALE

Scaling is performed in accordance with the
ScaleFactor  values (se@age 1-1» The output is
always multiplied by ZcaleFactor  pefore function
return.ScaleFactor s returned unchanged. The
function will be implemented using a higher precision
data type internally. The output then will be scaled
according to the scale factor. If an overflow occurs
duringthe translation, it is handled by the overflow
control option(seepage 1-15or integer overflow
control).

NSP_AUTO_SCALE

The output vector is automatically scaled up or down to
prevent from the overflow or underflow and to provide
the best precision. The scaling is accomplished by
multiplying the outputector by 2scaeracor  'gnd the
argumentScaleFactor is returned. This is theost
memory and time ¢suming, yet the safest mode.
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Integer Overflow Control

The integer overflow aurol includes the following two
modes:

NSP_OVERFLOW

When overflow or undeflow occure most sigificant
bits of the output vectors are truncated, whilesiiga bit
is preserved, in other words, the values are wrapped
around. This is the default overflow mode.

NSP_SATURATE

When overflow or underflow auirs, the output for
short int data is clipped toISP_MAX_SHORT_INT
(=32767) oNSP_MIN_SHORT_INT (=-327@),
respectively.

ScaleFactor The scale factor is defined as a pointer to an integer
value. The sale moddalictates which scale factor must
be used.

WiththeNSP_NO_SCALMode, theScaleFactor
argument has no meaning and will be ignored.

WiththeNSP_FIXED SCALEmode,ScaleFactor is
an input argument. It points to the value to which the
output vector should be scaled.

With the NSP_AUTO_SCALBode,ScaleFactor is an
output argument. It points to a variable in which the
ScaleFactor is returned.

Upon function returrthe actial output vector is defined
asactual_output = output * 2ScaleFactor

Compatibility with the Recognition Pr  imitive Library

If you are using the Intel Recoigion Primitives LibraryRPL), you can
continue to use the RPL's scale mode literals. The RPL scale modes are
mapped to the signal processing libracgle modes a®llows:

#define RPL_NO_SCALE NSP_NO_SCALE |[NSP_OVERFLOW
#define RPL_SATURATE NSP_NO_SCALE |[NSP_SATURATE
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#define RPL_FIXED_SCALE NSP_FIXED_SCALE |NSP_OVERFLOW
#define RPL_AUTO_SCALE NSP_AUTO_SCALE

Application Notes

Unless otherwise specified, the inplatta of the integer functions is dted

as having no scaling. The value of the data is in the range of
NSP_MAX_SHORT_INTo NSP_MIN_SHORT_INT The application should

track the input data scaling by miiming the scale faots separately and
doing additional scaling to adjustetse data. In thiglease of the Intel

Signal Processing Library, the scaling is performed for the output data only.

With theNSP_FIXED SCALEmode, ifScaleMode isNULL, it is treated as
a pointer to a value of zero. The main purpose of thisitionds to
simplify the coding.

NOTE. Toobtain the best performance results with/tlse> NO SCALE
mode, the code might not include any highecision represeation for
the internal data. In this case, the dilew condition might occur during
the intermediate calculations. Inaccuracy might then propagate in the
consecutive calcuteons thus generating erroneoussults. You should
examine your appli¢an to see if this scaling mode is appriage.




Overview 1

Intel Signal Processing Library Functions

Tables 1-4 through 1-18 descrithee functions available in the Intel Signal
Processing Library. The table titles include the names of the macros (in
parentheseshat define the functions listed in the table.

Table 1-4

Error Handler Functions (macro included by default)

4

ErrorHandler
Functions

Table 1-5

Function Name
Error
ErrStr

GetErrMode
GetErrStatus

GuiBoxReport
NulDevReport
RedirectError

SetErrMode
SetErrStatus

StdErrReport

Description
Performs basic error handling.

Translates an error/status code into a textual
description.

Gets the error mode which describes how the error
is processed.

Gets the error code which describes the type of
error being reported.

Reports errors to Windows message box.
Reports absence of error messages.

Assigns a new error handler to call when an error
occurs.

Sets the error mode which describes how the error
is processed.

Sets the error code which describes the error that
is being reported.

Returns error messages to stderr

Arithmetic and Vector Manipulation Functions

(nsp_Uses Vector)

4

Arithmetic
and Vector
Manipulation
Functions

Function Name
Add
AutoCorr

Description
Adds two complex values.

Estimates a normal, biased or unbiased
auto-correlation of an input vector and stores the
result in a second vector.

continued [J
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Arithmetic and Vector Manipulation Functions
(nsp_UsesVector) (continued)

Function Name
bAbsl

bAbs2

bAdd1
bAdd2
bAdd3

bConj1
bConj2

bConjExtend1
bConjExtend?2

bConjFlip2

bCopy
bExpl
bExp2
binvThreshl
binvThresh2
bLnl

bLn2

Description

Computes the absolute values of elements in a
vector in-place.

Computes the absolute values of elements in a
vector and stores the result in a second vector.

Adds a value to each element of a vector.
Adds the elements of two vectors.

Adds the elements of two vectors and stores the
result in a third vector.

Computes the complex conjugate of a vector.

Computes the complex conjugate of a vector and
stores the result in a second vector.

Computes the conjugate-symmetric extension of a
vector in-place.

Computes the conjugate-symmetric extension of a
vector and stores the result in a second vector.

Computes the conjugate-symmetric of a vector
and stores the result, in reverse order, in a second
vector.

Initializes a vector with the contents of a second
vector.

Computes e to the power of each element of a
vector in-place.

Computes e to the power of each element of a
vector and stores the resuls in a second vector.

Computes the inverse of the elements of a vector
in-place.

Computes the inverse of the elements of a vector
and stores the result in a second vector.

Computes the natural logarithm of each element of
a vector in-place.

Computes the natural logarithm of each element of
a vector and stores the result in a second vector.

continued U
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Table 1-5 Arithmetic and Vector Manipulation Functions
(nsp_Uses Vector) (continued)

Function Name

bMpy1l
bMpy2

bMpy3

bSet
bSqrl

bSqgr2
bSqrtl
bSqrt2

bSubl
bSub2
bSub3

bThreshl
bThresh2

bZero
Conj
CrossCorr

Div
DotProd
DownSample

Description

Multiplies each element of a vector by a value.

Multiplies the elements of two vectors and stores
the result in the multiplicand vector.

Multiplies the elements of two vectors and stores
the result in a third vector.

Initializes a vector to a specified value.

Computes the square of each element of a vector
in-place.

Computes the square of each element of a vector
and stores the result in a second vector.

Computes the square root of each element of a
vector in-place.

Computes the square root of each element of a
vector and stores the result in a second vector.

Subtracts a value from each element of a vector.
Subtracts the elements of two vectors.

Subtracts the elements of two vectors and stores
the result in a third vector.

Performs the threshold operation on a vector
in-place.

Performs the threshold operation on a vector and
places the result in a second vector.

Initializes a vector to zero.
Conjugates a complex value.

Estimates the cross-correlation of two vectors of
different lengths and stores the result in a third
vector.

Divides two complex values.
Computes a dot product of two vectors.

Down-samples a signal, conceptually decreasing
its sampling rate by an integer factor.

continued [J
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Table 1-5 Arithmetic and Vector Manipulation Functions

(nsp_UsesVector) (continued)
Function Name Description
Max Returns the maximum value of a vector.
Mean Computes the mean (average) of a vector.
Min Returns the minimum value of a vector.
Mpy Multiplies two complex values.
StdDev Computes the variance (standard deviation) of a

vector.

Sub Subtracts two complex values.
UpSample Up-samples a signal, conceptually increasing its

sampling rate by an integer factor.

Table 1-6 Vector Data Conversion Functions (n sp_UsesCon version)
Function Name Description
b2Real ToCplx Returns a complex vector constructed from the
’ real and imaginary parts of an input vector.
bALawToLin Converts 8-bit A-law encoded samples to linear
Vector Data samples.
Egr?gt?éilsn bCartToPolar Converts the elements of a complex vector to a

polar coordinate form.

bCplIxTo2Real Returns the real and imaginary parts of a complex
vector in two respective vectors.

bFixToFloat Converts the fixed-point data of a vector to
floating-point and stores the result in a second
vector.

bFloatToFix Converts the floating-point data of a vector to
fixed-point and stores the result in a second
vector.

bFloatTolnt Converts the floating-point data of a vector to
integer format and stores the result in a second
vector.

continued [J
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Table 1-6 Vector Data Conversion Functions (n sp_UsesCon version)

Function Name
bFloatToS7Fix

bFloatToS15Fix

bFloatToS1516Fix

bFloatToS31Fix

blmag

bintToFloat

bLinToALaw

bLinToMuLaw

bMag

bMulLawToLin
bPhase

bPolarToCart

Description

Converts the floating-point data of a vector to
fixed-point and stores the result in a second
vector, assuming a fixed-point format of S.7.

Converts the floating-point data of a vector
outfoxed-point and stores the result in a second
vector, assuming a fixed-point format of S.15.

Converts the floating-point data of a vector to
fixed-point and stores the result in a second
vector, assuming a fixed-point format of S15.16.

Converts the floating-point data of a vector to
fixed-point and stores the result in a second
vector, assuming a fixed-point format of S.31.

Returns the imaginary part of a complex vector in
a second vector.

Converts the integer data of a vector to
floating-point and stores the result in a second
vector.

Encodes the linear samples in a vector using the
8-bit A-law format and stores the result in a
second vector.

Encodes the linear samples in a vector using the
8-bit p-law format and stores the result in a second
vector.

Computes the magnitudes of elements of a
complex vector and stores the result in a second
vector.

Converts samples from the 8-bit p-law encoded
format to linear samples.

Returns the phase angles of elements of a
complex vector in a second vector.

Converts the polar form magnitude/phase pairs
stored in individual vectors into a complex vector
and stores the result in one vector.

continued [J

1-21



1 Intel Signal Processing Library Reference Manual

Table 1-6 Vector Data Conversion Functions (n sp_UsesCon version)
Function Name Description
brCartToPolar Converts the complex real/imaginary (cartesian

coordinate X/Y) pairs of individual input vectors to
polar coordinate form. The function stores the
magnitude (radius) component of each element in
one vector and the phase (angle) component of
each element in another vector.

bReal Returns the real part of a complex vector in a
second vector.

brMag Computes the magnitudes of elements of the
complex vector whose real and imaginary
components are specified in individual vectors.
Stores the result in a third vector.

brPhase Computes the phase angles of elements of the
complex input vector whose real and imaginary
components are specified in real and imaginary
vectors, respectively. The function stores the
resulting phase angles in a third vector.

brPolarToCart Converts the polar form magnitude/phase pairs
stored in the individual vectors into a complex
vector. The function stores the real component of
the result in a third vector and the imaginary
component in a fourth vector.

bS7FixToFloat Converts the fixed-point data of a vector to
floating-point and stores the result in a second
vector, assuming a fixed-point format of S.7.

bS15FixToFloat Converts the fixed-point data of a vector to
floating-point and stores the result in a second
vector, assuming a fixed-point format of S.15.

bS1516FixToFloat Converts the fixed-point data of a vector to
floating-point and stores the result in a second
vector, assuming a fixed-point format of S15.16.

bS31FixToFloat Converts the fixed-point data of a vector to
floating-point and stores the result in a second
vector, assuming a fixed-point format of S.31.
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Table 1-7

Sample-Generating Functions (nsp _UsesS ampleGen)

4

Function Name

bRandGaus
bRandUni
bTone
bTrngl
RandGaus

RandGauslInit

RandUni
RandUnilnit
Tone
Tonelnit

Tmagl
Trnglinit

Description

Computes pseudo-random samples with a
Gaussian distribution and stores them in a vector.

Computes pseudo-random samples with a uniform
distribution and stores them in a vector.

Produces a user-specified number of consecutive
samples of a sinusoid.

Produces a user-specified number of consecutive
samples of a triangle.

Computes the next pseudo-random sample with a
Gaussian distribution.

Initializes a state data structure required to
generate pseudo-random samples with a
Gaussian distribution.

Computes the next pseudo-random sample with a
uniform distribution.

Initializes a state required to generate a structure
of pseudo-random samples with a uniform
distribution.

Produces the next sample of a sinusoid.

Initializes a sinusoid with a given frequency,
phase, and magnitude.

Produces the next sample of a triangle.

Initializes a triangle with a given frequency, phase,
and magnitude.

1-23



1 Intel Signal Processing Library Reference Manual

Table 1-8 Windowing Functions (n sp_Us esWin)

Function Name Description
’ WinBartlett Multiplies a vector by a Bartlett windowing

V\/mdowmg function.

Functions WinBlackman Multiplies a vector by a Blackman windowing
function with a user-specified adjustable
parameter.

WinBlackmanStd Multiplies a vector by a Blackman windowing
function.

WinBlackmanOpt Multiplies a vector by a Blackman windowing
function with a 30-dB roll-off.

WinHamming Multiplies a vector by a Hamming windowing
function.

WinHann Multiplies a vector by a Hann windowing function.

WinKaiser Multiplies a vector by a Kaiser windowing function.

Table 1-9 Convol ution Functions (n  sp_UsesCon volution)
Function Name Description
} Conv Performs finite, linear convolution of two
) sequences.

Convolution Perf finite. i lut ¢

Functions Conv2D er orms |q|te, mgar convolution of two
two-dimensional signals.

Filter2D Filters a two-dimensional signal similar to Conv2D,
but with the input and output arrays of the same
size.
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Table 1-10

Discrete Four ier Transform Function (n sp_Us esTransform)

4

DFT
Function

Table 1-11

Function Name

Dft

Description

Computes a discrete Fourier transform in-place.

DFT for a Given Frequency (Goertzel) Functions

(nsp_Uses Transform)

4

Goertzel
Functions

Table 1-12

Function Name

bGoertz

Goertz

Goertzinit

GoertzReset

Description

Computes the DFT for a given frequency for a
block of successive signal counts.

Computes the DFT for a given frequency for a
single signal count.

Initializes the data used by Goertzel functions.

Resets the internal delay line.

Fast Fourier Transform Funct ions (nsp_UsesTransf orm)

4

FFT
Functions

Function Name

Ccs2Fft

Ccs2FftNip

CcsFit

CcsFHtl

Description

Computes a forward or inverse fast Fourier
transform of two conjugate-symmetric signals,
in-place. The results are stored in RCCcsformat.

Computes a forward or inverse fast Fourier
transform of two conjugate-symmetric signals,
not-in-place. The results are stored in RCCcs
format.

Computes a forward or inverse fast Fourier
transform of a conjugate-symmetric signal,
in-place. The results are stored in RCCcsformat.

Computes a forward or inverse low-level fast
Fourier transform of a conjugate-symmetric signal,
in-place. The results are stored in RCPermor
RCPack format.

continued [J
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Table 1-12 Fast Fourier Transform Functions  (nsp_UsesTransform) (continued)

Function Name Description

CcsFitINip Computes a forward or inverse low-level fast
Fourier transform of a conjugate-symmetric signal,
not-in-place. The results are stored in RCPermor
RCPack format.

CcsFitNip Computes a forward or inverse fast Fourier
transform of a conjugate-symmetric signal,
not-in-place. The results are stored in RCCcs
format.

Fft Computes a complex fast Fourier transform
in-place.

FftNip Computes a complex fast Fourier transform
not-in-place.

MpyRCPack2 Multiplies two vectors stored in RCPack format
and stores the results in RCPack format.

MpyRCPack3 Multiplies two vectors stored in RCPack format,
and stores the results in a third vector in RCPack
format.

MpyRCPerm2 Multiplies two vectors stored in RCPermformat
and stores the results in RCPermformat.

MpyRCPerm3 Multiplies two vectors stored in RCPermformat,
and stores the results in a third vector in RCPerm
format.

Real2Fft Computes a forward or inverse fast Fourier
transform of two real signals, in-place. The results
are stored in RCCcsformat.

RealFftNip Computes a forward or inverse fast Fourier
transform of two real signals, not-in-place. The
results are stored in RCCcsformat.

RealFft Computes a forward or inverse fast Fourier
transform of a real signal, in-place. The results are
stored in RCCcsformat.

RealFftl Computes a forward or inverse low-level fast
Fourier transform of a real signal, in-place. The
results are stored in RCPermor RCPack format.

continued [J
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Table 1-12 Fast Fourier Transform Functions  (nsp_UsesTransform) (continued)

Function Name

RealFftINip

RealFftNip

rFft

rFftNip

Description

Computes a forward or inverse low-level fast
Fourier transform of a real signal, not-in-place.
The results are stored in RCPermor RCPack
format.

Computes a forward or inverse fast Fourier
transform of a real signal, not-in-place. The results
are stored in RCCcsformat.

Computes a complex fast Fourier transform
in-place and places the real and imaginary parts
into separate arrays.

Computes a complex fast Fourier transform
not-in-place. On both input and output, the real
and imaginary parts are placed in separate arrays.

Table 1-13 Low-Level Finite I mpulse Response Fil ter Functions

(nsp_UseskFir)

Function Name

| 2 bFirl

Firl
FirlGetDlyl
FirlGetTaps
Firlinit
FirlinitDlyl

FirlinitMr

Description

Filters a block of samples through a low-level,
finite impulse response filter.

Filters a single sample through a low-level, finite
impulse response filter.

Gets the delay line values for a low-level, finite
impulse response filter.

Gets the taps coefficients for a low-level, finite
impulse response filter.

Initializes a low-level, single-rate finite impulse
response filter.

Initializes a delay line for a low-level, finite impulse
response filter.

Initializes a low-level, multi-rate finite impulse
response filter.

continued [J
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Table 1-13 Low-Level Finite Impulse Response Fil ter Functions
(nsp_UsesFir) (continued)

Function Name Description

FirlSetDlyl Sets the delay line values for a low-level, finite
impulse response filter.

FirlSetT aps Sets the taps coefficients for a low-level, finite
impulse response filter.

Table 1-14 Finite Impulse R espo nse Filter Funct ions (nsp_UsesFir)

Function Name Description
’ bFir Filters a block of samples through a finite impulse

response filter.

Fir Filters a single sample through a finite impulse
response filter.

FirFree Frees dynamic memory associated with finite
impulse response filters.

FirGetDlyl Gets the delay line values for a finite impulse
response filter.

FirGetTaps Gets the taps coefficients for a finite impulse
response filter.

Firlnit Initializes a single-rate finite impulse response
filter.

FirlnitMr Initializes a multi-rate finite impulse response filter.

FirSetDlyl Sets the delay line values for a finite impulse

response filter.

FirSetTaps Sets the taps coefficients for a finite impulse
response filter.
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Low-Level Least Mean S quares Adapt ation Filter
Functions (ns p_UsesLms)

Function Name

bLmsl

bLmsINa

Lmsl

LmslGetDlyl

LmslGetLeak

LmsliGetStep

LmslIGetTaps

LmslInit

LmslinitDlyl

LmslinitMr

LmsINa

Description

Filters samples through a low-level, multi-rate,
adaptive FIR filter that uses the least mean
squares (LMS) algorithm.

Filters samples through a low-level, multi-rate,
adaptive FIR filter that uses the least mean
squares (LMS) algorithm, but without adapting the
filter for a secondary signal.

Filters samples through a low-level, single-rate,
adaptive FIR filter that uses the least mean
squares (LMS) algorithm.

Gets the delay line values for a low-level, adaptive
FIR filter that uses the least mean squares (LMS)
algorithm.

Gets the leak values for a low-level, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Gets the step values for a low-level, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Gets the taps coefficients for a low-level, adaptive
FIR filter that uses the least mean squares (LMS)
algorithm.

Initializes a low-level, single-rate, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Initializes a delay line for a low-level, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Initializes a low-level, multi-rate, adaptive FIR filter

that uses the least mean squares (LMS) algorithm.

Filters samples through a low-level, single-rate,
adaptive FIR filter that uses the least mean
squares (LMS) algorithm, but without adapting the
filter for a secondary signal.

continued [J
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Table 1-15 Low-Level Least Mean S quares Adapt ation Filter
Functions (ns p_UsesLms) (continued)

Function Name
Lmsl|SetDlyl

LmslSetLeak

LmslSetStep

LmslISetTaps

Description

Sets the delay line values for a low-level, adaptive
FIR filter that uses the least mean squares (LMS)
algorithm.

Sets the leak values for a low-level, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Sets the step values for a low-level, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Sets the taps coefficients for a low-level, adaptive
FIR filter that uses the least mean squares (LMS)
algorithm.

Table 1-16 Least Mean Squares Adaptation  Filter Functions

(nsp_UsesLms)

Function Name
’ bLms

bLmsDes

Lms

LmsDes

1-30

Description

Filters samples through a multi-rate, adaptive FIR
filter that uses the least mean squares (LMS)
algorithm.

Filters a block of samples through a single-rate, or
multi-rate adaptive FIR filter that uses the least
mean squares (LMS) algorithm. The function uses
a desired-output signal for adaptation instead of an
error signal.

Filters a single sample through a single-rate,
adaptive FIR filter that uses the least mean
squares (LMS) algorithm.

Filters a single sample through a single-rate,
adaptive FIR filter that uses the least mean
squares (LMS) algorithm. The function uses a
desired-output signal for adaptation instead of an
error signal.

continued UJ
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Least Mean Squares Adaptation

Filter Functions

(nsp_Uses Lms) (continued)

Function Name

LmsFree
LmsGetDlyl

LmsGetErrval

LmsGetLeak
LmsGetStep
LmsGetTaps
LmslInit
LmsInitMr
LmsSetDlyl

LmsSetErrVval

LmsSetLeak
LmsSetStep

LmslSetTaps

Description

Frees dynamic memory associated with an
adaptive FIR filter that uses the LMS algorithm.

Gets the delay line values for an adaptive FIR filter
that uses the LMS algorithm.

Gets the error signal for an adaptive FIR filter that
uses the least mean squares (LMS) algorithm.
The error signal must be computed from the
desired signal by the Intel Signal Processing
Library.

Gets the leak values for an adaptive FIR filter that
uses the least mean squares (LMS) algorithm.

Gets the step values for an adaptive FIR filter that
uses the least mean squares (LMS) algorithm.

Gets the taps coefficients for an adaptive FIR filter

that uses the least mean squares (LMS) algorithm.

Initializes a single-rate, adaptive FIR filter that
uses the least mean squares (LMS) algorithm.

Initializes a multi-rate, adaptive FIR filter that uses
the least mean squares (LMS) algorithm.

Sets the delay line values for an adaptive FIR filter

that uses the least mean squares (LMS) algorithm.

Sets the error signal for an adaptive FIR filter that
uses the least mean squares (LMS) algorithm.
The error signal must be computed from the
desired signal by the Intel Signal Processing
Library.

Sets the leak values for an adaptive FIR filter that
uses the least mean squares (LMS) algorithm.

Sets the step values for an adaptive FIR filter that
uses the least mean squares (LMS) algorithm.

Sets the taps coefficients for an adaptive FIR filter

that uses the least mean squares (LMS) algorithm.
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Table 1-17 Low-Level Inf inite Impulse Res ponse Fil ter Functions
(nsp_Useslir)

Function Name Description
’ blirl Filters a block of samples through a low-level,
infinite impulse response filter.

lirl Filters a single sample through a low-level, infinite
impulse response filter.

lirlinit Initializes a low-level, infinite impulse response
filter of a specified order.

lirlinitBq Initializes a low-level, infinite impulse response
(IIR) filter to reference a cascade of biquads
(second-order IR sections).

lirlinitDly| Initializes the delay line for a low-level, infinite
impulse response (lIR) filter.

Table 1-18 Infinite | mpulse Response Fil ter Functions (nsp_Useslir)
Function Name Description
’ blir Filters a block of samples through an infinite

impulse response filter.

lir Filters a single sample through an infinite impulse
response filter.

lirFree Frees dynamically allocated memory associated
with an infinite impulse response filter.

lirlnit Initializes an infinite impulse response filter of a
specified order.

lirinitBq Initializes an infinite impulse response (IIR) filter to
reference a cascade of biquads (second-order IIR
sections).
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Table 1-19

Library Information Function  (nsp_UsesLibV ersion)

4

Library
Version
Function

Table 1-20

Function Name Description

GetLibVersion Returns information about the Signal Processing
Library version.

Memory Reclaim Functions (nsp_UsesTransform)

4

Memory
Reclaim
Functions

Function Name Description

FreeBitRevThls Frees dynamic memory for tables of bit-reversed
indices.

FreeTwdThbls Frees memory associated with all twiddle tables of

a particular type.
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Error Handling

This chapter describes the error Hargifacility supplied with the Intel

2 Signal Processing Library. The libranynfitions report a variety of errors
including bad argumentsi(LL pointers and outferange paameters) and
out of memory conitlons. When a foctiondetects an error, instead of
retuning a status ae, the function signals an error by calling
nspSetErrStatus() . This allows the error halidg mechanism to be
handled separately from the normal flow of the signal processing code. The
signal processing code is thusamer and more compact as shown in this
example.

outputSample = nspdFir(&firSt, inputSample);

if(nspGetErrStatus()<0)

/I do error checking

The errothandling sgtem is hiddemvithin the functiomspdFir() . Thus,
this statement is uncluttered by error diamg code and reds in a
statementvhich closelyresembles a mathematical formula.

The errors that a function may sa are implementation-dependent. Your
application shouldssume that every library functi@all may result in
some error corition. The Intel Signal Processing Library performs
extensive error checks (for examplg/LL pointers, out-of-range
parameters, corpted states) for every libraryrfation.

Error macros are praded to simplify the coding for error checking and
reporting. Youwan modify the way your apgationhandles errors by
calling nspRedirectError() with a pointer to your own error handling
function. For more fiormation, se€Adding Your Own Error Handler”
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later in this chapter. For even more flékif, you can replace the whole
error handling faility with your own code. The source code of the default
error handling faility is provided.

The Intel Signal Processing Library does not processrigadexceptions
(for example, overflow, underflow, and diion byzero). The uderlying
floating point library or proessor has the resmhility for catching and
reportingthese exceptions. A floating-poiitiriary is needed if a processor
that hantes flbating-point is not present. You cateah an exception
hander using an underlying floating-point library for your dipgtion, if
your system supports such a library.

Error Functions

The following sectionslescribe the error functions in the Intel Signal
Processing Library.

Error

Performs basic error handling.

void nspError(NSPStatus status , constchar* func ,
const char * context );

Discussion

ThenspError()  function should be called whenever any of theary's
functions encounters an error. The actual errortiegowill be hanted
differently, depending on whether the gram is running in Windows
mode or in console mode. Within each invocation modecgowset the
error mode flag to alter the behavior of theError()  function. See
page 2-4“SetErrMale,” (fornspSetErrMode() ) for more information on
the defined error modes.
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To simplifythe coding for error checking anelporting,the errorhandling
system supplied by thetl Signal Processing Library supports a set of
error macros. Seérror Macros”for a detailed description of the error
handling macros.

ThenspError()  function calls the default error regiog function. You
can change the default error rejirg function bycalling
nspRedirectError() . For more informatiorseepage 2-6
“RedirectError,” (fornspRedirectError() ).

GetErrStatus, SetErrStatus

Gets and sets the error codes which
describe the type of error being
reported.

typedef int NSPStatus;
NSP Status nspGetErrStatus();
void nspSetErrStatus(NSPStatus status);

status Code that indicates the type of error (Seéle 2-1,
“nspError() Status Codép

Discussion

ThenspGetErrStatus() andnspSetErrStatus() functions get and
set the error status codes which describe the type of error beingdepo
See“Status Codesfor descrifions of each of the error status codes.

2-3



2 Intel Signal Processing Library Reference Manual

2-4

GetErrMode, SetErrMode

Gets and sets therror modes which
describe how an error is pressed.

#define NSP_ErmModelLeaf 0
#define NSP_ErrModeParent 1
#define NSP_ErrModeSilent 2
int nspGetErrMode();

void nspSetErrMode (int errMode);

L)

errMode Indicates how errors will be processed. The possible
valuesfor errMode areNSP_ErrModelLeaf
NSP_ErrModeParent , orNSP_ErrModeSilent

Discussion

NOTE. This section describes hdte default error handler handles
errors for apfications which run in console mode. If your application
has a custom error handler, errors will be pessed ifferently than
described below.

ThenspSetErrMode()  function sets the error modes which describe how
errors are processed. The defined error modes&teErrModeleaf |,
NSP_ErrModeParent , andNSP_ErrModeSilent

If you specifyNSP_ErrModeLeaf , errors are processed in thea\es” of
the functioncall tree. TheaspError()  function (in console mode) prints
an errormessage deribingstatus |, func , andcontext . It then
terminates the program.

If you specifyNSP_ErrModeParent , errors are processed in the “parents”
of the function all tree. WhemspError() is called as the result of
detecting an error, an error message wvilit but the prgram will not
terminate. Eactime a function calls atleer function, it must check to see
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if an error has occurred. When an error occurs, the function shaduld ¢
nspError()  specifyingNSP_StsBackTrace , and then return. The macro
NSP_ERRCHK()may beused to perform both the error check and hesde
call. This passes the error “up” thenftion call tree until eventually some
parent fuetion (possiblymain() ) detects the error anerminates the
program.

NSP_ErrModeSilent is similar toNSP_ErrModeParent , except that
error messages are notried.

NSP_ErrModeLeaf is the default, and is the simplest method of processing
errors. NSP_ErrModeParent  requires more pgyamming effort, but
provides more detailddformation about where and why arror occurred.

All of the functions in the library support both options (that is, they use
NSP_ERRCHK()after function alls). If an aplicationuses the
NSP_ErrModeParent option, it is essential that it check for errors after all
library functions that italls.

The status code of the last detected error is stotedhe global variable
NsplLastStatus  and can be returned by callingp GetErrStatus()

The value of this variable may be used by the applicationgithe back
trace process to determine what type of eriitiabed the back trace.

ErrorStr

Translates an error ostatus code into a
textual description.

const char* nspErrorStr(NSPStatus status );

status Code that indicates the type of error (Seéle 2-1,
“nspError() Status Codép
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Discussion

The functiomspError Str() returns a short strirdescribingstatus

Use this function to produce error messages for users. Theegfoointer

is a pointer to an internal static buffer that may be over-written on the next
call tonspErrorStr()

RedirectError

Assigns a new error handler to call
when an error occurs.

NSPErrCallBack nspRedirectError(NSPErrCallBack func );

func Pointer to the function that will bealled when an error
occurs.

Discussion

ThenspRedirectError() function assigns mew function to be alled
when an error occurs in the SP Library.futfc is NULL,
nspRedirectError() installs the Intel Signal Processing Library’s
default error handler.

The return value afspRedirectError() is a pointer to the previously
assigned error hditing function.

For the definition othe function typedefiSPErrCallBack , see the
include filensperror.h . Se€Adding Your Own Error Handlerfor more
information on thenspRedirectError() function.

Error Macros

The error macros associated with tkeError()  function are desribed
below.

#define NSP_ERROR( status , func , context )\
nspError((  status ),( func ),( context );
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#define NSP_ERRCHK( func , context )\
((nspGetErrStatus()>=0) ? NSP_StsOk \
:NSP_ERROR(NSP_StsBackTrace,(  func ),( context )))

#define NSP_ASSERT( expr , func , context )\
(( expr) ? NSP_StsOk\
:NSP_ERROR(NSP_StsInternal,( func ),( context )))

#define NSP_RSTERR() (nspSetErrStatus(NSP_StsOk))

context Provides additional formation about the edext in
which the error occurred. If the valueafitext is
NULL or empty, this string will not agear in the error

message.
expr An expression that checks for an errordition and
returnsFALSE if an error occurred.
func Name of the function where the error occurred.
status Code that indicates the type of error (Seéle 2-1,

“nspError() Status Codés

Discussion

TheNSP_ASSERT() macro checks for the error conditierpr and sets the
error statusNSP_ Stsinternal if the error occurred.

TheNSP_ERRCHK()macro checks to see if an error has occurred by
checking the error status. If an error has occunied, ERRCHK()creates
an error back tracmessage and ratis a non-zero value. This macro
should normally be usedter any call to a fuction that might &ve signaled
an error.

TheNSP_ERROR()macro simply calls thespError()  function by
default. This macro is used by other error macros. By changing
NSP_ERROR()you can modify the error regi;ng behavior without
changing a single line of source code.

TheNSP_RSTERR()macro resets the error status\i&P StsOk, thus
clearing any error condition. This macro should be used by an application
when it decides to ignore an error condition.
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Status Codes

The status codessed by the Intel Signal Processing Library@escribed

in Table 2-1. Status des are integers, not an enumerated tyges T

allows an application to éendthe set of status codes beyond those used by
the library itséf. Negative cdes indicaterrors, while nomegaive codes
indicate success.

Table 2-1 nspError() Status C odes

Status Code Value Description

NSP_StsOk 0 No error. The nspError() function
will do nothing if called with this status
code.

NSP_StsBackTrace -1 Implements a backtrace of the

function calls that lead to an error. If
NSP_ERRCHK()detects that a
function call resulted in an error, it
calls NSP_ERROR()with this status
code to provide further context
information for the user.

NSP_StsError -2 An error of unknown origin, or of an
origin not correctly described by the
other error codes.

NSP_Stsinternal -3 An internal “consistency” error, often
the result of a corrupted state
structure. These errors are typically
the result of a failed assertion.

NSP_StsNoMem -4 A function attempted to allocate
memory using malloc()  orarelated
function and was unsuccessful. The
message context indicates the
intended use of the memory.

NSP_StsBadArg -5 One of the arguments passed to the
function is invalid. The message
context indicates which argument
and why.

continued [J
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Table 2-1 nspError() Status Codes (continued)

Status Code Value Description

NSP_StsBadFunc -6 The function is not supported by the
implementation, or the particular
operation implied by the given
arguments is not supported.

NSP_StsNoConv -7 An iterative convergence algorithm

failed to converge within a reasonable
number of iterations.

Application Notes: The global variablélspLastStatus  records the
status of the last error reported. v@8ue is initiallyNSP_StsOk. The value
of NspLastStatus  is not explicitly set by the library functiatetecting an
error. Instead, it is set ygpSetErrStatus()

If the application decides to ignore an error, it shousétre

NsplLastStatus ~ back toNSP_StsOk (seeNSP_RSTERR() under “Error
Macros”). An application-supplied error handlingittion must update
NsplLastStatus  correctly; otherwise the Intel Signal Processing Library
might fail. This is because the mac¢i®P_ERRCHK() which is used
internally to the lirary, refers to the value of this variable.

Error Handling Example

The following example desibes the default error haim for a cosole
application. Inthe example prograrest.c , assume that the function
libFuncB()  represents alrary function such assp?Fft() , and the
functionlibFuncD()  represents a fiction that is called internally to the
library such asisp?GetFftTwdThl() . In this scenariopain() and
appFuncA() represent application de.

The value of the error modedst toNSP_ErrModeParent . The
NSP_ErrModeParent option produces a more detailed account of the error
conditions.
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Example 2-1 Error Functions

* application main function */

main() {
nspSetErrtMode (NSP_ErrModeParent);
appFuncA(5, 45, 1.0);
if (NSP_ERRCHK("main”,"compute something"))
exit(1);
return O;
}

[* application subroutine */

void appFuncA(int orderl, int order2, double a) {
libFuncB(a, orderl);
if NSP_ERRCHK("appFuncA","compute using orderl")) return;
libFuncB(a, order2);
if (NSP_ERRCHK("appFuncA","compute using order2")) return;
/* do some more work */

continued [J
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Example 2-1 Error Functions (continued)

[* library function (e.g., nsp?Fft()) */
void libFuncB(double a, intorder) {
double *vec;

if (order > 31) {
NSP_ERROR(NSP_StsBadArg, "libFuncB",
"order must be less than or equal to 31");
return;

}

if (vec = libFuncD(a, order)) == NULL) {
NSP_ERRCHK("libFuncB", "compute using a");
return;

}

[* code to do some real work goes here */

free(vec);

}
* library function called internally (e.g.,nsp?GetFftTwdTbl()) */
double *libFuncD(double a, int order) {

double *vec;

if (vec=(double*)malloc(order*sizeof(double))) == NULL) {
NSP_ERROR(NSP_StsNoMem, "libFuncD",
"allocating a vector of doubles");
return NULL;

/* do something with vec */
return vec;
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When the program is run, it pracks the output illustrated in Example 2-2.

Example 2-2 Output for the Error Function Program (NSP_Err ModeP arent)

Intel Signal Processing Library Error: Invalid argument in function
libFuncB: order must be less than or equalto 31

called from function appFuncA: compute using order2
called from function main: compute something

If the program had run witthe NSP_ErrModelLeaf optioninstead of
NSP_ErrModeParent , only the first line of the above output would have
been produced before the program terminated.

If the program in Example 2-1 had run out of heap memory whilegthe
NSP_ErrModeParent option,then the output illustrated in Example 2-3
would be produced.

Example 2-3 Output for the Error Function Program (NSP_Err ModeP arent)

Intel Signal Processing Library Error: Out of memory in function
libFuncD:

allocating a vector of doubles
called from function libFuncB: compute using a
called from function appFuncA: compute using orderl
called from function main[]: compute something

Again, if the program had been run with theP_ErrModelLeaf option
instead oNSP_ErModeParent , only the first line would have been
produced.

Adding Your Own Error Handler

The Intel Signal Processing Library allows you to define your own error
hander. User-defined error handlers are useful if you want your agtjuiic

to send error messages to a itkediton other than the standard error output
stream. For example, you can choosgeind error messages to a dialog box

if your application is running under a Windows system or you can choose to
send error messages tegecial log file.
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Thereare two methods of adding your owrror handler. In the first
method, you can replace thepError()  function or the completerror
handling library with your own code. Noteat this method can only be
used at link time.

In the second method, you case thenspRedirectError() function to
replace the errdnander at run time. The steps below describe how to
create your owrrror handler and how to use thgRedirectError()
function to redirecerror reporting.

1. Define a function with the function prototypeSPErCallBack , as
defined by the Intel Signal Procesing Library.

2. Yourapplication should then call thepRedirectError () function
to redirect error reporting for your own function. All subsequent calls
tonspError()  will call your own error handler.

3. To redirect the error handling back to the defaultlEnsimply call
nspRedirectError() with aNULL pointer.

Example 2-4 illustrates a user-defined ehander function,ownError()
which simply prints an erranessage consicted from its arguments and
exits.
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Example 2-4 A Simple Error Handler

NSPStatus ownError (NSPStatus status, const char *func,
const char *context, const char *file, int line)

{

fprintf(stderr, "SP Library error: %s, ", nspErrorStr(status));
fprintf(stderr, "function %s, ", func ? func: "<unknown>");
if (line > 0) fprintf(stderr, "line %d, ", line);

if (file I= NULL) fprintf(stderr, "file %s, ", file);

if (context) fprintf(stderr, "context %s\n", context);
NspSetErStatus(status);

exit(1);

}

main ()

{

extern NSPErrCallBack ownError ;

/* Redirect errors to your own error handler */
nspRedirectError( ownError ),

/* Redirect errors back to the default error handler */
nspRedirectError(NULL);




Arithmetic and Vector
Manipulation Functions

The functionglescribed in this chapter perform compleatued arithnetic,
vector initialization, vector arithmetic, and the following vector
manipulation functins: measure, conjugation, sampianipulation, and
correlation.

Arithmetic Functions

3 This section describes the Intel Signal Processing Library functions that
perform comjex-valued arithratic.

Set

Initializes a complex value to a
specified value.

SCplx nspcSet(const float re, const float im);
I* complex values; single precision */

DCplx nspzSet(const double re, const double im);
[* complex values; double precision */

WCplx nspvSet(const short int re , const short int im);
[* complex values; shortinteger */

re Real part of the complex value.
im Imaginary part ofthe comjpex value.

3-1



3 Intel Signal Processing Library Reference Manual

Discussion
The functiomsp?Set() initializes a complex valuith (re , im).

Add

Adds two complex values.

SCplx nspcAdd(const SCplx a, const SCplx b;
[* complex values; single precision */
DCplx nspzAdd(const DCplx a, const DCplx b);

/* complex values; double precision */

WCplIx nspvAdd(const WCplx a, const WCplx b, int ScaleMode,
int* ScaleFactor );
[* complex values; shortinteger */

a,b Complex values to be added.

ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?Add() function adds two complevalues & + b).

Conj
Conjugates a complex value.
SCplx nspcConj(const SCplx a);

I* complex values; single precision */
DCplx nspzConj(const DCplx a);

I* complex values; double precision */
WCplIx nspvConj(const WCplx a);

[* complex values; shortinteger */
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Discussion
Thensp?Conj()

function conjugates a complex valug)(

Div

Divides two comlgx values.

SCplx nspcDiv(const SCplx a, const SCplx b);
[* complex values; single precision */

DCplx nspzDiv(const DCplx a, const DCplx b);
/* complex values; double precision */

WCplIx nspvDiv(const WCplx a, const WCplx b);

[* complex values; shortinteger */
a,b

Discussion
Thensp?Div()

Complex valuesa is a dividendp is a divisor.

function divides two complexalues & / b).

Mpy

Multiplies two complex vaks.

SCplx nspcMpy(const SCplx a, const SCplx by;
I* complex values; single precision */

DCplx nspzMpy(const DCplx a, const DCplx by;
I* complex values; double precision */

WCplIx nspvMpy(const WCplx a, const WCplx b,

int* ScaleFactor ),
[* complex values; shortinteger */

int ScaleMode,
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a,b Complex values to be migtied.

ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?Mpy() function multigies two compex values § * b).

Sub

Subtracts two complex values.

SCplx nspcSub(const SCplx a, const SCplx b);
/* complex values; single precision */
DCplx nspzSub(const DCplx a, const DCplx b);

I* complex values; double precision */
WCplIx nspvSub(const WCplx a, const WCplx b, int ScaleMode,

int* ScaleFactor ),
* complex values; shortinteger */

a,b Complex valuesa is a minuendp is a subtrahend.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?Sub() function subtrats two complex values (- b).

Vector Initialization Functions

The functions described in this section initialize the values ofléraents
of a vector. A vector's elements can biialized to 2ro or to another
specified value. They can alsoibéialized tothe value of a second vector.
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bCopy

Initializes a vectowith the contents of a
second vector.

void nspsbCopy(const float * src ,float * dst , int ny;
I* real values; single precision */
void nspchCopy(const SCplx * src ,SCplx* dst,int ny;
* complex values; single precision */
void nspdbCopy(const double * src ,double *  dst, int ny;
* real values; double precision */
void nspzbCopy(const DCplx * src ,DCplx* dst,int ny;
[* complex values; double precision */
void nspwbCopy(const short * src ,short * dst, int n);
* real values; short integer */
void nspvbCopy(const WCplx * src ,\WCplx* dst, int n)
I* complex values; shortinteger */
dst Pointer to the vector to be initialized.
n The number of elements to copy.
src Pointer to the sorce vector used to initializest[n]
Discussion

The functiomsp?bCopy() copies the firsh elements from a source vector

src[n]  into a destination vectarst/n]

bSet

Initializes a vector to a specified value.

void nspsbSet(float val ,float * dst , int ny;
* real values; single precision */
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void nspcbSet(float re , float im, SCplx *  dst ,int ny;
* complex values; single precision */
void nspdbSet(double val , double * dst , int ny;
* real values; double precision */
void nspzbSet(double re ,double im, DCplx *  dst ,int n;
[* complex values; double precision */
void nspwbSet(short val , short * dst , int ny;
* real values; short integer */
void nspvbSet(short re, short im, WCplx * dst ,int ny;
/* complex values; shortinteger */
dst Pointer to the vector to be initialized.
n The number of elements to initialize.
re, im The complex valueré + jim) used to initialize the
vectordst/n]
val The real value used to initialize the vecdsi/n]
Discussion

The functiomsp?bSet() initializes the firsth elements of the vector
dst[n]  to contain the same value: either (if dst/n] is a real vector) or
re + jim (if dstfn] is a complex vector).

bZero

Initializes a vector to zero.

void nspsbZero(float * dst , int ny;
* real values; single precision */

void nspcbZero(SCplx * dst , int ny;
[* complex values; single precision */

void nspdbZero(double * dst ,int n;
* real values; double precision */

void nspzbZero(DCplx * dst , int ny;
[* complex values; double precision *
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void nspwbZero(short * dst , int ny;
* real values; short integer */

void nspvbZero(WCplx * dst , int ny;
[* complex values; shortinteger */

dst Pointer to the vector to be initialized to zero.

n The number of elements to initialize.

Discussion

Thensp?bZero()  function iritializes the firstn elements ofhe vector
dstfn]  toO.

Vector Arithmetic Functions

This section describes the Intel Signal Processing Libratifums wiich
perform vector arithmetic operations between the vectors. The arithmetic
functions include basic, elemewise arithmetic operations between
vectors as well as more complex calculations such as limiting vector
elements by a spéied threshold or computing ablute alues, square and
square root, natal logarihm and exponential of vectetements.

The library provides two versions of each function. One versoforms
the operation “in-plag,” while the other stores the results of tipe@tion
in a third vector.

bAddl

Adds a value to eaadlement of a

vector.

void nspsbAdd1(const float val , float* dst , int ny;
[* real values; single precision */

void nspcbAdd1(const SCplx val , SCplx* dst, int n;

/* complex values; single precision */
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void nspdbAdd1(const double

val ,double * dst ,int ny;

* real values; double precision */

void nspzbAdd1(const DCplx

val , DCplx*  dst, int ny;

I* complex values; double precision */

void nspwbAdd1(const short
int ScaleMode , int *

val , short* dst , int n,
ScaleFactor ),

* real values; short integer */

void nspvbAdd1(const WCplx
int  ScaleMode , int *

val , WCplx* dst , int n,
ScaleFactor ),

[* complex values; shortinteger */

val

dst
n
ScaleMode ,

ScaleFactor

Discussion
Thensp?bAddl()

The value used to inement each efeent of the vector
dst[n]

Pointer to the vectarst/n]
The number of values in the vectar .

Refer to “Scaling Arguments” in Chapter.1

function adds aalueval to each element of a

destination vectou'st[n] in-place.

bAdd2

Adds the elements of two \@st

void nspsbAdd2(const float *

src , float * dst ,int ny;

[* real values; single precision */

void nspcbAdd2(const SCplx *

src ,SCplx* dst,int ny;

* complex values; single precision */

void nspdbAdd?2(const double *

src ,double *  dst, int ny;

* real values; double precision */

void nspzbAdd2(const DCplx *

src ,DCplx* dst,int ny;

I* complex values; double precision */
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void nspwbAdd2(const short
int  ScaleMode , int *

*src , short * dst , int n,
ScaleFactor ),

I* real values; short integer */

void nspvbAdd2(const WCplx
int  ScaleMode , int *

*src ,WCplx* dst,int n,
ScaleFactor ),

/* complex values; shortinteger */

dst

n
src
ScaleMode ,

ScaleFactor

Discussion
Thensp?bAdd2()

Pointer to the vectarst/n] . The vectotist/n] stores
the result of the atition src/n]  + dst/n]

The number of values in the versgo
Painter to the vector to be addedtan]

Refer to “Scaling Arguments” in Chapter.1

function adds thelements of a souraeectorsrcin]

to the elements of destination vectaiist/n] , and stores the result in
dstn] . The vectorsrc[n] anddst/n] mustbe of equal length. If they
are not, the function will return unpredictable results.

bAdd3

Adds the elements of two v@st and
stores the result in a third vector.

void nspsbAdd3(const float *

SrcA , const float * srcB , float * dst ,

int n); /* real values; single precision */

void nspcbAdd3(const SCplx *

SrcA , const SCplx * sreB, SCplx*  dst

int n); /* complex values; single precision */

void nspdbAdd3(const double *

srcA |, const double * srcB , double * dst ,

int  n); /* real values; double precision */

void nspzbAdd3(const DCplx *

srcA , const DCplx * srcB ,DCplx*  dst

int n); /* complex values; double precision */
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void nspwbAdd3(const short *sSrcA , const short * srcB , short * dst ,
int n, int ScaleMode ,int* ScaleFactor );
* real values; short integer */
void nspvbAdd3(const WCplx *srcA , const WCplx * srcB , WCplx *  dst
int n, int ScaleMode ,int* ScaleFactor );
/* complex values; shortinteger */
dst Pointer to the vectarst/n] . This vector stores the
result of the additiosrcAln]  + srcB[n]
n The number of values in the verdo
SIcA , srcB Pointers to the vectors whoskements are to be added
together.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor
Discussion

Thensp?bAdd3() function addshe elements of a source vectarA/n]

to the elements of vectercB/n] , and stores the result iatfn]

. The

vectorssrcAln] , srcB[n] , anddst/n] must be of equal length. If they

are not, the function will return unpredictable results.

bMpyl

Multiplies each element of a vector by a

value.

void nspsbMpy1(const float val , float* dst ,int n;
* real values; single precision */

void nspcbMpy1(const SCplx val , SCplx*  dst, int ny;
I* complex values; single precision */

void nspdbMpy1(const double val ,double * dst ,int ny;
* real values; double precision */

void nspzbMpy1(const DCplx val ,DCplx* dst, int ny;

[* complex values; double precision */
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void nspwbMpy1(const short
int  ScaleMode , int *

val , short* dst , int n,
ScaleFactor ),

I* real values; short integer */

void nspvbMpy 1(const WCplx
int  ScaleMode , int *

val , WCpIx* dst , int n,
ScaleFactor ),

/* complex values; shortinteger */

val

dst

n

ScaleMode ,
ScaleFactor

Discussion

The value used to multiply each element of the vector
dst[n]

Pointer to the vectarst/n]
The number of values in the vectar .

Refer to “Scaling Arguments” in Chapter.1

The functiomsp?bMpy1() multiplies each element of thdestination

vectordst/n]

by the valuesal in-place.

bMpy2

Multiplies theelements of two vectors.

void nspsbMpy2(const float *

src |, float * dst , int ny;

* real values; single precision */

void nspcbMpy?2(const SCplx *

src ,SCplx* dst,int ny;

[* complex values; single precision */

void nspdbMpy?2(const double *

src ,double *  dst, int ny;

[* real values; double precision */

void nspzbMpy?2(const DCplx *

src ,DCplx* dst,int ny;

/* complex values; double precision */

void nspwbMpy2(const short

int  ScaleMode ,int *

*src , short * dst , int n,
ScaleFactor ),

* real values; short integer */
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void nspvbMpy2(const WCplx *src ,WCplx* dst ,int n,
int  ScaleMode , int * ScaleFactor ),
[* complex values; shortinteger */

dst Pointer to the vectarst/n] . This vector stores the
result of the multiplicationsfc/n] * dst/n] ).

n The number of values in the verto

src Painter to the vector to be miplied with dst/n]

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

The functiomsp?bMpy2() multiplies the elements of the vector/n]

by the elements dhe vectordsi/n] , and stores the resultdist/n] . The
vectorssrc[n]  anddst/n] must be of equal length. If thaye not, the
function will return unpredictable results.

bMpy3

Multiplies two vectors andtores the
result in a third vector.

void nspsbMpy3(const float * SrcA , const float * srcB |, float * dst,
int n); /*real values; single precision */
void nspcbMpy3(const SCplx * SrcA , const SCplx * sreB, SCplx*  dst
int n); /*complex values; single precision */
void nspdbMpy 3(const double * SrcA , const double * srcB , double *  dst
int n); /*real values; double precision */
void nspzbMpy3(const DCplx * srcA , const DCplx * srcB ,DCplx*  dst
int n); /*complex values; double precision */
void nspwbMpy3(const short *srcA , const short * srcB , short * dst ,

int n, int ScaleMode ,int* ScaleFactor );
* real values; short integer */
void nspvbMpy3(const WCplx *srcA , const WCplx * sreB , WCplx *  dst ,
int n, int ScaleMode ,int* ScaleFactor );
[* complex values; shortinteger */
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dst Pointer to the vectarst/n] . This vector stores the
result of the multiplications{cA[n]  * srcBfn] ).

n The number of values in the verto

SIcA, srcB Pointers to the vectors whosements are to be

multiplied together.

ScaleMode Refer to"Scaling Arguments” in Chapter. 1
ScaleFactor

Discussion

Thensp?bMpy3() function multiplieghe elements of a vectercA/n] to
the elements of a vectercB/n] , and stores the resultist/n] . The
vectorssrcAln] , srcB[n] , anddst/n] must be of equal length. If they
are not, the function will return unpredictable results.

bSubl

Subtracts a value from each element of

avector.

void nspsbSub1(const float val , float* dst ,int ny;
* real values; single precision */

void nspchSubl(const SCplx val , SCplx*  dst, int n;
I* complex values; single precision */

void nspdbSub1(const double val ,double * dst ,int ny;
* real values; double precision */

void nspzbSub1(const DCplx val ,DCplx*  dst, int ny;
[* complex values; double precision */

void nspwbSubl(const short val , short* dst , int n,

int ScaleMode , int * ScaleFactor ),
* real values; short integer */
void nspvbSub1(const WCplx val , WCpIx* dst, int n,
int ScaleMode , int * ScaleFactor ),
[* complex values; shortinteger */

3-13



3 Intel Signal Processing Library Reference Manual

val

dst

n

ScaleMode ,
ScaleFactor

Discussion

Thensp?bSubl()

The value used to deerent each element of the vector
dst[n]

Painter to the vectarst/n]
The number of values in the vector .

Refer to “Scaling Arguments” in Chapter.1

function subracts a valuea/ from each element of a

destination vectou'st/n] in-place.

bSub?2

Subtracts the elements of two vectors.

void nspsbSub2(const float *

val , float * dst , int ny;

* real values; single precision */

void nspchSub2(const SCplx *

val ,SCplx* dst,int ny;

[* complex values; single precision */

void nspdbSub2(const double *

val , double * dst , int ny;

* real values; double precision */

void nspzbSub2(const DCplx *

val ,DCplx* dst, int ny;

[* complex values; double precision */

void nspwbSub?2(const short

int  ScaleMode , int *

*val ,short *
ScaleFactor ),

dst ,int n,

* real values; short integer */

void nspvbSub2(const WCplx
int  ScaleMode , int *

*val ,WCplx* dst,int n,
ScaleFactor ),

[* complex values; shortinteger */

val

dst

3-14
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n The number of values in the vergo
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?bSub2() function sulracts the elements ofvactorvaln]

from the dements of a desiation vectordst/n] , and stores the result in
dstfn] . The vectorsal/n] anddst/n] mustbe of equal length. If they
are not, the function will return unpredictable results.

bSub3

Subtracts the elements of two vectors
and stores the results in a third vector.

void nspsbSub3(const float * src , const float * val , float * dst ,
int n); * real values; single precision */
void nspcbSub3(const SCplx * src , const SCplx * val ,SCplx* dst,
int n); [* complex values; single precision */
void nspdbSub3(const double * src , const double * val , double * dst ,
int n); /*real values; double precision */
void nspzbSub3(const DCplx * src , const DCplx * val ,DCplx* dst,
int n); /* complex values; double precision */
void nspwbSub3(const short *src , const short * val ,short * dst ,

int n, int ScaleMode ,int* ScaleFactor );
* real values; short integer */

void nspvbSub3(const WCplx *src , const WCplx * val ,WCplx * dst ,
int n, int ScaleMode ,int* ScaleFactor );
/* complex values; shortinteger */

src Pointer to the vector vase elements are to be decreased
by the elements ofa//n]

val Pointer to the vector whose #&lents are subtracted
from srcln]
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dst Pointer to the vectarst/n] . This vector stores the
result of the subtractiosrc/n] —valn]

n The number of values in the verto

ScaleMode , Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

Thensp?bSub3() function sulracts the elements of a vectau/n]

from the dements of a source vecter/n] , and stores the result in
dstfn] . The vectorsrc/n] ,valln] ,anddst[n] must be of equal
length. If they are not, the function will return unpredictable results.

DotProd

Computes the dot product of two

vectors.

float nspsDotProd(const float * vecl , const float * vec2 ,int ny;
* real values; single precision */

double nspdDotProd(const double * vecl, const double * vec?2 , int ny;
* real values; double precision */

SCplx nspcDotProd(const SCplx * vecl, const Scplx * vec2 ,int ny;
I* complex values; single precision */

DCplx nspzDotProd(const DCplx * vecl, const Dcplx * vec2 ,int n;
* complex values; double precision */

SCplx nspscDotProd(const float * vecl , const Scplx * vec2, int ny;
* real and complex values; single precision */

SCplx nspcsDotProd(const SCplx * vecl , const float * vecZ2 , int ny;
/* complex and real values; single precision */

DCplx nspdzDotProd(const double * vecl, const Dcplx * vec2 , int n;
/* real and complex values; double precision */

DCplx nspzdDotProd(const DCplx * vecl , const double * vec2 , int ny;
[* complex and real values; double precision */

short nspwDotProd(const short * vecl, constshort * vec2 ,int n,

int ScaleMode, int *ScaleFactor ),
* real values; short integer */
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WCplIx nspvDotProd(const WCplx * vecl, const WCplx * vec2 ,int n,
int  ScaleMode , int * ScaleFactor ),
* complex values; shortinteger */

WCplIx nspwvDotProd(const short * vecl , const WCplx * vecZ2, int n,
int ScaleMode, int *ScaleFactor ),
[* real and complex values; short integer */

WCplIx nspvwDotProd(const WCplx * vecl , const short * vecZ2 , int n,
int  ScaleMode , int * ScaleFactor ),
[* complex and real values; short integer */

vecl Pointer to the first vector to compute the dot product of
two vectors.

vec2 Pointer to the second vector to compute the dot product
of two vectors.

n The number of elements in the vectors.

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

Thensp?DotProd()  function comptes the dot product (skea value) of
two vectorsyecin] andvec2[n] . The vectorseci[n] andvec2n]
must be of equal length. If theye not, the faiction will return
unpredictable results.

bThreshl

Performs the threshold operation on the
elements of a vectan-place by limiting
the element values hyresh .

void nspsbThresh1(float *vec , int n, float thresh, int relOp );
* real values; single precision */
void nspcbThresh1(SCplx *vec , int n, float thresh, int relOP );

I* complex input vector; real threshold; single precision */
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void nspdbThresh1(double *vec , int n, double thresh, int relOp ),
* real values; double precision */
void nspzbThresh1(DCplx *vec , int n, double thresh, int relOp );
* complex input vector; real threshold; double precision */
void nspwbThresh1(short *vec , int n, short thresh, int relOp );
* real values; short integer */
void nspvbThresh1(WCplx *vec , int n, short thresh, int relOp );
[* real values; short integer */
vec Pointer to the vector on whe elementthe threshold
operation is performed.
n The number of elements in the vector.
thresh A value used to limit each elementwafc/n] . This

argument must always be real. For complex flavors, it
must be positive and re@ent magnitude.

relOP The values of this argument specify which relational
operator to use and whethéresh is an upper or
lower bound for the input. The/OP must have one of
the following values:

NSP_GT Specifies the “greater than” operator and
thresh is an upper bound.

NSP_LT Specifies the “less than” operator and
thresh  is a lower bound.

Discussion

Thensp?bThreshl()  function performs the threshold operationtios
input vectorvec/n] in-place bylimiting the input vector by the threshold
valuethresh . TherelOP argument sgefies which relational opator to
use: “greater than” or “less than,” and determines whetherh is an
upper or lower bound for the input, respectively.

For example, the formula fosp?bThreshl()  called with theNSP_GT
flag is:

veclk], thresh >veck ]
veclk] = chresh ., otherwise
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Application Notes: Fors, d, ¢, andz flavors ofnsp?bThresh1() , the
thresh argument islways real, even for the complex ftag. Forw andv
flavors, thethresh argument is always integer, even for the complex
flavor of this function.

For all complex flavorsihresh  must be positive and represents a
magnitude. The magnitude of the input is limited, but the pleamsains
unchanged. Zero-valued input is assumedai@tero phase.

bThresh2

Performs the threshold operation on a
vector by limiting the vectalement
values bythresh  and places the results
in a second vector.

void nspsbThresh2(const float *src , float *dst ,int n, float thresh,
int relOp ); /* real values; single precision */

void nspcbThresh2(const SCplx *src , Scplx *dst ,int n, float thresh,
int relOP ),
I* complex vectors; real threshold; single precision */

void nspdbThresh2(const double *src , double *dst , int n,

double thresh, int relOp ),
* real values; double precision */
void nspzbThresh2(const DCplx *src , Deplx *dst ,int n,
double thresh, int relOp ),
* complex vectors; real threshold; double precision */

void nspwbThresh2(const short *src , short fdst ,int n, short thresh,
int relOp ); I* real values; short integer */
void nspvbThresh2(const WCplx *src , WCplx  *dst ,int n, short thresh,
int relOp ); I* complex values; shortinteger */
src Pointer to the vectarrc/n]
dst Pointer to the vectarst/n]
n The number of elements in the vecso
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thresh A value used to limit each elementwf/n] . This
argument must always be real. For complex flavors, it
must be positive and re@ent magnitude.

relOP The values of this argument specify which relational
operator to use and whethéresh is an upper or
lower bound for the input, accordingly. Th#éOP must
have one of the falwing values:

NSP_GT Specifies the “greater than” operator and
thresh is an upper bound.

NSP_LT Specifies the “less than” operator and
thresh s a lower bound.

Discussion

Thensp?bThresh2()  function performs the threshold operationtios
input vectorsrc/n]  in-place.The function limits the input vector by the
threshold valuehresh . TherelOP argument specifies which relational
operator to use: “greater than”‘tess than,” and determines whether
thresh is an upper or lower bound for the input, respectively.

For example, the formula for tieal \ersions ohsp?bThresh2()  called
with theNSP_GTflag is:

osre k 1, thresh >src k ]
dstk ] = Oy .

o resh , otherwise
Application Note: Fors, d, c, andz flavors ofnsp?bThreshl() , the
thresh argument isalways real, even for the complex ftag. Forw andv
flavors, thethresh argument is always integer, even for the complex
flavor of this function.

For all complex flavorsthresh  must be positive and represents
magnitude. The magnitude of the input is limited, but the pleasains
unchanged. Zero-valued input is assumedai@hero phase.
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binvThreshl

Computes the inverse of vector elements
in-place after iimiting their magnitudes
by the lower bound afiresh .

void nspsbinvThreshl(float *vec ,int n, float thresh ),
* real values; single precision */
void nspcblnvThreshl1(SCplx *vec ,int n, float thresh ),
* complex input vector; real threshold; single precision */
void nspdblnvThresh1l(double *vec , int n, double thresh );
* real values; double precision */
void nspzblnvThresh1(DCplx *vec ,int n, double thresh );
[* complex input vector; real threshold; double precision */
vec Pointer to the vectarec/n]
n The number of elements in the vector.
thresh A value, the lower bound of which is used to limit each
element ofvec/n] . This argument must always be real
and positive.
Discussion

Thensp?binvThreshi() function computes the inverse @ements of
the n-length input vectorec/n] in-place. The computation occuafer
first limiting the magnitude of eachesent bythe lower bound ofresh .
The limiting operation is performed to avoid division by zero. Since
thresh  represents a magnitude, it is always real and must always be
positive. For complex versions, the magde ofthe input is limited, but
the phase remains unchanged. Zero-valued input is assuimaektaero
phase.

Application Note: This function should skip the limiting steptfifesh

is zero. In this case, if the fation encouaters zerevalued vector elements,
the value of the corresponding elements in the result is setd&_ VAL
and a division-by-zererror is flagged with a call tespError()  after
computation is complete.
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binvThresh2

Computes the inverse of vector elements
after limiting their magnitudes by the
lower bound ofhresh and places the
results in a second vector.

void nspsbinvThresh2(const float *src , float *dst ,int n, float
thresh ); I* real values; single precision */
void nspcblnvThresh2(const SCplx *src , SCplx  *dst ,int n, float
thresh );
I* complex vectors; real threshold; single precision */
void nspdblnvThresh2(const double *src , double *dst ,int n, double
thresh ); /* real values; double precision */
void nspzblnvThresh2(const DCplx *vec , DCplx  *dst ,int n, double
thresh );
[* complex vectors; real threshold; double precision */
src Pointer to the input vectarc/n]
dst Pointer to the output vectoist/n]
n The number of elements in the vecso
thresh A value, the lower bound of which is used to limit each

element ofsrc/n] . This argument must always be real

and positive.

Discussion

Thensp?binvThresh2() function computes the inverse @ements of

the n-length input vectoerc/n] and stores the results in the output vector
dstfn] . The computation occurs after first limiting the magnitude of each
element by the lower bounidresh . The limiting operation is performed to
avoid division byzero. Sincehresh represents eagnitude, it ialways

real and must always be positive. For complex versions, theitudgof

the input is limited, but the phase remains unchanged. Zero-valued input is

assumed to have zero phase.
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Application Note: This function should skip the limiting steptfifresh

is zero. In this case, if the faion enconters zerevalued vector elements,
the value of the corresponding elements in the result is setd&_ VAL
and a division-by-zererror is flagged with a call tespError()  after
computation is complete.

bAbs1

Computes the absoluteluas of vector
elementsn-place.

void nspsbAbs1(float *vec , int n
[* real values; single precision */
void nspdbAbs1(double *vec , int n
[* real values; double precision */
void nspwbAbs1(short *vec , int n)
* real values; short integer */
vec Pointer to the vectarec/n]
n The number of elements in the vector.
Discussion

Thensp?bAbs1() function computes the absolute values ofdteenents
of then-length vector in-place.
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bAbs2

Computes the absoluteluas of vector
elements and stores the results in a
second vector.

void nspsbAbs2(const float *src , float *dst , int n)
* real values; single precision */
void nspdbAbs2(const double *src , double *dst , int n)
* real values; double precision */
void nspwbAbs?2(const short *src , short *dst , int n)
* real values; short integer */
src Pointer to the vectarrc/n]
dst Pointer to the vectarst/n]
n The number of elements in the vectors.
Discussion

Thensp?bAbs2() function computes the absolute valuegleiments of
the n-length input vectosrc/n]  and stores the results in the output vector

dst[n]

bSqrl

Computes a square of eaglement of a
vector in-place.

void nspsbSqri(float *vec , int ny;
* real values; single precision */

void nspchSqr1(SCplx *vec , int ny;
* complex values; single precision *

void nspdbSqrl(double *vec , int n;
* real values; double precision */
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void nspzbSqr1(DCplx *vec , int ny;
/* complex values; double precision */

void nspwbSqrl(short *vec , int n, int ScaleMode, int *ScaleFactor );
* real values; short integer */

void nspvbSqgr1(WCplx *vec , int n, int ScaleMode, int *ScaleFactor );
[* complex values; shortinteger */

vec Pointer to the vectarec/n]

n The number of elements in the vector.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?bSqrl() function computes the ggre of each element in the
n-length vectowec/n] in-place. The computation is performed as follows:

vec [k] = vec[Kk]?%, Ok <n

bSqr2

Computes a square of eaglement of a
vector and stores the result in a second

vector.
void nspshbSqr2(const float *src , float *dst int  n);
* real values; single precision */
void nspchSqgr2(const SCplx *src ,SCplx  *dst ,int ny;
I* complex values; single precision */
void nspdbSqr2(const double *src , double *dst , int ny;
* real values; double precision */
void nspzbSqr2(const DCplx *src ,DCplx  *dst ,int ny;
[* complex values; double precision */
void nspwbSqr2(const short *src , short *dst int n, int ScaleMode,

int *ScaleFactor );
* real values; short integer */
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void nspvbSqgr2(const WCplx *src ,WCplx *dst int n, int ScaleMode,
int *ScaleFactor ),
[* complex values; shortinteger */

src Pointer to the vectarrc/n]

dst Pointer to the vectarst/n]

n The nunber of elements in the vec$o
ScaleMode |, Refer to “Scaling Argaments” in Chapter.1
ScaleFactor

Discussion

Thensp?bSqr2()  function computes the sgre of each element in the
n-length vectosre/n]  and stores the results in the veafein] . The
computation is performed as follows:

dstfk] =src[k] 2, 0<k<n

bSqrtl

Computes a square root of each element
of a vector in-place.

void nspsbSqrtl(float *vec , int n);
* real values; single precision */

void nspchSqartl(SCplx *vec , int n;
[* complex values; single precision */

void nspdbSqrtl(double *vec , int n;
[* real values; double precision */

void nspzbSqrt1(DCplx *vec ,int n;
/* complex values; double precision */

void nspwbSqrtl(short *vec ,int n;
I* real values; short integer */

void nspvbSqgrtl(WCplx *vec , int n;

I* complex values; shortinteger */
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vec Pointer to the vectarec/n]
n The number of elements in the vector.
Discussion

Thensp?bSqrt1l()  function computes the square root of ealement in
the n-length vectowec/n] in-place. The computation rformed as
follows:

veclk] = Jveclk], O0<k<n

Application Note: If the real vesion of thensp?bSqgrt1()  function
encounters aegative value in the input, the value of the corresponding
element irthe output vector is undefined, and #reor cowlition is signaled
with a call tonspError()  after all elements have been cartgd. The
complex versions of thesp?bSqrtl()  function compute the square roots
of the complex numbers with the positive rpaits.

bSqrt2

Computes a square root of each element
of a vector and stores the resultin a
second vector.

void nspshSqrt2(const float *src , float *dst int  n);
* real values; single precision */

void nspchSqrt2(const SCplx *src , SCplx  *dst ,int ny;
[* complex values; single precision */

void nspdbSqrt2(const double *src , double *dst ,int n;
* real values; double precision */

void nspzbSqgrt2(const DCplx *src , DCplx  *dst ,int ny;
[* complex values; double precision */

void nspwbSqgrt2(const short *src , short *dst int  n);
[* real values; short integer */

void nspvbSqrt2(const WCplx *src , WCpIx  *dst int n);

* complex values; shortinteger */
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src Pointer to the vectarrc/n]

dst Pointer to the vectarst/n]

n The nunber of elements in the vec$o
Discussion

Thensp?bSqrt2()  function computes the square root of ealement in
the n-length vectorsrc[n]  and stores theesults in the vectafst/n]
The computation is performed as follows:

dstk ] = .Jsrck], O0<sk<n

Application Note: If the real vesion of thensp?bSqrt2()  function
encounters aegative value in the input, the value of the corresponding
element in the output vector is withed, and the error conidn is
signalled with a call taspError()  after all elementsave been comyed.
The complex visions of thensp?bSqrt2()  function compute the sigre
roots of the comlpx numbers with thegsitive eal parts.

bExpl

Computes to the power of each
element of aector inplace.

void nspsbExp1 (float *vec , int ny;
[* real values; single precision */
void nspdbExp1(double *vec ,int n;
* real values; double precision */
void nspwbExp1 (short *vec ,int n, int ScaleMode, int *ScaleFactor );

* real values; short integer */

vec Pointer to the vectarec/n]
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n The number of elements in the vector.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?bExpl() function computeg to the power of eacHement of
the n-length vectowec/n] in-place.

veclk] = ekl | 0<k<n

Application Note: For thenspwbExpl() , nspwbExp2() , nspwbLnl() ,
nspwbLn2() functionsthe result is rounded to the nearest integer after

scaling.
@ CAUTION. Due to the nature of these functions, considerable
overflows occur during intermediatalculktions. To ensure accuracy,

autoscaling is recommended.

bExp2

Computes to the power of each
element of aector and stores the
results in a second vector.

void nspsbExp2 (const float *src , float *dst ,int n);
* real values; single precision */
void nspdbExp2(const double *src , double *dst | int n);
[* real values; double precision */
void nspwbEXxp2 (const short *src , short *dst ,int n, int ScaleMode,

int *ScaleFactor );
[* real values; short integer */

src Pointer to the vectarrc/n]
dst Pointer to the vectarst/n]
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n The number of elements in the vectors.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?bExp2() function computeg to the power of eacHement of
the n-length input vectorsrc/n] , and stores the results in a second vector,

dst[n]
dstfk] = eSclk , 0<k<n

Application Note: See “Application Note” for “bExp1’page 3-29

bLn1

Computes the natural logarithm of each
element of aector inplace.

void nspsbLnl (float *vec , int ny;
[* real values; single precision */
void nspdbLnl(double *vec , int ny;
* real values; double precision */
void nspwbLnl (short *vec , int ny;
* real values; short integer */
vec Pointer to the vectarec/n]
n The number of elements in the vector.
Discussion

Thensp?bLnl() function computes the natural logarithm of each element

of then-length vectorwec/n] in-place.
veclk] =1loge (veclk]) , 0<k<n
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bLn2

Computes the natural logarithm of each
element of aector and stores the
results in a second vector.

void nspsbLn2 (const float *src , float *dst , int ny;
* real values; single precision */

void nspdbLn2(const double *srs , double *dst ,int n;
* real values; double precision */

void nspwbLn2 (const short *src , short fdst , int ny;

* real values; short integer */

src Pointer to the vectarcrn]

dst Pointer to the vectarst/n]

n The number of elements in the vectors.
Discussion

Thensp?bLn2() function computes the natural logarithm of each element
of then-length input vectorsrc/n] , and stores the results in a second
vector,dst[n]

dstf  =log, (srefk]) , O<k<n

Vector Measure F unctions

This section describes the Intel Signal Processing Libragtiins hat
compute the vector measure values: maximum, minimusanmand
standard deviation.
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Max

Returns the maximum value of a vector.

float nspsMax(const float *vec , int ny;
[* real values; single precision */

double nspdMax(const double *vec , int ny;
* real values, double precision */

short nspwMax(const short *vec , int n);

I* real values; short integer */

vec Pointer to the vectarec/n]

n The number of elements in the vector.

Discussion

Thensp?Max() function returns a maximum valuetbk n-length input
vectorvec[n]

Min

Returns the minimum value of ector.

float nspsMin(const float *vec , int n);
* real values; single precision */

double nspdMin(const double *vec , int n;
* real values, double precision */

short nspwMin(const short *vec , int n;

[* real values; short integer */

vec Pointer to the vectarec/n]
n The number of elements in the vector.
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Discussion

Thensp?Min()  function returns a minimum value of thdength input
vectorvec[n]

Mean

Computes the mean value ofextor.

float nspsMean(const float *vec ,int n;
* real values; single precision */

double nspdMean(const double *vec , int n;
* real values, double precision */

short nspwMean(const short *vec ,int n;

* real values; short integer */

vec Pointer to the vectarec[n]
n The number of elements in the vector.
Discussion

Thensp?Mean() function computes the mean (average) of rttength
input vectorvec/n] . The mean ofec is defined by the formula:

n-1
mean = ~ z vec [k ]

k=0

StdDev

Computes the standard deviation value
of a vector.

float nspsStdDev(const float *vec , int n;
* real values; single precision */
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double nspdStdDev(const double *vec , int ny;
* real values; double precision */
short nspwStdDev(const short *vec , int n, int ScaleMode,

int *ScaleFactor );
* real values; short integer */

vec Pointer to the vectarec/n]

n The nunber of elements in the vector.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?StdDev()  function computes the standard deviation of the
n-length input vectoryec/n] . The standard deviation ofc/n] is
defined by the formula:
n-1
stdDev = 1 vec [k ]2
“n Z
k=0

Vector Conjugation Functions

This section describes the Intel Signal Processing Libratifums wich

perform complex congation ofvectors. Some of therigtions, in adition
to performing complex conjugation, extend the length of the ougamtior.
Others store the results of the complex coafiog inreverse order.

The vector conjugation functions are often useful when wornkitigthe

fast Fourier transform of real signals. Because the fast Fourier transform of
a real signal is complex conjugate-syetric, the FFT fuction needs to
generate only the first(2) + 1 output samples. This allows rapid
calculation of the FFT of real-valued sigsaY ou can alculate the

remainder of theamples simply by conjugating these first samples. The
functions described in this section can be used for this purgssecially
nsp?bConjExtendl() andnsp?bConjExtend2() . For more

information, seeage 7-38“RealFft” (for nsp?RealFft) ) and

Example 7-10n Chapter 7.
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bConjl

Computes the complex conjugate of a
vector.

void nspchConj1(SCplx * vec , int n;
/* complex values; single precision */

void nspzbConj1(DCplx * vec , int n;
/* complex values; double precision */

void nspvbConj1(WCplx * vec , int n;
I* complex values; shortinteger */

Pointer to the vector whose complex conjugate is to be

vec

computed.
n The number of values in the vectarc/n/
Discussion

The functiomsp?bConji()

conjugates the-lengtharrayvec/n]

in-place. The vector conjugationdsfined as follows:

veclk] =veclk] *,0<k<n

bConj2

Computes the complex conjugate of a
vector and stores the result in a second
vector.

void nspchConj2(const SCplx * src , SCplx *
/* complex values; single precision */

void nspzbConj2(const DCplx * src , DCplx *
I* complex values; double precision */

void nspvbConj2(const WCplx * src , WCplx *
/* complex values; shortinteger */

dst ,int n);
dst ,int ny;
dst ,int ny;
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src Painter to the vector whose complex conjugate is to be
computed.

dst Painter to the vector which stores the complex conjugate
of the vectorsrc/n]

n The number of values in the verto

Discussion

The functiomsp?bConj2() computes the element-wise coggtion of

the vectorsrc/n] and stores the result in the veater/n] . The
element-wise conpgation of the vector isadined as follows:

dstfk] =srcfk] *,0<k<n
The vectorsist/n] andsrc/n] must be of equal length.

bConjExtendl

Computes the conjugate-symmetric
extension of a vector-place.

void nspcbConjExtend1(SCplx * vec, int n);
[* complex values; single precision */
void nspzbConjExtend1(DCplx * vec, int n);
[* complex values; double precision */
void nspvbConjExtendl (W Cplx * vec, int n;
/* complex values; shortinteger */
n The number of values in the vectarc/n]
vec Pointer to the vector whose conjugate-ayetric

extension is to be computed and storedlate.
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Discussion

The functiomsp?bConjExtendl() compues the conjugate-symmetric
extension of the vectorec/n] in-place. The conjugate-symmetric
extension is defined as follows:

vec k] , 0<sk<n

N = n k =
ZLEJ vecl] %vec[N+n—1—k]D,nsk<N+n

If nis odd, the elementec/n - 1] should be real, but this is neither
verified nor enforced by this function.

The length of the output vector/is+ n, whereN=n if nis even on=n-1

if nis odd.

Thensp?bConjExtend1() function can be used to extend the length of

the output arrays produced by the FFT of a realadigFor more
information, seeage 7-33“RealFft’ (for nsp?RealFft() ) in Chapter 7.

bConjExtend2

Computes the conjugate-symmetric
extension of a vector and stores the
result in a second vector.

void nspchConjExtend2(const SCplx * src , SCplx*  dst, int n;
* complex values; single precision */
void nspzbConjExtend2(const DCplx * src ,DCplx*  dst, int ny;
* complex values; double precision */
void nspvbConjExtend2(const WCplx * src , WCpIx* dst , int ny;
I* complex values; shortinteger */
src Painter to the vector whose conjugate-gyetric
extension is to be computed.
dst Pointer to the vector which stores the

conjugate-symmetric extsion ofthe vectorsrc/n]
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n The number of values in the vectot/n]

Discussion

The functiomsp?bConjExtend2() compues the conjugate-symmetric
extension of ther-length vectorsrc/n] . The result is stored in the vector
dst[n] . The conjugate-symmetric extension is defined as follows:

sre k , 0sk<n
— n =
N_ZL_Z_J dStk]_ESI'C[V"'n—l_k]D ,n<sk<N+n

The vectorst/n] mustbeV+ ninlength. Ifnis odd,src/n

bConjFlip2

Computes the complex conjugate of a
vector and stores the result, in reverse
order, in a second vector.

void nspcbhConjFlip2(const SCplx * src ,SCplx* dst,int

* complex values; single precision */

void nspzbConjFlip2(const DCplx * src ,DCplx* dst,int

[* complex values; double precision */

n);

n);

- 1] should
be real, buthis is neither verified nor enforced by this function.

Thensp?bConjExtend2() function can be used to extend the length of
the output arrays produced by the FFT of a realasigFor more

information, seeage 7-33“RealFft’ (for nsp?RealFft() ) in Chapter 8.
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void nspvbConjFlip2(const WCplx *

src ,\WCplx* dst,int ny;

[* complex values; shortinteger */

Src

dst

Pointer to the vector whose complex conjugate is to be
computed and stored in reverse order.

Painter to the vector which stores the complex conjugate
of the vectorsrc/n]  in reverse order.

The number of values in the versgo
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Discussion

Thensp?bConjFlip2() function computes the comjate of the vector
src[n]  and stores the result, in reverse order, in the vectpj . The
vectorsdst/n] andsrc/n] must be of equal length. The complex
conjugate, sted inreverse order, is defined as follows:

dstfk] =srcfn -k-11*0<k<n
If the memory locations ofrc/n] anddstfn] overlap, this function will
fail.

Thensp?bConjFlip2() function is useful when whking with the FFT of
a real signal. For more infomttion, seeage 7-33"“RealFft” (for
nsp?RealFft() ) in Chapter 7.

Sample Manipulation Functions

The functions described in this section manipulate signal samples. The

functions perform the followingperations:

* Insert 2ro-\alued samples between neighboring samples ofhalsig
(up-sample).

®* Remove samples from between neigibgpsamples of a signal
(down-sample).

These factions araused by finite impulse response (FIR) filterdtions

described in Chapter 9.

UpSample

Up-samples a signal, conceptually
increasingits sanpling rate by an
integer factor.

void nspsUpSample(const float * src , float * dst ,int srcLen
int factor ,int phase);
[* real values; single precision */
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void nspcUp Sample(const SCplx * src , SCplx*  dst ,int srcLen
int factor ,int phase);
* complex values; single precision */

void nspdUpSample(const double * src ,double *  dst,int srcLen
int factor ,int phase);
* real values; double precision */

void nspzUp Sample(const DCplx * src , DCplx*  dst ,int srcLen
int factor ,int phase);
I* complex values; double precision */

void nspwUp Sample(const short * src , short * dst ,int srcLen
int factor ,int phase);
* real values; short integer */

void nspvUp Sample(const WCplx * src , WCplx * dst ,int srcLen
int factor ,int phase);
[* complex values; shortinteger */

dst Pointer to the array that holds the output of the

nsp?UpSample() function. The length of tharray is
equal to the producsi{cLen * factor ).

factor The factor by wieh the signal is up-sampled. That is,
factor -1 zeros are inserted between each sample of
srefn]

phase A parameter which determines where each sample from

src[n]  lies within each output block dhctor
samples. The value phase is required to be
0 < phase < factor

src Pointer to the array holding the signal séesgo be
up-sampled.

srcLen The number of samples in the arrayc/n]

Discussion

Thensp?UpSample()  function up-samplethe arraysrc/n] by factor
factor — with phasephase , and stores the result in the artayn]

Up-samplingnsertsfactor - 1 zeros between each samplerofn]
Thephase argument determineghere each sampleom thesrc/n] array
lies within each output block @gfictor samples. lItis radred that

0 < phase < factor
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The values of the output arrayi/n] are @fined as follows:

osrc [M] 0< k <factor sxcLen
_ factor
dstk]1=10
k1
Ep, otherwise
O

so that:
dst [factor kx )+phase] = src k1, O<sk<srcLen

Conceptuallyphase = 0 places each amre sample at the oldest
time-slot (closest tthe start of the arrayyithin each blok, while
phase =factor - 1 places each source sample at the newestsliohe
(closest to the end of the array) within each block.

To better understand th@ase argument, consider the contiusstime
analogs of therc/n] anddst/n] signals. Assumec/n] was sampled
everyT seconds. After up-samplingst/n] is sampled every/factor
secons. Assuming that botdic [0] anddst [0] correspond to time =0
then:

srcLen-1
s(t) = 2 O(t -nT )Ikre p ]
n=0

(srcLenx facto)y-1

_ nT_ g
w0 =Y o gl
n=0
Thus,
_ phase xT
ae) = S% " factor O

with the two signals identical whemase = 0. With this interpretation, a
phase > 0 results in a non-causal operation, but the non-causality is less
than T seconds.

For example, ifactor = 3 and the source arrayc(x) is defined as
sre(x)  ={xz, X2 x3h

then forphase =0, the destination arrajst(x) is defined as
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dstx) ={x; 0, 0,x5, 0, 0,x5, 0, 0},
and forphase = 2, the destination arrajst(x) is defined as
dstx) ={0,0,x; 0, 0,x5, 0, 0,x2}.

Interpolation and up-sampling are closediated. Here, up-sampling refers
to inserting zero samples, while intel@tionrefers to up-sampling

followed by filtering. Thefiltering is intended to give the inserted samples
a value close to thealues of their neighboring satep inthe original

signal.

Application Notes:  The conventions for thehase arguments to the
nsp?UpSample() andnsp?DownSample() functions are obsen so that
up-sampling followed by down-samplimgth the sam@hase andfactor
arguments result in the original sign&lp-sampling flowed by
down-sampling with equahctor arguments but unequatbase
arguments result in a zero signal.

Related Topics

DownSample Down-samples a signal, conceptually decreasing its
sampling rate by an integer factor.

DownSample

Down-samfes a signal, conceptually
decreasing its sanfipg rate by an
integer factor.

void nspsDownSample(const float * src |, float * dst , int srclLen
int factor ,int phase);
* real values; single precision */

void nspcDownSample(const SCplx * src ,SCplx* dst,int srcLen
int factor ,int phase);
* complex values; single precision */

void nspdDownSample(const double * src , double * dst , int srcLen
int factor ,int phase);
* real values; double precision */

3
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void nspzDownSample(const DCplx * src ,DCplx* dst,int srcLen
int factor ,int phase);
I* complex values; double precision */

void nspwDownSample(const short * src ,short * dst , int srclLen
int factor ,int phase);
* real values; short integer */

void nspvDownSample(const WCplx * src ,WCplx* dst,int srcLen
int factor ,int phase);
I* complex values; shortinteger */

dst Pointer to the array that holds the output of the
nsp?DownSample() function.

factor The factor by with the signal is dowsampled. That
is, factor - 1 samples are discarded frena/n]

phase A parameter which determines which of the samples
within each block is not discarded. The valugfofse
is required to be & phase < factor

src Pointer to the array holding the signal séesgo be
down-sampled. The lengthicLen , of the array is
required to be a multiple dhctor

srcLen The number of samples in the arrayc/n] . The
length,srcLen , is required to be a multiple éfctor

Discussion

Thensp?DownSample() function down-samples thecLen length array
src[n] by factorfactor  with phasephase, storing theresult in the array
dst[n]

Down-sampling discardactor - 1 samples fromrc/n] , copying one
sample from each block éfctor samples fronsrc/n] todst/n] . The
phase argument determines which of the séspn eachlock is not
discarded. It is required thatcLen be a multiple ofactor and that

0 < phase <factor . The valuesinthe outpatraydst/n] are defined as
follows:

srclLen

dst k ]1=src [factor kx )+ phase], OSk<W

3-43



3 Intel Signal Processing Library Reference Manual

3-44

Conceptuallyphase = 0 extracts the oldest sample within each block
(closest to the start of the array), amese =factor - 1 extracts the
newest sample within each block (closest to the end of the array).

Down-sampling and decimation are closely relatidére, @wn-sampling
refers to disarding samies, while deimation refers to filtering followed
by down-sampling. The filtering is intended to prevent aliasingmdieh
in the subsequent down-sampling.

Application Notes:  The conventions for thehase arguments to the
nsp?UpSample() andnsp?DownSample() functions are obsen so that
up-sampling followed by down-samplimgth the sam@hase andfactor
arguments result in the original sign&lp-sampling flowed by
down-sampling with equahctor arguments but unequatbase
arguments result in a zero signal.

Related Topics

UpSample Up-samples aignal, conceptuallyncreasing its
sampling rate by an integer factor.

Vector Correlation Functions

This section describes the Intel Signal Processing Libractifins wlich
perform correlation of a vector or two vectors. Thp? AutoCorr
functions estimate the normal, biased, and unbiastedcaurelation of a
vector. Thensp?CrossCorr  functionestimates the cross-correlation of
two vectors.
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AutoCorr

Estimates normal, biased, and
unbiased auto-correlation of a vector
and stores the result in a second vector.

void nspsAutoCorr(const float *src , int len , float *dst
int nLags, int flag )

[* real values; single precision; */

void nspcAutoCorr(const SCplx
int nLags, int flag

*src , int len , SCplx  *dst ,

)

* complex values; single precision; */

void nspdAutoCorr(const double
int nLags, int flag
void nspzAutoCorr(const DCplx
int nLags, int flag
void nspwAutoCorr(const short
int nLags, int flag,

*src , int len , double *dst
); I* real values; double precision; */
*src , int len ,DCplx  *dst ,
); I* complex values; double precision; */
*src , int len , short *dst
int ScaleMode, int *ScaleFactor );

* real values; short integer; */

void nspvAutoCorr(const WCplx
int nLags, int flag,

*src , int len , WCplx *dst ,
int ScaleMode, int *ScaleFactor );

[* complex values; shortinteger; */

Src

len

dst

nLags

flag

ScaleMode
ScaleFactor

Pointer to the vector to lestimated for an
auto-correlation.

The number of values in thec vector.

Pointer to the vector which stores #&imated
auto-correlation results of the vectar/len]

The number of lags to comjgystarting with a lag of
zero. The lags are st in thedstflen]  vector.

Indicates the kind of auto-correlation to be computed:
normal, biased, or unbiased.

Refer to “Scaling Arggments” in Chapter.1
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Table 3-1

Discussion

Thensp?AutoCorr()  function estinates normal, biased, or unbiased
auto-correlation of théen -length vectorsrc/len]  and stores the results
in the vectordstflen] . Theflag argument indiates what kind of
auto-correlation is to be computed. Table I&ts the flag argument values.

Value for the flag Argument for A uto-Correlation Function

Value Description

NSP_AutoNormal Specifies that the normal auto-correlation to be
computed.

NSP_AutoBiased Specifies that the biased auto-correlation to be
computed.

NSP_AutoUnBiased Specifies that the unbiased auto-correlation to be
computed.

The atio-correlation is defined by the following equations:

len -1

dsth ] = kZo src k 1Usre k ), Osn<nlLag (normal)

len -1
dst p ] =IL Z src k \Hsrc k # ), Osn<nlLag (biased)
en 4,

1 len -1 .
dst p ]:m kZO src k Usre k # ), 0sn<nLag (unbiased)

sre k1, O<k<len

src k) = Ep otherwise

Application Note: The auto-correlatioastimates are comiad only for
positive lags, since the auto-correlation for a negative lag value is the
complex conjugate of the auto-correlation for the equivalent potaive

Related Topics
CrossCorr Estimates the cross-correlationtafo vectors.
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CrossCorr

Estimates the cross-corréian of two
vectors.

void nspsCrossCorr(const float *SrcA  int lenA , const float *sreB
int  lenB , float *dst , int loLag ,int hiLag );
* real values; single precision */
void nspcCrossCorr(const SCplx *SrcA int lenA , const SCplx *sreB
int fenB ,SCplx  *dst ,int loLag ,int hiLag );
[* complex values; single precision */
void nspscCrossCorr(const float *SIcA |, int lenA , const SCplx *srcB
int lenB ,SCplx  *dst ,int loLag ,int hiLag );
/* real and complex input vectors; complex output;
single precision */
void nspcsCrossCorr(const SCplx *SIcA |, int lenA , const float *srcB
int lenB ,SCplx  *dst ,int loLag ,int hiLag );
/* complex and real input vectors; complex output;
single precision */
void nspdCrossCorr(const double *SrcA |, int lenA , const double *sreB
int  lenB , double *dst , int loLag , int hiLag );
* real values; double precision */
void nspzCrossCorr(const DCplx *SrcA int lenA , const DCplx *srcB
int lenB ,DCplx  *dst ,int loLag ,int hiLag );
/* complex values; double precision */
void nspdzCrossCorr(const double *srcA | int lenA , const DCplx *sreB
int lenB ,DCplx  *dst ,int loLag ,int hiLag );
/* real and complex input vectors; complex output;
double precision */
void nspzdCrossCorr(const DCplx *SIcA |, int lenA , const double *sreB
int lenB ,DCplx  *dst ,int loLag ,int hiLag );
/* complex and real input vectors; complex output;
double precision */
void nspwCrossCorr(const short *SrcA int lenA , const short *srcB
int lenB , short *dst ,int loLag ,int hiLag, int ScaleMode,
int *ScaleFactor ),
* real values; short integer */
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void nspvCrossCorr(const WCplx *SrcA int lenA , const WCplIx *sreB
int lenB ,WCplx *dst ,int loLag ,int hiLag, int ScaleMode,
int *ScaleFactor );
[* complex values; shortinteger */

void nspwvCrossCorr(const short *SIcA |, int lenA , const short *srcB
int lenB ,WCplx *dst ,int loLag ,int hiLag, int ScaleMode,
int *ScaleFactor );
[* real inputs; complex output; shortinteger */

void nspvwCrossCorr(const WCplx *SIcA |, int lenA , const WCplx *srcB
int lenB , short *dst ,int loLag ,int hiLag, int ScaleMode,
int *ScaleFactor );
/* complex inputs; real output; shortinteger */

SIcA Painter to the vectarcAflenA]

lenA The number of values in thecA vector.

srcB Pointer to the vectorreB[lenB]

lenB The number of values in thecB vector.

dst Pointer to the vector which stores the results of the
estimated cross-correlation of the vectersi/lenA]
andsrcB[lenB]

loLag The bottom othe range of lags at which the correlation
estimates should lmomputed.

hilag The top of the range of lags at whitie correlation
estimates should lmomputed.

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

Thensp?CrossCorr()  function estimates the cross-correlation of the
lenA -length vectorsrcA and thelenB -length vectorsrcB and stores the
results in the arrayst/n] . The resliing arraydst/n] is defined by the
equation:

lenA -1
dsth |= > srcA k 10GreB ¢ 1 HoLag ),0<n<hiLlag 4olag
K=o

3-48



Arithmetic and Vector Manipulation Function3

osreB k], O<k<lenB

srcB =
) , otherwise

Application Note: The number of result elementshisag - loLag + 1,
ranging from the estimate atag of loLag indst [0] to the estimate at a
lag of hiLag indst [hiLag-loLag .

Related Topics

AutoCorr Estimates normal, biased, or unbiased auto-correlation
of a vector and stores the result in a second vector.
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Vector Data Conversion
Functions

The functions described in this chapter perform thewiaiig conversion
2 operations for vectors:

® Extracting components from and constructingpbenplex vector

®* Floating-point to integer and integer to floating point

* Floating-point to fixed-point and fixed-point to floating-point

® Floating-point to fixed-point and fixed-point to floating-point
Optimized for specific fied-pointformats

®* (Cartesian to polar and polardartesian coordinate conversion

® 8-bit u-law or 8-bitA-law encoded format to linear or vice-versa
conversions of sigal samples (companding fttions).

Complex Vector Structure Functions

This section describes the Intel Signal Processing Library functions which
extract real and imaginary components fronomplex vector or construct a
complex vector using itleal andmaginary components.

Thensp?bReal() ,nsp?blmag() functions return the real and imagiy
parts of a complex vector in two separate vectors.

Thensp?2RealToCplx() , nsp?CplxTo2Real()  functions construct a
complex vector from real and imaginary components stored in two
respective vectors.

Thensp?blmag() ,nsp?brimag() ,nsp?bPhase() , nsp?brPhase()
functions compute the magnitude arhge of a cmplex vectorelements.
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bReal

Returns the real part of a complex
vector in a second vector.

nspcbReal(const SCplx *src , float *dst , int ny;
/* complex input; real output; single precision */
nspzbReal(const DCplx *src , double *dst , int ny;
/* complex input; real output; double precision */
nspvbReal(const WCplx *src , short *dst , int ny;
[* complex input; real output; short integer */
src Pointer to the vectarrc/n]
dst Pointer to the vectarst/n]
n The number of values in the vectors.

Discussion

Thensp?bReal()  function returns theeal part of the complex input

vectorsrc/n]  in the vectorst/n]

blmag

Returns the imagary part of a
complex vector in a second vector.

nspcbimag(const SCplx *src , float *dst , int ny;
[* complex input; real output; single precision */
nspzblmag(const DCplx *src , double *dst , int n;
/* complex input; real output; double precision */
nspvblmag(const WCplx *src , short *dst , int ny;
/* complex input; real output; short integer */
src Pointer to the vectarrc/n]
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dst Pointer to the vectarst/n]
n The number of values in the vectors.
Discussion

Thensp?bimag() function returns the imaginary part of the cdexp
input vectorsrc/n]  in the vectorst[n]

b2RealToCplx

Returns a complex vector constructed
from the real andmaginary parts of
two real vectors.

nspcb2RealToCplx(const float *srcReal |, const float *srcimag
SCplx *dst ,int n;
* real inputs; complex output; single precision */
nspzb2RealToCplx(const double *srcReal , constdouble *srcimag
DCplx *dst ,int n;
* real inputs; complex output; double precision */
nspvb2RealToCplx(const short *srcReal , const short *srcimag
WCplx *dst ,int n;
* real inputs; complex output; shortinteger */

srcReal Pointer to the vectarrcRealln]
srclmag Pointer to the vectarrc/mag[n]

dst Painter to the vectarst/n]

n The number of values in the vectors.
Discussion

Thensp?b2RealToCplx() function retuns the complex vectarst
constructed from the real and imaginary parts of the wmpators
srcRealln]  andsrcimag[n] . If srcReal[n]  isNULL, the real
component of the vector is set to zerosrtfimag/n]  isNULL, the
imaginary component of the vector is set to zero.
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bCplxTo2Real

Returns the real and imaginary parts of
a complex vector in two respective

vectors.
nspchCplxTo2Real(const SCplx *src , float *dstReal | float *dstlmag
int  n);
[* complex input; real outputs; single precision */
nspzbCplxTo2Real(const DCplx *src , float *dstReal
float *dstlmag , int ny;
/* complex input; real outputs; double precision */
nspvbCplxTo2Real(const WCplx *src , short *dstReal ,short *dstlmag ,
int  n);
/* complex input; real outputs; shortinteger */
src Pointer to the vectarrc/n]
dstReal Painter to the vectarstRealln]
dstimag Pointer to the vectarst/mag/n]
n The number of values in the vectors.
Discussion
Thensp?bCplxTo2Real()  function retuns the real and imaginary s
of the complex input vectarc/n]  in two output vectorsistRealln]
anddst/mag[n]
bMag

Returns the mamtudes of elements of a
complex vector in a second vector.

nspcbMag(const SCplx *src , float *mag, int ny;
[* complex input; real output; single precision */
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nspzbMag(const DCplx *src , double *mag, int ny;

/* complex input; real output; double precision */
nspvbMag(const WCplx *src , short *mag, int n, int ScaleMode,

int *ScaleFactor );

/* complex input; real output; short integer */

src Pointer to the vectarrc/n]

mag Pointer to the vectonag[n] .

n The number of values in the verto
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?bMag() function returns the magnitudes of elements of the
complex input vectosrc/n]  in the vectomag/n] .

brMag

Computes the magnitudesedéments of
a complex vector whose real and
imaginary components are specified in
two vectors and stores the rétsun a
third vector.

nspsbrMag(const float *srcReal , constfloat *srclmag
float *mag, int n); I* real values; single precision */

nspdbrMag(const double *srcReal , const double *srclmag
double *mag, int n); I* real values; double precision */

nspwbrMag(const short *srcReal , constshort *srclmag

short  *mag, int

n, int ScaleMode, int *ScaleFactor ),

* real values; short integer */

srcReal

srclmag

Pointer to the vectarrcRealln]
Pointer to the vectarrc/mag[n]
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mag Pointer to the vectonag[n] .

n The number of values in the vectors.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?brMag() compues themagnitudes of elements of the complex
input vector whose real alghaginary components are specifiedhin
vectorssrcRealln]  andSrcimag[n] , respectively. It returns the results
in the vectormag/n] .

bPhase

Returns the phase angles of elements of
complex input vector in a second vector.

nspcbPhase(const SCplx *src , float *phase ,int ny;
[* complex input; real output; single precision */
nspzbPhase(const DCplx *src , double *phase , int ny;
[* complex input; real output; double precision */
nspvbPhase(const WCplx *src , short *phase ,int n, int ScaleMode,

int *ScaleFactor );
[* complex input; real output; short integer */

src Pointer to the vectarrc/n]

phase Pointer to the vectagrhase[n]

n The number of values in the vectors.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor
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Discussion

Thensp?bPhase() function returns theh@ase angles of elementstbé
complex input vectosrc/n]  in the arrayphase[n] . Phase values are
returned in radians arate inthe range , 1.

brPhase

Computes the phase angles of elements
of a complex vector whose real and
imaginary components are specified in
two vectors and stores the rétsun a

third vector.

nspsbrPhase(const float *srcReal , const float *srclmag
float *phase , int ny;
* real values; single precision */

nspdbrPhase(const double *srcReal , const double *srclmag
double *phase ,int n;
[* real values; double precision */

nspwbrPhase(const short *srcReal , const short *srclmag
short  *phase , int n, int ScaleMode, int *ScaleFactor ),
[* real values; short integer */

srcReal Pointer to the vectarrcRealln]

srcimag Pointer to the vectorrc/magin]

phase Pointer to the vectagrhase[n]

n The number of values in the vectors.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor
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Discussion

Thensp?brPhase()  function comptes the phase angles of elements of
the complex input vector whose real and imagy components are
specified in the vectorscRealln]  andsrcimag[n] , respeadvely. It
returns the result in the vectarase/n] . Phase values areturned in
radians and are in the ranga, (f.

Data Type Conversion Functions

This section describes the Intel Signal Processing Libragtifins hat
perform floating point to integer (and reverse) and floating-point to
fixed-point (and revese) data type cewrsion for vectors.

Flags Argument

The data type conversion functions require you to specify thatmmsdof
conversion of the floating-point data to the resulting integer or fixed-point
data. Specify these conditions in fiiys argument. Théags

argument is evaluated as the bitwise-OR of the values you supply. The
values you canse for theflags argument are listed in Table 4-1.

Table 4-1 Value for the flags A rgument for Data T ype Conversion Functions
Value Description
NSP_Round Specifies that floating-point values must be

rounded to the nearest integer.

NSP_TruncZero Specifies that floating-point values must be
truncated toward zero.

NSP_TruncNeg Specifies that floating-point values must be
truncated toward negative infinity.

NSP_Unsigned Specifies that integer or fixed-point values are
unsigned. If this flag is not present, signed integer
or fixed-point format is assumed.

continued [
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Table 4-1 Value for the flags A rgument for Data T ype Conversion Functions
Value Description
NSP_Clip Specifies that floating-point values outside the

allowable integer or fixed-point range are
“clipped.” The allowable range is derived from the
number of bits for integer data or the numbers of
integer and fractional bits for the fixed-point data
and the NSP_Unsigned flag described above.
Clipping the floating-point values means that they
are saturated to the maximum (or minimum)
possible integer or fixed-point value. If this flag is
not present, the values returned for floating-point
numbers outside the allowable range are
undefined.

NSP_OvfErr Specifies that an overflow error should be
signaled with a call to nspError() after conversion
is complete, if floating-point values outside the
allowable integer or fixed-point range are
encountered. Note that the error is detected
regardless of whether the offending values are
clipped with the NSP_Clip flag (see the
NSP_Clip value discussion above).

Table 4-2lists the allowable integer and éd-point value ranges
corresponding to the floating-point values to be convertedfiZbits
variable used iffable 4-2corresponds to the miber of fractional bits.

The table presents approximate values. The precise values depend on the
flags settings and may differ by a value that corresponds to 1 or 1/2 of the
lowest bit.
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Table 4-2 Allowable Integer and Fixed-Point Value Ranges for Floating-Point
Conversion
Word
Function Size  Minimum Value Maximum Value
bFloatTolnt 8 MINCHAR MAXCHAR
16 MINSHRT MAXSHRT
32 MINLONG MAXLONG
bFloatToFix 8 MINCHAR MAXCHAR
pow(2, fractBits ) pow(2, fractBits
16 MINSHRT MAXSHRIT
32 pow(2, fractBits ) pow(2, fractBits
MINLONG MAXLONG
pow(2, fractBits ) pow(2, fractBits
bFloatTolnt
Converts the floating-point data of a
vector to integer data and stores the
results in a second vector.
void nspsbFloatTolnt(const float *src , void *dst , int len ,
int  wordSize , int flags );
I* real values; single precision */
void nspdbFloatTolnt(const double *src , void *dst ,int len ,
int  wordSize ,int flags );
* real values; double precision */
src Pointer to the vectarrc[len]
len The number of values in thec/len] vector.
dst Pointer to the vector which stores the results of the

conversion to integer data. The type of the vector
dstflen]  isvoid to support different integer word
sizes.
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wordSize The size of an integer word in bits; must be 8, 16, or 32.

flags Specifies how conversion must be performed.
SeeTable 4-1for theflags values.

Discussion

Thensp?bFloatToInt() function converts the floating-point data in the
srcflen]  tointeger dta, andstores the results in the vectai/len]

The argumenilags consists of the bitwise-OR of one or more of the flags
described imrable 4-1 One of theN\SP_Round, NSP_TruncZero , or
NSP_TruncNeg flags must be specified.

Application Note: Internally, the 8-, 16-, and 32-bit conversions should
each be implemented sepaig for maximum prformance.

Related Topic

bintToFloat Converts the integer data of a vector to the
floating-point data. Stores the results in a second vector.
bFloatToFix Converts the floating-point data todid-point data. If in

the floating-point value the numberfoactional bits is
equal to 0, this function productte same result as
bFloatTolnt

bIntT oFloat

Converts thenteger data of a vector to
floating-point data and stores the
results in a second vector.

void nspsbintToFloat(const void *src , float *dst , int len ,
int  wordSize , int flags );
[* real values; single precision */

void nspdbintToFloat(const void *src , double *dst ,int len ,
int  wordSize , int flags );
* real values; double precision */
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src Pointer to the vectarrcflen] . The type of the vector
srcflen]  isvoid to support different integer word
sizes.

len The number of values in thec/len] vector.

dst Pointer to the vector which stores the results of the
conversion to the floating-point data.

wordSize The size of an integer in bits; must be 8, 16, or 32.

flags A flag which can belSP_Unsigned or Nsp_Noflags

NSP_Unsigned Specifies that integer values are
unsigied. If this flag is not present,
signed iteger format is assumed.

NSP_Noflags  Self-explanatory.

Discussion

Thensp?IntToFloat() function converts the integer data in the vector
src[n]  to the floating-pointlata and stores the results in the vector
dstflen]

Application Note: Internally, the 8-, 16-, and 32-bit conversions should
each be implemented se palg for maximum prformance.

Related Topic

bFloatTolnt Converts the floating-point data irvactor to integer
and stores the results in a second vector.

bFixToFloat Converts the fixed-point data to floating-point data. If in
the floating-point value the numberfohctional bits is
equal to 0, this function productt®e same result as
bintToFloat
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bFloatToFix

Converts the floating-point data of a
vector to fixed-point data and stores the
results in a second vector.

void nspsbFloatToFix(const float *src , void *dst , int len ,
int  wordSize , int fractBits  , int flags );
[* real values; single precision */

void nspdbFloatToFix(const double *src , void *dst ,int len ,
int  wordSize , int fractBits  , int flags );

* real values; double precision */

src Pointer to the vectarrc[len]
len The number of values in thecflen]  vector.
dst Pointer to the vector which stores the results of the

conversion to fixed-point data. The type of the vector
dstflen]  isvoid to support different fixed-point word

sizes.

wordSize The size of a fixed-pot word in bts; must be 8, 16, or
32

fractBits The number of fractional bits in the desired fixed-point

format. It can have a maximum valuewafrdSize for
unsigned fixed-point format avordSize -1 for signed
fixed-point format(see the decription of the value
NSP_Unsigned intheflags argument discussion) and
a minimum value of zero. WheiactBits is zero, the
fixed-point format reduces toteger format. In this
case, theisp?bFloatTolnt() must be used to ensure
a better performance.

flags Specifies how conversion must be performed.
SeeTable 4-1for theflags values.
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Discussion

Thensp?bFloatToFix() function converts the floating-poidata in the
vectorsrcflen]  to the fixed-point data, and stores the results in the vector
dstflen]

The argumenilags consists of the bitwise-OR of one or more of the flags
described in Table 4-1. One of theP_Round, NSP_TruncZero , or
NSP_TruncNeg flags must be specified.

Application Notes: Internally, the 8-, 16-, and 32-bit conversions should
each be implemented sepaig for maximum prformance.

For signed, purelfractional fixed-pointformats, and for SL16format

(that is, sign bit, 15 integer bits, and 16 fractional bits), special optimized
functions are available and should be used instead of

nsp?bFloatToFix() for maximum performance. See the “Related
Topics” section that follows.

Related Topics

bFixToFloat Converts the fixed-poirtata of a vector to
floating-point data. Stores the results in a second
vector.

bFloatToS31Fix , Perform the optimized functions used for signed,

bFloatToS15Fix ,  purely fractional fixed-point formats

bFloatToS7Fix

bFloatToS1516Fix
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bFixToFloat

Converts the fixed-point data of a vector
to the floating-point data and stores the
results in a second vector.

void nspsbFixToFloat(const void *src , float *dst , int len ,
int  wordSize , int fractBits  , int flags );
[* real values; single precision */

void nspdbFixToFloat(const void *src , double *dst ,int len ,
int  wordSize , int fractBits  , int flags );

* real values; double precision */

src Pointer to the vectarrcflen] . The type of the vector
srcflen]  isvoid to support different fixed-point word
sizes.

len The number of values in thecflen]  vector.

dst Pointer to the vector which stores the results of the
conversion to the floating-point data.

wordSize The bitsize of a fixed-point word; must be 8, 16, or 32.

fractBits The number of fractional bits in the desired fixed-point

format. It can have a maximum valuewafrdSize for
unsigned fixed-point format avordSize -1 for signed
fixed-point format(see the decription of the value
NSP_Unsigned intheflags argument discussion) and
a minimum value of zero. WheiactBits  is zero, the
fixed-point format reduces toteger format. In this
case, theisp?bintToFloat() must be used to ensure
a better performance.

flags A flag which can belSP_Unsigned or NSP_Noflags .

NSP_Unsigned  Specifies that fixed-point values are
unsigied. If this flag is not present,
signed fixed-poinformat is
assumed.
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Discussion

Thensp?FixToFloat() function converts the fixed-point data in the
vectorsrcflen]  to the floating-point data and stores the resulthén
vectordst/len]

Application Notes: Internally, the 8-, 16-, and 32-bit conversions should
each be implemented se palg for maximum prformance.

For signed, purelfractional fixed-pointformats, and for SL16format

(that is, sign bit, 15 integer bits, and 16 fractional bits), special optimized
functions are available and should be used instead of

nsp?bFixToFloat() for maximum performance. See the “Related
Topics” section that follows.

Related Topics

bFloatToFix Converts the floating-point data of a vector to
fixed-point data. Stores the results in a second vector.

bS31FixToFloat , Perform the optimized functions used for signed,

bS15FixToFloat ,  purely fractional fixed-point formats.

bS7FixToFloat

bS1516FixToFloat

Optimized Data Type Conversion Functions

This section describes the Intel Signal Processing Libratifins hat
perform floating-point to fixed-point (angverse) data type conversion.
These conversion operations are optimized foresig puely fractional
fixed-point vector formats.

The fixed-point fornats assumed for thesenfitions are:

® S.31—a sign bit and 31 fractional bits

® S15.16—a sign bit, 15 integer bits, and 1&fi@nal bits
® S.15—a sign bit and 15 fractional bits

® S.7—a sign bit and 7 fractional bits
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Flags Argument

The opimized data type conversionrfctions reqiie you to specify the

conditions of conversion of the floating-point data to the resulting

fixed-pointdata. Specify these catidns in theflags
flags argument is evaluated as the bitwise-OR of the values you supply.

The values you camse for theflags argument are listed ihable 4-3

argument. The

Table 4-3 Value for the flags A rgument for Optimized Data Type Conversion
Functions
Value Description
NSP_Round Specifies that floating-point values must be

NSP_TruncZero
NSP_TruncNeg

NSP_Clip

NSP_OvfErmr

rounded to the nearest integer.

Specifies that floating-point values must be
truncated toward zero.

Specifies that floating-point values must be
truncated toward negative infinity.

Specifies that floating-point values outside the
allowable fixed-point range are “clipped.” The
allowable range is derived from the numbers of
integer and fractional bits for the optimized
fixed-point formats described above. Clipping the
floating-point values means that they are
saturated to the maximum (or minimum) possible
fixed-point value. If this flag is not present, the
values returned for floating-point numbers outside
the allowable range are undefined.

Specifies that an overflow error should be
signaled with a call to nspError() after conversion
is complete, if floating-point values outside the
allowable integer or fixed-point range are
encountered. Note that the error is detected
regardless of whether the offending values are
clipped with the NSP_Clip flag (see the
NSP_Clip value discussion above).

Table 4-4lists the allowable integer and éd-point value ranges
corresponding to the floating-point values to be converted.
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Table 4-4 presents approximate values. giteeise valuesepend on the

flags settings and may differ by a value that corresponds to 1 or 1/2 of the

lowest bit.
Table 4-4 Allowable Integer and Fixed-Point Value Ranges for Floating-Point
Optimized Conversion
Minimum Maximum
Function Value Value
bFloatToS7Fix -1.0 1.0
bFloatToS15Fix -1.0 1.0
bFloatToS31Fix -1.0 1.0
bFloatToS1516Fix MINSHRT MAXSHRT
bFloatToS31Fix
Converts the floating-point data of a
vector to S.31 fixed-point data and
stores the results in a second vector.
void nspsbFloatT oS31Fix(const float *src , long *dst ,int len
int flags ); /*real values; single precision */
void nspdbFloatToS31Fix(const double *src , long *dst , int len

int flags ); /*real values; double precision */

src Painter to the vectarrcflen]
len The number of values in thec/len] vector.
dst Pointer to the vector which stores the results of the

conversion to fixed-point data.

flags Specifies how conversion must be performed.
SeeTable 4-1for theflags values.
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Thensp?bFloatT oS3 1Fix() function converts the floating-point data in
the vectorsrcflen]  to the fixed-point data, and stores thsults in the
vectordst/len] . This function assumesfiaed-point format of S.31, that
is, a sign bit and 31 fractional bits.

Discussion

The argumenilags consists of the bitwise-OR of one or more of the flags
described in Table 4-1. One of th&P_Round, NSP_TruncZero , or
NSP_TruncNeg flags must be specified.

Related Topics

bFloatToS15Fix Converts the floating-point data of a vector to S.15
fixed-point data. Stores the results in a second vector.

bFloatToS7Fix Converts the floating-point data of a vectof6t@
fixed-point data. Stores the results in a second vector.

bFloatToS1516Fix Converts théloating-point data of a vector to S15.16
fixed-point data. Stores the results in a second vector.

bS31FixToFloat

Converts the S.31 fixed-point data of a
vector to floating point and stores the
result in a second vector.

void nspsbS31FixToFloat(const long *src , float *dst ,int len);
[* real values; single precision */
void nspdbS31FixToFloat(const long *src , double *dst , int len);

* real values; double precision */

src Pointer to the vectarrc[len]
len The number of values in thec[len] vector.
dst Pointer to the vector which stores the results of the

conversion to floating-point data.
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Discussion

Thensp?bS3 1FixToFloat() function convets the fixed-point data in the
vectorsrcflen]  to the floating-point data, and stores tbsults in the
vectordst/len] . This function assumesfiaed-point format of S.31, that
is, a sign bit and 31 fractional bits.

Related Topics
bS15FixToFloat Converts the S.15 fixed-point data of a vector to
floating-point. Stores the results in a second vector.

bS7FixToFloat Converts the S.7 fixed-poidata of a vector to
floating-point. Stores the results in a second vector.

bS1516FixToFloat Converts the S15.16 fixed-point data of a vector to
floating-point. Stores the results in a second vector.

bFloatToS1516Fix

Converts the floating-point data of a
vector to S15.16 fixed-point data and
stores the results in a second vector.

void nspsbFloatT oS 151 6Fix(const float *src , long *dst , int len
int flags ); /*real values; single precision */
void nspdbFloatToS1516Fix(const double *src , long *dst ,int len ,

int flags ); /*realvalues; double precision */

src Pointer to the vectarrc[len]
len The number of values in thec/len] vector.
dst Pointer to the vector which stores the results of the

conversion to fixed-point data.

flags Specifies how conversion must be performed.
SeeTable 4-1for theflags values.
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Thensp?bFloatT0S1516Fix() function converts the floating-point data
in the vectorsrcflen]  to the fixed-pointata, and stores the results in the
vectordstf/len] . This function assumesfiaed-point format of S15.16,
that is, a sign bit, 15 integer bits, and 16 fractional bits.

Discussion

The argumenilags consists of the bitwise-OR of one or more of the flags
described in Table 4-1. One of th&P_Round, NSP_TruncZero , or
NSP_TruncNeg flags must be specified.

Related Topics

bFloatToS31Fix Converts the floating-point data of a vector to S.31
fixed-point data. Stores the results in a second vector.
bFloatToS7Fix Converts the floating-point data of a vectof6t@

fixed-point data. Stores the results in a second vector.

bFloatToS15Fix Converts the floating-point data of a vector to S.15
fixed-point data. Stores the results in a second vector.

bS1516FixToFloat

Converts the S15.16 fixed-point data of
avector to floating point and stores the
result in a second vector.

void nspsbS1516FixToFloat(const long *src , float *dst , int len );
[* real values; single precision */
void nspdbS1516FixToFloat(const long *src , double *dst ,int len);

* real values; double precision */

src Pointer to the vectarrc[len]
len The number of values in thecflen]  vector.
dst Pointer to the vector which stores the results of the

conversion to floating-point data.
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Discussion

Thensp?bS1516FixToFloat() function converts the fixed-poidiata in

the vectorsrcflen]

to the floating-pointlata, and stores the results in the

vectordstflen . This function asumes a fied-point format of S15.16, that
is, a sign bit, 15 integer bits, andftéctional bits.

Related Topics

bS31FixToFloat
bS7FixToFloat

bS15FixToFloat

Converts the S.31 fixed-point data of a vector to

floating-point. Stores the results in a second vector.

Converts the S.7 fixed-poidata of a vector to

floating-point. Stores the results in a second vector.

Converts the S.15 fixed-point data of a vector to

floating-point. Stores the results in a second vector.

bFloatToS15Fix

Converts the floating-point data of a
vector to S.15 fixed-point data and
stores the results in a second vector.

void nspsbFloatT oS 15Fix(const float *src , short *dst , int len
int flags ); /*real values; single precision */
void nspdbFloatT oS 15Fix(const double *src , short *dst , int len

int

flags ); I* real values; double precision */

src
len

dst

flags

Pointer to the vectarrc[len]
The number of values in thec/len] vector.

Pointer to the vector which stores the results of the
conversion to fixed-point data.

Specifies how conversion must be performed.
SeeTable 4-1for theflags values.
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Thensp?bFloatT oS15Fix() function converts the floating-point data in
the vectorsrcflen]  to the fixed-point data, and stores thsults in the
vectordst/len] . This function assumesfiaed-point format of S.15, that
is, a sign bit and 15 fractional bits.

Discussion

The argumenilags consists of the bitwise-OR of one or more of the flags
described in Table 4-1. One of th&P_Round, NSP_TruncZero , or
NSP_TruncNeg flags must be specified.

Related Topics

bFloatToS31Fix Converts the floating-point data of a vector to S.31
fixed-point data. Stores the results in a second vector.

bFloatToS7Fix Converts the floating-point data of a vectof6t@
fixed-point data. Stores the results in a second vector.

bFloatToS1516Fix Converts théloating-point data of a vector to S15.16
fixed-point data. Stores the results in a second vector.

bS15FixToFloat

Converts the S.15 fixed-point data of a
vector to floating point and stores the
result in a second vector.

void nspshS15FixToFloat(const short *src , float *dst , int len);
[* real values; single precision */
void nspdbS15Fix ToFloat(const short *src , double *dst , int len );

* real values; double precision */

src Pointer to the vectarrc[len]
len The number of values in thec[len] vector.
dst Pointer to the vector which stores the results of the

conversion to floating-point data.
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Discussion

Thensp?bS15FixToFloat() function convets the fixed-point data in the
vectorsrcflen]  to the floating-point data, and stores tbsults in the
vectordst/len] . This function assumesfiaed-point format of S.15, that
is, a sign bit and 15 fractional bits.

Related Topics
bS31FixToFloat Converts the S.31 fixed-point data of a vector to
floating-point. Stores the results in a second vector.

bS7FixToFloat Converts the S.7 fixed-poidata of a vector to
floating-point. Stores the results in a second vector.

bS1516FixToFloat Converts the S15.16 fixed-point data of a vector to
floating-point. Stores the results in a second vector.

bFloatToS7Fix

Converts the floating-point data of a
vector to S.7 fixed-point data and stores
the results in a second vector.

void nspsbFloatT oS 7Fix(const float *src , char *dst , int len ,
int flags ); /*real values; single precision */
void nspdbFloatToS 7Fix(const double *src , char *dst ,int len

int flags ); /*realvalues; double precision */

src Pointer to the vectarrc[len]
len The number of values in thec/len] vector.
dst Pointer to the vector which stores the results of the

conversion to fixed-point data.

flags Specifies how conversion must be performed.
SeeTable 4-1for theflags values.
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Thensp?bFloatToS7Fix() function conerts the fbating-pointdata in
the vectorsrc/len]  to the fixed-point data, and stores thsults in the
vectordst/len] . This function assumesfiaed-point format of S.7, that
is, a sign bit and 7 fractional bits.

Discussion

The argumenilags consists of the bitwise-OR of one or more of the flags
described in Table 4-1. One of th&P_Round, NSP_TruncZero , or
NSP_TruncNeg flags must be specified.

Related Topics

bFloatToS15Fix Converts the floating-point data of a vector to S.15
fixed-point data. Stores the results in a second vector.

bFloatToS31Fix Converts the floating-point data of a vector to S.31
fixed-point data. Stores the results in a second vector.

bFloatToS1516Fix Converts théloating-point data of a vector to S15.16
fixed-point data. Stores the results in a second vector.

bS7FixToFloat

Converts the S.7 fixed-point data of a
vector to floating point and stores the
result in a second vector.

void nspsbS7FixToFloat(const char *src , float *dst , int len );
[* real values; single precision */
void nspdbS 7FixToFloat(const char *src , double *dst ,int len);

* real values; double precision */

src Pointer to the vectarrc[len]
len The number of values in thec[len] vector.
dst Pointer to the vector which stores the results of the

conversion to floating-point data.
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Discussion

Thensp?bS7FixToFloat() function converts the fixed-point datatire
srcflen]  to the floating-point data, and stores the results in the vector
dstflen] . This functiomrassumes a fixed-point format of7Sthatis, a sign
bit and 7 fractional its.

Related Topics

bS15FixToFloat Converts the S.15 fixed-point data of a vector to
floating-point. Stores the results in a second vector.
bS31FixToFloat Converts the S.31 fixed-point data of a vector to

floating-point. Stores the results in a second vector.

bS1516FixToFloat Converts the S15.16 fixed-point data of a vector to
floating-point. Stores the results in a second vector.

Coordinate Conversion Functions

This section describes the Intel Signal Processing Libratifins hat
perform cartesian to polar and polaictstesian coordinate conveion for
vectors.

bCartToPolar

Converts the elements of a complex
vector to polar coordinate form.

void nspchCartToPolar(const SCplx *src , float *mag, float *phase ,
int  len ); /* complex input; real output; single precision */
void nspzbCartToPolar(const DCplx *src , double *mag, double *phase ,

int  len);/* complex input; real output; double precision */
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src Pointer to the vectarrc[len]

mag Pointer to the vectonag[len] which stores the
magnitude(radius) components of tlements of
vectorsrcflen]

phase Pointer to the vectagrhaseflen]  which stores the

phase (angle) components of the elements of vector
srclen] . Phase values are in the ranget:

len The number of values in the vectors.

Discussion

Thensp?bCartToPolar() function conerts the elements of a complex
input vectorsrcflen]  to polar coordinate fornstoring the magnitude
(radius) component ofaeh element in the vectorag/len] and the phase
(angle) compoent of ech elenent in the vectophaseflen]

Related Topics

bPolarToCart Converts the polar form magnite/ghase pairs stored in
input vectors into a complex vector. Stores the resultin a
third vector.

brCartToPolar Converts the complex real/imaginary pairs of input
vectors to polar cadinate form. Stores the magnitude
and phaseomponents ofach element in two respective
vectors.

brPolarToCart Converts the polar form magnite/ghase pairs stored in
two input vectors into a complex vector. Stores the real
and imaginary components of thesult in two
respective vectors.
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brCartToPolar

Converts the complenealimaginary
pairs of input vectors to polar
coordinate form.

void nspsbrCartToPolar(const float *srcReal , constfloat *srclmag
float *mag, float *phase , int len );
[* real values; single precision */

void nspdbrCartToPolar(const double *srcReal , const double *srclmag
double *mag, double *phase ,int len);

* real values; double precision */

srcReal Pointer to the vectaricRealllen] which stores the
real components of cartesian X/Y pairs.

srcimag Pointer to the vectarrc/magflen]  which stores the
imaginary components ohdesian X/Y pairs.

mag Pointer to the vectonag/len] which stores the
magnitude(radius) components of théeenents in plar
coordinate form.

phase Pointer to the vectagrhaseflen]  which stores the
phase (angle) components of the elements in polar
coordinate form. Phase values are in the range](-

len The number of values in the vectors.
Discussion
Thensp?brCartToPolar() function conerts the complex

real/imaginary (cartesian cabnateX/Y) pairs of the input vectors
srcRealflen] andsrcimag/len] to polar coordiate form,storing the
magnitude (radius) component of eatdément in theectormag/len] and
the phase (angle) component ath element in the vectphaseflen]
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Related Topics

brPolarToCart Converts the polar coordinate form magadé(hase
pairs stored in two input vectors into a complex vector.
Stores the real and imaginary coments of the result
in two respective vectors.

bCartToPolar Converts the elements of the complex vector to polar
coordinate form. Stores the magnitude and phase
components of eactiegnent in two respeive vectors.

bPolarToCart Converts the polar coordinate form magdé(thase
pairs stored in input vectors into a complex vector.
Stores the result in a third vector.

bPolarToCart

Converts the polar form
magnitude/phase fra stored in input
vectors to polar coordinate form.

void nspcbPolarToCart(const float *mag, const float *ohase ,
SCplx *dst ,int len);
[* real input; complex output; single precision */
void nspzbPolarToCart(const double *mag, const double *phase ,
DCplx *dst ,int len);
[* real input; complex output; double precision */
mag Pointer to the vectonag[len] which stores the
magnitude(radius) components of tlements.

phase Pointer to the vectgrhaseflen]  which stores the
phase (angle) components of the elements.

dst Pointer to the restihg vectordstflen] ~ which stores
the complex values consisting of magnitude (radius) and
phase (angle).

len The number of values in the vectors.
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Discussion

Thensp?bPolarToCart() function converts the ar form
magnitude/pase pairs stored the input vectorsnagflen] and
phase[len]  into a complex vector and stores the result in the vector

dstflen]

Related Topics

4-30

bCartToPolar Converts the elements of the complex vector to polar

coordinate form. Stores the magnitude and phase
components of eachement in two respetive vectors.

brCartToPolar Converts the complex real/imaginary pairs of input

vectors to polar cadinate form. Stores the magnitude
and phaseomponents oéach element in two respective
vectors.

brPolarToCart Converts the polar form magnite/ghase pairs stored in

two input vectors into a complex vector. Stores the real
and imaginary components of thesult in two

respective vectors.

brPolarToCart

Converts the polar form
magnitude/phase [ra of input vectors
to cartesian cordinate form.

void nspsbrPolarToCart(const float *mag, const float *phase ,
float * dstReal , float *dstimag , int len );
* real values; single precision */

void nspdbrPolarToCart(const double *mag, const double *phase ,

double *dstReal , double *dstimag , int len );
[* real values; double precision */
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mag Pointer to the vectonag[len] which stores the
magnitude(radius) components of théeenents in plar
coordinate form.

phase Pointer to the vectgrhaseflen]  which stores the
phase (angle) components of the elements in polar
coordinate form. Phase values are in the rarmge](-

dstReal Pointer to the vectarstRealfllen] which stores the
real components of cartesian X/Y pairs.

dstimag Pointer to the vectarstimagflen]  which stores the
imaginary components ohdesian X/Y pairs.

len The number of values in the vectors.

Discussion

Thensp?brPolarToCart() function conerts the polar form

magnitude/pase pairs stored the input vectorsnagflen] and
phaseflen]  into a complex vector and stores the real campb ofthe
result in the vectotistRealflen] and the imaginary component in the
vectordstimag|len]

Related Topics

brCartToPolar Converts the complex real/imaginary pairs of input
vectors to polar cadinate form. Stores the magnitude
and phaseomponents oéach element in two respective
vectors.

bCartToPolar Converts the elements of the complex vector to polar
coordinate form. Stores the magnitude and phase
components of eachemment in two respetive vectors.

bPolarToCart Converts the polar form magnite/fhase pairs stored in
input vectors into a complex vector. Stores the resultin a
third vector.
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Companding Functions

The functions described in this section perform an operation of data
compression by using a logdrnic encder-decoderreferred to as
companding. Companding allows you to maintain a conptoentage
error by logarithmicallypacing the quantization levgRab78].

The Intel Intel Signal Processing Libraiynapanding functions perform the
following conversion operations sfgnal samples:

®*  From 8-bitp-law encaed format to hear or vice-versa.
®* From 8-hitA-law encoded format to linear or vicerga.

Samples encoded jrlaw or A-law format are non-ifiormly quarized.
The gquantization functions usedthyese formats amesigned to reduce the
dependncy of signal-to-nise ratio on the maujtude of the encoded sigl.
This is achieved by quantizing (companding) aharfresoltion nearzero,
and at a coarse resolution at largesipive or negative levels. The output
values are normalized to be in the range of -1 to +1.

These factions perform th@-law andA-law companding in compliance
with the CCITT G.711 specification, [CCITT]. For the conversion rules and
more details, refer to [CCITT].

bMuLawToLin

Decodes samples from 8-pilaw
encoded format to linear samples.

void nspsbMuLawToLin (const unsigned char * src , float * dst ,
int flen);
[* real values; single precision */

void nspdbMuLawToLin (const unsigned char * src ,double *  dst ,
int len);
[* real values; double precision */

void nspwbMuLawToLin (const unsigned char * src , short * dst
int len);
* real values; short integer */
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src Pointer to the input unsignethar vector, which stores
8-hit u-law encaled signal amples to be decoded.

dst Pointer to the output vector, which stores the linear
sample results.

len The number of samples in the vector/len]

Discussion

Thensp?bMuLawToLin()  function decodes the 8-hitlaw encaled
samples in the input vectercflen]  to linear samples and stores them in
the vectordst/len]

The formula fou-law companding is as follows:

‘CM(XXZ In(1+ 25500x|)

In(256) (128 -1<x<1

wherex is the linear signal sample aqg(x) is thep-law encoded

sample. The formula is shown in terms of absolute values of both the
original and compressed signals sinosifive and negativealues are
compressed in adénticalmanner. The sign of the input is preserved in the
output.

Application Notes: The formula shown above should not be
implemented directly, since such an impletagion would be slow.
Encoding or decoding qf-law format is usually performeding look-up
Tables 2a/G.711 and ZB.711 shown in the CCITT specification G.711.
Refer to the G.711 specification for detalils.

Related Topics
bLinToMuLaw Encodes the linear samples using 8dbidaw format.

bALawToLin Decodes the 8-bit A-law encoded samples to linear
samples.
bLinToALaw Encodes the linear samples using 8-bit A-law format.

bMuLawToALaw Converts samples from 8-hitlaw encaed format to
8-bit A-law encoded format.

bALawToMuLaw Converts samples from 8-bit A-law encoded format to
8-hit y-law encaled format.
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bLinToMuLaw

Encodes the lmar samples using 8-bit

p-law format and storediem in a

vector.

void nspsbLinToMuLaw (const float * src , unsigned char * dst ,

int flen);

[* real values; single precision */
void nspdbLinToMuLaw (const double * src , unsigned char * dst ,

int len);

[* real values; double precision */
void nspwbLinToMuLaw (const short char * src , unsigned char * dst ,

int len);

[* real values; short integer */

dst

Src

len

Discussion

Pointer to the vector that holds the output of the
nsp?bLinToMuLaw()  function.

Pointer to the vector that holds the signal samples to be
encoded.

The number of samples in the vector/len]

Thensp?bLinToMuLaw()  function encodes the linesamples in the input

vectorsrc[len]
dstflen]

Related Topics
bMuLawToLin

bALawToLin

bLinToALaw

using 8-hity-law format and stores them in the vector

Decodes samples from the 8-pitaw encoded format
to linear samples.

Decodes samples from the 8-bit A-law encoded format
to linear samples.

Encodes the linear samples using 8-bit A-law format.
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bMuLawToALaw Converts samples from 8-hitlaw encaled format to
8-bit A-law encoded format.

bALawToMuLaw Converts samples from 8-bit A-law encoded format to
8-hit y-law encaed format.

bALawToLin

Decodes the 8-biA-law encoded
samples to linear samples.

void nspsbALawToLin (const unsigned char * src , float * dst ,int len);
* real values; single precision */
void nspdbALawToLin (const unsigned char * src , double *  dst,
int flen);
[* real values; double precision */
void nspwbALawToLin (const unsigned char * src , short * dst ,
int len);
* real values; short integer */
dst Painter to the vector that holds the output of the
nsp?bALawToLin()  function.
src Pointer to the vector that holds the signal samples to be
converted.
len The number of samples in the vector/len]
Discussion

Thensp?bALawToLin()  function decodes the 8-bit-law encoded
samples in the input vectercflen]  to linear samples and stores them in
the vectordstflen]

The formula for A-law companding is as follows:

87.5GX\
a7 128 0slxls
-0
|Ca(X)) 0L + In(87.56x|)
g 1+1In87.56
O

1
87.56

1
128 57E56< Ix|<1
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wherex is the linear signal sample agg(x) is theA-law encaed
sample. The formula is shown in terms of absolute values of both the
original and compressed signals sincsifive and negativealues are
compressed in adénticalmanner. The sign of the input is preserved in the
output.

Application Notes: The formula shown above should not be
implemented directly, since such an impleta¢ion would be slow.
Encoding or decoding &-law format is usually performeding look-up
Tables 1a/G.711 and A&711 shown in the CCITT specification G.711.
Refer to the G.711 specification for detalils.

Related Topics
bLinToALaw Encodes the linear samples using 8Ablaw format.

bMuLawToLin Decodes the 8-bjt-law encoded samples to linear
samples.

bLinToMuLaw Encodes the linear samples using 8dbiaw format.

bMuLawToALaw Converts samples from 8-hitlaw encaled format to
8-bit A-law encoded format.

bALawToMuLaw Converts samples from 8-bit A-law encoded format to
8-hit y-law encaed format.

bLinToALaw

Encodes the limar samples using 8-bit
A-law format and stores them in an

array.
void nspsbLinToALaw (const float char * src , unsigned char * dst , int
len );
* real values; single precision */
void nspdbLinToALaw (const double * src , unsigned char * dst ,

int len);
[* real values; double precision */
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void nspwbLinToALaw (const short * src , unsigned char * dst ,

int len);

* real values; short integer */

dst

src

len

Discussion

Pointer to the vector that holds the output of the
nsp?bLinToALaw()  function.

Pointer to the vector that holds the signal samples to be
encoded.

The nunber of samples in the vector/len]

Thensp?bLinToALaw()  function encodes the linear samples in the input

vectorsrc[len]
dstflen]

Related Topics
bALawToLin

bMuLawToLin

bLinToMuLaw
bMuLawToALaw

bALawToMuLaw

using 8-bitA-law format and stores them in the vector

Decodes the 8-bit A-law encoded samples to linear
samples.

Decodes the 8-bjt-law encoded samples to linear
samples.

Encodes the linear samples using 8dbidaw format.

Converts samples from 8-hitlaw encaled format to
8-bit A-law encoded format.

Converts samples from 8-bit A-law encoded format to
8-hit y-law encaed format.
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bMuLawToALaw

Converts samples from 8-lpitlaw
encoded format to 8-bit A-law encoded

format.
void nspbMuLawToALaw (const unsigned char * src , unsigned char * dst,
int flen);
src Pointer to the input unsignethar vector, which stores
8-hit p-law encaled signal amples.
dst Pointer to the output unsigned char vector, which stores
the 8-bitA-law encoded samples.
len The nunber of samples in the vector/len]
Discussion

ThenspbMuLawToALaw() function converts signal samples from 8-bit
p-law encoded format in the input vectorflen]  to 8-bit A-law encoded
format and stores them in the vectbt/len]

Application Notes: The conversion gii-law format to A-law format is
usually performed using look-up Table 3/G.711showhénCCITT
specification G.711. Refer to the G.711 specification for details.

Related Topics
bMuLawToLin Decodes the 8-bjt-law encoded samples to linear

samples.
bLinToMuLaw Encales the linear samples using 84bilaw format.
bALawToLin Decodes the 8-bit A-law encoded samples to linear
samples.
bLinToALaw Encales the linear samples using 8-bit A-law format.

bALawToMuLaw Converts samples from 8-bit A-law encoded format to
8-bit m-law encoded format.
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bALawToMulLaw

Converts samples from 8-Bitlaw

encoded format to 8-hjit-law encoded

format.
void nspbALawToMuLaw (const unsigned char * src , unsigned char * dst,
int flen);
src Pointer to the input unsignethar vector, which stores
8-hit A-law encaled signal amples.
dst Pointer to the output unsigned char vector, which stores
the 8-bitp-law encoded samples.
len The nunber of samples in the vector/len]
Discussion

ThenspbMuLawToALaw() function converts signal samples from 8-bit
A-law encoded format ithe input vectosrcflen]  to 8-bitp-law format
and stores them in the vectar/len]

Application Notes: The conversion ofA-law format tou-law format is
usually performed using look-up Table 4/G.711 shown in the CCITT
specification G.711. Refer to the G.711 specification for details.

Related Topics
bMuLawToLin

bLinToMuLaw
bALawToLin

bLinToALaw
bMuLawToALaw

Decodes the 8-bjt-law encoded samples to linear
samples.

Encales the linear samples using 84bilaw format.

Decodes the 8-bit A-law encoded samples to linear
samples.

Encales the linear samples using 8-bit A-law format.

Converts samples from 8-hitlaw encaled format to
8-bit A-law encoded format.
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Sample-Generating
Functions

This chapter describes the Intel ig¢)Processing library functions which
generate the tone samples, triangle dampseudo-random samples with
uniform distribution, and pseudo-random samples @idlussian
distribution.

Tone-Generating Functions

4

The functions described in this section generate a tone (oistit) of a

given frequency, lpase, andnagntude. Tonesre fundamentaluilding

blocks for analog signals. This makes sampled tones extreisefiyl in

signal processing systems as test signals and as building blocks for more
complex sigals. The tone functions are gezable to the C math library’s
sin()  function for many applications because they can use knowledge
retained from the computation of the previous sample to compute the next
sample much faster thaim() orcos() .

The Intel Signal Processing Library provides functions for initializing a
tone generator andriations for generating single or mplg samples from
a previously initialized tone.

nsp?bTone () Returns a specified number of consecutive samples of
the tone.

nsp?Tone () Returns one sample of the tone each time the function is
called.

nsp?Tonelnit () InitializestheNSP?ToneState structure with a given
frequency, phase, and magnitude for the tone.
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NSP?ToneState  Structire which contains the specified pamters for
the tone.

Figure 5-1 illustrates the order of use of theetgenerating functions.

Figure 5-1 Order of Use of the Tone-Generating Functions

Tone

Tonelnit \
bTone

Thensp?Tonelnit() function intializes theNSP?ToneState structure
with a specified frequency, phase, and magnitude for the Time.
structure can then hmassed teither thensp?bTone() function, the
nsp?Tone() function, or both. Thesp?Tone() function returns a
sample of the tone each time it is called. We?bTone() function
returns a specified number of consecutive samples. Theskofis are
described in more detail below.

Example 5-1 shows the code for generating a tone and taking its FFT.
Example 5-1 Generating a Tone and Taking its FFT

[* generate a tone

*and take its FFT

*

NSPZToneState ts;
DCplx tone[256];
DCplx tonefft[256];

nspzTonelnit(0.11, NSP_DegToRad(30), 5.0, &ts);
nspzbTone(&ts, tone, 256);
nspzFftNip(tone, tonefft, 8, NSP_Forw);
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Example 5-2 shows the code faing a tondor primarydemodulation in a
passband modem.

Example 5-2 Using Gener ated Tones

/* Use a tone for primary demodulation
* in passband modem

*

NSPDTone State prim_osc;

nspdTonelnit(0.35, 0, 1.0, &prim_osc);

for(;;) {
DCplx samp;
samp = ...; /* get analytic sample (after Hilbert filter) */
samp = nspzMpy( nspdTone( &prim_osc), samp);

}

Application Notes : The contents of the stturesNSP?Tone State
and the particular egtions used toalculate the tone are
implementation-dependent. The tone is calculated using a structure that
implements the followingecond-order tragfier function:

-1

V4

X(z) = o =2cos 2nfreq )

1-azt+z?2
This system has two complex conjugatéepmn the unit circle. The angle
of the pdes is déermined byrfreq . Thereareseveral possible eqtions
to implement this system. The particulauatijon used is
implementation-dependentdause the lative speed and harmonic
distortion depends on the particular presmer.

Complex tmes (spcTone() andnspzTone() ) are generated by using
two real-valued tone oscillators that are ninety degrees out sépha
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bTone

Produces consecutive samples of a tone.

void nspsbTone(NSP STone State * statePtr , float* samps, int sampsLen);
* real values; single precision */
void nspcbTone(NSPCTone State * statePtr ,SCplx*  samps,int sampsLen);
I* complex values; single precision */
void nspdbTone(NSPDTone State * statePtr , double *  samps,
int sampsLen);
* real values; double precision */
void nspzbTone(NSPZTone State * statePtr ,DCplx*  samps, int sampsLen);
[* complex values; double precision */
void nspwbTone(NSPWToneState * statePtr , short* samps, int sampsLen);
* real values; short integer */
void nspvbTone(NSPVToneState * statePtr ,WCpIx* samps,int sampsLen);
/* complex values; shortinteger */
samps Pointer to the array which stores g@mples.
sampsLen The number of samples of the tone to be computed.
statePtr Pointer to theNSP?ToneState structure.

Discussion

Thensp?bTone() functionreferences thelSP?ToneState structure,

computesampsLen samples of the tone, and stores them in the array
samps[n] . The first call toisp?bTone() returns ther = 0 sample of
x(n) . For real tonesy(n) is defined as:

x(n) =maglcos(atlHreq [+ phase)
For complex tones;(n) is defined as:
x(n) =magltos(atlfreq [h + phase )+ kin(2nOfreq [h + phase)

Calls tonsp?Tone() andnsp?bTone() can be combined dhe same
StatePtr
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Related Topics

Tone Produces the next sample of a tone.
Tonelnit Initializes a tone with a given frequency, phase, and
magnitude.

Tone

Produces the nestample of a tone.

float nspsTone(NSP SToneState * statePtr );
* real values; single precision */

SCplx nspcTone(NSPCTone State * statePtr );
* complex values; single precision */

double nspdTone(NSPDToneState * statePtr );
* real values; double precision */

DCplx nspzTone(NSPZTone State * statePtr );
/* complex values; double precision */

short nspwTone(NSPWTone State * statePtr );
* real values; short integer */

WCplIx nspvTone(NSPVToneState * statePtr );
[* complex values; shortinteger */

statePtr Pointer to the\SP?ToneState structure.

Discussion

Thensp?Tone() function references theSP?ToneState structure and
returns the next sample of the tone. The first calkf@Tone() returns
then = 0 sample ok(n) . For real tonesy(n) is defined as:

x(n) =magltos(atifreq [+ phase)
For complex tones;(n) is defined as:
x(n) =magltos(2tlifreq [h+ phase)+j [Bin(2nlifreq [h +phase)

Calls tonsp?Tone() andnsp?bTone() can be mixed on the same
statePtr
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Related Topics

bTone Produces consecutive samples of a tone.
Tonelnit Initializes a tone with a given frequency, phase, and
magnitude.

Tonelnit

Initializes a tone vth a given freqancy,
phase, and magnitude.

void nspsTonelnit(float rfreq , float phase , float mag
NSPSToneState * statePtr ),
* real values; single precision */

void nspcTonelnit(float rfreq , float phase , float mag
NSPCToneState * statePtr ),
/* complex values; single precision */

void nspdTonelnit(double rfreq , double phase , double mag
NSPDToneState * statePtr ),
* real values; double precision */

void nspzTonelnit(double rfreq , double phase , double mag
NSPZToneState * statePtr ),
* complex values; double precision */

void nspwTone nit(float rfreq , float phase, short mag
NSPWToneState * statePtr ),
* real values; single precision */

void nspvTonelnit(float rfreq , float phase, short mag
NSPVToneState * statePtr ),
* complex values; shortinteger */

mag The magnitude of the tone; that is, the maximum value
attained by the wave.

phase The phase of the tone relative to a cosine wave. It must
be between 0.0 andt2

rfreq The frequency of the tone relative to the shngp

frequency. It must be between 0.0 and 0.5.
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statePtr Pointer to the\SP?ToneState structure.

Discussion

Thensp?Tonelnit() function intializes the givemSP?ToneState
structure pointed to bytatePtr  with the specified frequency, phase, and
magnitude. These parameters are used to genieatiene. The
NSP?ToneState structure is later passed to thg?Tone() and/or
nsp?bTone() functions to gerate samples of the tone.

For real tones, the argumentsitp ?Tone nit() specify the fdbwing
signal:

x(n) =magltos(2tfreq [+ phase)

For complex tones, the argumentsi$p?Tonelnit() specify the
following signal:

x(n) =magltos(atlifreq [h+ phase)+j [Bin(2tlifreq [h+phase)

Related Topics
bTone Produces consecutive samples of a tone.
Tone Produces the next sample of a tone.

Triangle-Generating Functions

This section describes fations hat generate a periodic signeith a
triangular wave form (fferred to as “triangle”) of aigen frequency, phase,
magnitude, and asymmetry.

The Intel Signal Processing Library provides functions for initializing a
triangle generator and functions for generating single or pleikiamples
from a previously initializedrtangle.

nsp?bTmgl ()  Returns a specified number of consecutive samples of
the triangle.

nsp?Trngl () Returns one sample of the triangle each time the
function is called.

nsp?Trnglinit () Initializes theNSP?TrnglState  structure with a given
frequency, pase, magnitude, and asymmetrythe
triangle.
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NSP?TrnglState  Structire which contains the specified pamters for
the triangle.

Figure 6-2 illustrates the order of use of the gflargenerating functions.

Figure 5-2 Order of Use of the Triangle-Generating Functions

/ Trngl
Trnglinit \
bTrngl

Thensp?Trnglinit() function initializes theNSP?TrnglIState

structure with a specified frequenchase, magnitude, and asymmetry for
the triangle. The structure can then be passed to eithesthieTrngl()
function, thensp?Trmgl()  function, or both. Thesp?Trngl()  function
returns a sample of the triangle each time it is called. nFiebTrngl()
function returns a specified number of consecutamaples.

Example 5-3 shows the code for generating periodi@asgmithtriangular
waves.
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Example 5-3 Generating Triangles

[* generate triangles

* with different

* wave forms

*

float x[258], y[128];

NSPSTrnglState ct, saw_sheer_back, saw_sheer_fore, rect;
int i=128;

float eps=0.00001, float large_mag=1000000.;

[* initialize symmetric triangle wave */
nspsTrnglinit(0.1, 0.03, 3.0, 0.0, &ct);
nspsbTrngl(&ct, x, 128);

[* now generate a single sample
* then continue generating the same wave */

while (i--) {
nspsTrngl(&ct, x[129]);
}
[* generate a “saw” sheer-back wave
* with asymmetry near - e

nspsTrnglinit(0.09, 0.0, 1.0, eps-NSP_PI, &saw_sheer_back);
nspsbTrmgl(&saw_sheer_back, y, 128);

[* generate a “saw” sheer fore-part wave

* with asymmetry near m*/

nspsTrnglinit(0.09, 0.0, 1.0, NSP_PI-eps, &saw_sheer_fore);
nspsbTrmgl(&saw_sheer_fore,y, 128);

[* generate a rectangular wave from atriangle

* using a large magnitude and asymmetry =0 */
nspsTrnglinit(0.08, 1.5*NSP_PI, large_mag, 0.0, &rect);
nspsbTrngl(&rect, y, 128);

[* you can generate other signal shapes; for example, by using
/* Thresh and other SP functions */
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Application Notes: A real periodic signal with triangular wave form
x[n] (a real triangle, in short) of a given fremcyrfreq
magnitudenag, and asymmentry is defined as follows:

x[n] = magltt h(ZHDfreq md phase ), n=0,12...

A complex periodic signal with triangular wave foxin] (a complex

triangle, in short) of a given frequendyeqg , phasephase , magnitude
mag, and asymmetry is defined as follows:

x[n] = magtct ,(2nDOfreq M phase ) +
J Ot p(ZnOfreq nd phase )), n=10,12 ...
Thect ,() function is determined as follows:
H= mnt+h
H) H
S__H —EB O<sacs
ct h(a) =0

EQHZ_HE%(—ZT[;H% H<o<2n
ct p(a+k[Rm) = ct ,(a), k= 0,£1L £2 ...

WhenH= 1, asymmetry: = 0, and functiont ,() is symmetric and a
triangular aralog ofthe cos() function. Note thelfowing equations:
ct ,(H/2+kU7) =0, k= 0,+L,+2 ...

ct p(k[2m) =1, k= 0,£1,2 ...
ct p(H+ k[Rm) = -1, k= 0,xL£2 ...

Thest ,() function is determined as follows:

2 21—-H
< 7
EQ]T_ [, 0o < >

02 2n-H 21+ H
st ,(a) = D——H[(a —T0), 5 <a< 5
0

O 2 21+ H
%HE(G_ZH)' 2 <0 <21

st p(a+k[Rm) = st (a), k= 0,£1L £2 ...

, phasephase ,
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WhenH=m, asymnetry h = 0, and functiost ,() is a triangular aalog of

a sine function. Note the following equations:
ct (o +(3m+h)/2)

st p(a) =
st (k) = 0, k= 0,1, +2 ..

st p((m=h)/2+2nk) = 1, k= 0,£1, %2 ...
st ,((8m+h)/2+2mk) = -1, k= 0,£1%2 ..

bTrngl

Produces consecutive samples of a
triangle.

void nspsbTmgl(NSPSTrnglState * statePtr
int  sampsLen);
I* real values; single precision */

void nspcbTmgl(NSPCTrnglState * statePtr

int  sampsLen);
I* complex values; single precision */

void nspdbTrngl(NSPDTrnglState * statePtr
int  sampsLen);
* real values; double precision */

void nspzbTrgl(NSPZTrnglState * statePtr

int  sampsLen);
[* complex values; double precision */

void nspwbTrgl(NSPWTrnglState * StatePtr
int sampsLen);
* real values; short integer */

void nspvbTmgl(NSPVTrnglState * statePtr

int  sampsLen);
[* complex values; shortinteger */

samps
sampsLen

statePtr

, float *

, SCplx *

, double *

, DCplx *

, Short *

, WCplx *

samps,

samps,

samps,

samps,

samps,

samps,

Pointer to the array which stores gamples.
The number of samples of the triangle to be computed.
Pointer to theNSP?TrnglState

structure.

5-11
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Discussion
Thensp?bTrngl()  function references theSP?TrglState

computesampsLen samples of the triahgy and stores them in theray
samps[n] . The first call toisp?bTmgl()  returns ther = 0 sample of

x(n) . For real trianglex(n) is defined as:

x[n] = magltt h(ZHErfreq md phase ), n=0,12...

For complex triangles;(n) is defined as:

x[n] = maggct p(2nOfreq M phase ) +
J Ot (ZnOfreq nd phase )), n=10,12 ...

Seepage 5-1p“Application Notes,” for thedefinition of functions:t ()
andst ,() .Calls tonsp?Trngl()  andnsp?bTrngl()  can be combined

on the sametatePtr

Related Topics
Tmgl Produces the next sample of a triangle.

Trglinit Initializes a triangle with a given frequency, phase,

magnitule, and asymetry.

Trngl

Produces the next sample of a triangle.

float nspsTmgl(NSPSTrnglState * statePtr );
* real values; single precision */

SCplx nspcTrgl(NSPCTrnglState * statePtr );
/* complex values; single precision */

double nspd Trngl(NSPD TrnglState * statePtr ),
* real values; double precision */

DCplx nspzTrngl(NSPZTrnglState * statePtr );

I* complex values; double precision */
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float nspwTrmgl(NSPWTrnglState * statePtr );
* real values; short integer */
WCplx nspvTrgl(NSPVTrnglState * statePtr );
[* complex values; shortinteger */
StatePtr Pointer to theNSP?TrnglIState  structure.
Discussion

Thensp?Trngl()  functionreferencetheNSP?TrnglState  structure and
returns the next sample of the tiggen The first call tosp?Trngl()
returns ther = 0 sample ok(n) .

For real trianglesy(n) is defined as:

x[n] = maglkt h(2nErfreq md phase ), n=0,1 2 ...

For complex triangles;(n) is defined as:
x[n] = magtet ,(2nlrfreq M phase ) +
J Ot (ZnOfreq nd phase )), n=10,12 ...

Seepage 5-1p"Application Notes,” for thedefinition of functions:t ()
andst ,() .Calls tonsp?Trngl() andnsp?bTrngl()  can be mixed on
the samestate Pir

Related Topics

bTrngl Produces consecutive samples tfiangle.
Tmglinit Initializes a triangle with a given frequency, phase, and
magnitude.

5-13
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Trnglinit

Initializes atriangle with a given
frequency, phase, and magnitude.

void nspsTrnglinit(float rfreq , float phase , float mag, float asym,
NSPSTrnglState*  statePir );
* real values; single precision */
void nspcTrnglinit(float rfreq , float phase , float mag, float asym,
NSPCTrnglState*  statePtr ),
/* complex values; single precision */
void nspdTrnglinit(double rfreq , double phase , double mag,
double asym, NSPDTrnglState * StatePtr );
* real values; double precision */
void nspzTrnglinit(double rfreq , double phase , double mag,
double asym, NSPZTrnglState * statePtr );
* complex values; double precision */
void nspwTrnglinit(float rfreq , float phase , short mag, float asym,
NSPWTrnglState *  statePtr );
* real values; short integer */
void nspvTrnglinit(float rfreq , float phase , short mag, float asym,

NSPVTrnglState*  statePtr );
I* complex values; shortinteger */

rfreq The frequency of the triangle relative to the shmgp
frequency. Iimust be between 0.0 and 0.5.

phase The phase of the triangtelative to a cosin&iangular
analog wave. It must deetween 0.0 andr®

mag The magnitude of the triangle; that is, the maximum
value attained by theave.

asym The asymmetry of a triangle. It must be betweem -
andrt. If h=0, then the triangle is symmetric and a direct
analog of a tone.

statePtr Pointer to theNSP?TrngleState  structure.

5-14
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Discussion
Thensp?Trnglinit() function initializes the giveNSP?TrnglState

structure pointed to bytatePtr  with the specified frequency, phase, and

magnitude. These parameters are used to genkeatiéande. The
NSP?TrnglState  structure is later passed to the?Trngl()  and/or
nsp?bTrmgl()  functions to generate samplestiué triangle.

For real trianglesy(n) is defined as:

x[n] = magltt h(ZHDfreq md phase ), n=0,12...

For complex triangles;(n) is defined as:

x[n] = magtict ,(2nOfreq O phase ) +
J Ot (ZnOfreq nd phase )), n=10,12 ...

Seepage 5-1p“Application Notes,” for thedefinition of functions:t ()

andst ,() .Calls tonsp?Trngl() andnsp?bTrngl()  can be mixed on

the samestate Ptr

Related Topics
bTrngl Produces consecutive samples tfangle.
Tmgl Produces the next sample of a triangle.

Pseudo-Random Samples Generation

The Intel Signal Processing Library providesdiions for initializing a
random-sample generator and functions for generating singlelplenu
pseudo-randomasnples from a previaly intialized samplewvith uniform
or Gaussian distribution.

This section describes the fitionsthat generate pseudo-randoamgples
with uniform or Gaussian distribution.
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Uniform Distri bution Functions

Figure 5-3

The pseudo-random samples wittiform dstribution functions inclde:

nsp?RandUnilnit ()
InitializestheNSP?RandUniState  stricture required
to generate the pseudo-random samples.

nsp?RandUni () Returns consecutive samples, one at a time.
nsp?bRanduUni () Compues samples and stores them in an array.

Figure 5-3 illustrates the order of use of the pseudo-random sample-
generating functions with aniform dstribution.

Order of Use of the Uniform Distribut  ion Functions

RandUni

RandUnilnit \
bRandUni

Thensp?RandUnilnit() function initializes the given
NSP?RandUniState  structure, and the appdiion carpass it to the
nsp?RandUni() and/ornsp?bRandUni()  functions to generate
consecutive samples. Example 5-4 shows alsiiom of a noisy diigal
transmission with 7%iberror rate.
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Example 5-4 Simulation of a Noisy Digital Transition

/* Simulate noisy digital transmission
* with 7% bit-error rate
*
NSPSRandUniState rstate;
char data;
int i
nspsRandUnilnit(0.1, 0.0, 100.0, &rstate);
for(;) {
[* insert code here to put next eight bits of signal in data */
for (i=0; i<8; i++)
if (nspsRandUni (&rstate) < 7.0)
data = data N(1<<i);
[* each bit now has a 7% probability of being corrupted */
}

[* dither a signal and quantize to eight bits */
NSPDRandUniState rstate;

double samps[256];

double dither[2586];

char output[256];

nspdRandUnilnit (0.1, -0.25, 0.25, &rstate);
for (;) {

[* insert code here to fill samps[] with samples */
nspdbRandUni(&rstate, dither, 256);

nspdbAdd2(dither, samps, 256);

nspdbFloat2Int(samps, output, 256, 8, NSP_Round | NSP_Clip);
}
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bRandUni

Computes pseudo-random samples
with a uniform distribution and stores
them in an array.

void nspsbRandUni(NSP SRandUniState *statePtr |, float
int  sampsLen);
* real values; single precision */

void nspcbRandUni(NSP CRandUniState *statePtr , SCplx
int sampsLen);
* complex values; single precision */

void nspdbRandUni(NSPDRandUniState *statePtr  , double
int sampslen );
* real values; double precision */

void nspzbRandUni(NSPZRandUniState *statePtr , DCplx
int sampsLen);
I* complex values; double precision */

void nspwbRandUni(NSPWRandUniState *statePtr  , short
int sampsLen);
* real values; short integer */

void nspvbRandUni(NSPVRandUniState *statePtr  , WCplx
int sampsLen);
I* complex values; shortinteger */

*samps,

*samps ,

*samps ,

*samps ,

*samps ,

*samps ,

statePtr Pointer to the\SP?RandUniState  structure.

samps Pointer to the array containing pseudo-random samples.

sampsLen The number of elements (samples) in thenps array.

Discussion

Thensp?bRandUni  function computesampsLen pseudo-random
samples with a ufarm distribution and stores them in themnps array.

Calls tonsp?RandUni() andnsp?bRanduUni() can be nded onthe same

statePtr
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Related Topics

RandUnilnit

RandUni

Initializes the state reqed to generate the
pseudo-random samples.

Returns consecutive samples, one at a time.

RandUni

Returns consecutive ps@dthndom
samplesvith a uniformdistribution, one

at a time.

float nspsRandUni(NSP SRandUniState

*statePtr );

I* real values; single precision */

SCplx nspcRandUni(NSP CRandUniState

*statePtr );

* complex values; single precision */

double nspdRandUni(NSPDRandUniState

*statePtr ),

* real values; double precision */

DCplx nspzRandUni(NSPZRandUniState

*statePtr );

I* complex values; double precision */

short nspwRandUni(NSPWRandUniState

*statePtr ),

[* real values; short integer */

WCplx nspvRandUni(NSPVRandUniState

*statePtr );

/* complex values; shortinteger */

statePtr

Discussion
Thensp?RandUni

Pointer to the\SP?RandUniState  structure.

function returns consecutive pseudo-random samples

with a uniform distribution, one attane.

Related Topics

RandUnilnit

bRandUni

Initializes the state reqred to generate the
pseudo-random samples.

Compues pseudoandom smples and stores them in
an array.
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RandUnilnit

Initializes the state required to generate
the pseudo-random swples with a
uniform distribution.

void nspsRandUnilnit(float seed , float low , float high ,
NSPSRandUniState *  statePtr ),
I* real values; single precision */

void nspcRandUnilnit(float seed , float low , float high ,
NSPCRandUniState *  statePtr ),
* complex values; single precision */

void nspdRandUnilnit(double seed, double low , double high ,
NSPDRandUniState *  statePtr );
* real values; double precision */

void nspzRandUnilnit(double seed, double low , double high ,
NSPZRandUniState *  statePtr );
/* complex values; double precision */

void nspwRandUnilnit(short seed , short low , short high ,
NSPWRandUniState * statePtr );
* real values; short integer */

void nspvRandUnilnit(short seed , short low , short high ,
NSPVRandUniState * statePtr );
[* complex values; shortinteger */

seed The seed value used by the pseuandom nmber
generation algorithm.

low The lower bounds of theniform dstribution’s range.

high The upper bounds of the unifornstlibution’s range.

statePtr Pointer to theNSP?RandUniState ~ structure.

Discussion

Thensp?RandUnilnit function intializes the state renred to generate
the pseudo-random samples with a uniform distidLl
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Related Topics

bRandUni Compues pseudoandom amples and stores them in
an array.
RandUni Returns consecutive samples, one at a time.

Gaussian Distri bution Functions

Figure 5-4

The pseudo-random samples with Gaussian distribution functions include:

nsp?RandGauslnit ()
Initializesthe NSP?RandGausState  structure required
to generate the pseudo-random samples.

nsp?RandGaus () Returns consecutive samples, one at a time.
nsp?bRandGaus () Compues samples and stores them in aaya

Figure 5-4 illustrates the order of use of the pseudo-random sample-
generating functions with a Gaussian rilisttion.

Order of Use of the Gaussian Distribution Functions

RandGaus

\ bRandGaus

RandGauslinit

Thensp?RandGauslnit() function intializes the given
NSP?RandGausState structure, and the application can pass it to the
nsp?RandGaus() and/omsp?bRandGaus() functions to genate
consecutive samples. Callsrtep?RandGaus() andnsp?bRandGaus()
may be mixed on the sam&tePtr
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bRandGaus

Computes pseudo-random samples
with a Gaussian distribution arslores
them in an array.

void nspsbRandGaus(NSPSRandGausState *statePtr , float *samps,

int

sampsLen);

* real values; single precision */
void nspcbhRandGaus(NSPCRandGaus State *statePtr , SCplx  *samps,

int

sampsLen);

* complex values; single precision */
void nspdbRandGaus(NSPDRandGaus State *statePtr , double *samps ,

int

sampslen );

* real values; double precision */
void nspzbRandGaus(NSPZRandGaus State *statePtr ,DCplx  *samps,

int

sampsLen);

I* complex values; double precision */
void nspwbRandGaus(NSPWRandGaus State *statePtr , short *samps,

int

sampsLen);

* real values; short integer */
void nspvbRandGaus(NSPVRandGausState *statePtr , WCplx  *samps,

int

sampsLen);

I* complex values; shortinteger */

statePtr Pointer to theNSP?RandGausState structure.

samps Pointer to the array oaining pseudo-random samples.
sampsLen The number of elements (samples) in thenps array.
Discussion

Thensp?bRandGaus function computesampsLen pseudo-random
samples with a Gaussiarsttibution and sires them in theamps array.

Related Topics

RandGauslnit Initializes the state reqed to generate the
pseudo-random samples.

RandGaus Returns consecutive samples, one at a time.
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RandGaus

Returns consecutive ps@dthndom
samples with a Gaussian distribution,
one at a time.

float nspsRandGaus(NSPSRandGaus State *statePtr );
I* real values; single precision */

SCplx nspcRandGaus(NSPCRandGaus State *statePtr );
* complex values; single precision */

double nspdRandGaus(NSPDRandGausState *statePtr );
* real values; double precision */

DCplx nspzRandGaus(NSPZRandGaus State *statePtr );
[* complex values; double precision */

short nspwRandGaus(NSPWRandGaus State *StatePtr );
[* real values; short integer */

WCplx nspwRandGaus(NSPVRandGausState  *statePtr );
/* complex values; shortinteger */

statePtr Pointer to the\SP?RandGausState structure.

Discussion

Thensp?RandGaus function returns consecutive pseudo-random samples
with a Gaussian distribution, one at a time.

Related Topics

RandGausInit Initializes the state reqed to generate the
pseudo-random samples.

bRandGaus Compues pseudoandom smples and stores them in
an array.
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RandGauslnit

Initializes the state required to generate
the pseudo-random swples with a
Gaussian distribtion.

void nspsRandGauslnit(float seed, float mean, float stdDev ,
NSPSRandGausState * statePtr ),
I* real values; single precision */

void nspcRandGauslnit(float seed, float mean, float stdDev ,
NSPCRandGausState * statePtr ),
* complex values; single precision */

void nspdRandGauslnit(double seed, double mean, double stdDev
NSPDRandGausState * statePtr ),
* real values; double precision */

void nspzRandGauslnit(double seed, double mean, double stdDev
NSPZRandGausState * statePtr );
I* complex values; double precision */

void nspwRand Gausl nit(short seed, short mean, short stdDev
NSPWRandGausState * statePtr );
* real values; short integer */

void nspvRandGauslnit(short seed, short mean, short stdDev
NSPVRandGausState * statePtr );
I* complex values; shortinteger */

seed The seed value used by the pseuandom nmber
generation algorithm.

mean The mean of the Gaussiaistdibution.

stdDev The standard deviation of the Gaussian digtrdm.

statePtr Pointer to theNSP?RandUniState ~ structure.

Discussion

Thensp?RandGauslnit  function initializes the state required to generate

the pseudo-random samples with a Gaussian distribution.
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Related Topics

bRandGaus Compues pseudoandom amples and stores them in
an array.
RandGaus Returns consecutive samples, one at a time.
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Windowing Functions

This chapter describes several of the windowimgfianscommonly used
in signal pocessing. A window is a mathematicahétion by which a
signal is mitiplied to improve the chacteristics of some subsemt
analysis. Windows are commonly used inrHfased spectral analysis.

Understanding Window Functions

4

The Intel Signal Processing Library provides the following functions to
generate window samples.

® Bartlett windowing function

® Blackman family of windowing functions

® Hamming windowing function

®* Hann windowing function

® Kaiser windaving function

These factionsgenerate the window samples andltiply them into an
existing signal. To obtain the windowraples themselves, initialize the
vector argument to the unity vectoefore calling the window fiction.
Example 6-1 shows the code for windowintgnee-comain signal and
taking its FFT.



6 Intel Signal Processing Library Reference Manual

6-2

Example 6-1 Window and FFT a Single Frame of a Signal

/* window and FFT asingle
* frame of a signal

*
double xTime[128];
DCplx xFreq[65];

[* insert code here to put time-domain samples in xTime */

nspdWinHamming(xTime, 128);
nspdReal FitNip(x Time, xFreq, 7, NSP_Forw);
[* FFT samples are now in xFreq */

If you want to multiply different frames of a sigl bythe same window
multipletimes, it is better to first calculate the window byicgl one ofthe
windowing functions{sp?WinBlackmanstd() , for example) on a vector
with all elements set to 1.0. Then use one of the vectoiptiadtion
functions (sp?bMpy2() , for example) to multiply the window inthe
sighal each time a new set of input samples is availdihies avoids
repeatedly calculating the window samples. Thillustrated in

Example 6-2.
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Example 6-2 Window and FFT Many Frames of a Signal

/* window and FFT many

* frames of a signal

*/

double xTime[128], win[128];
DCplx xFreq[65];

nspdbSet(1.0, win, 128);
nspdWinBlackmanStd(win, 128);

for ;5) {
[* insert code here to put
* time-domain samples in xTime
*
nspdbMpy2(win, xTime, 128);
nspdReal FtNip(xTime, xFreq, 7, NSP_Forw);
/* FFT samples are now in xFreq */
}

Related Topics

For more information on windows, see: [Jac89], sectionV¥iBdows in
Spectrum Analysi$Jac89], section 9.1Vindow-Function Techniguand
[Mit93], section 16-2,Fourier Analysis of Fite-Time Signals For more
information on these ferences, see th#&bliographyat the end of this
manual.
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WinBartlett

Multiplies a vector by 8artlett
windowing function.

void nspsWinBartlett(float * vec , int N;
I* real values; single precision */
void nspcWinBartlett(SCplx * vec ,int N;
* complex values; single precision */
void nspdWinBartlett(double * vec, int N);
* real values; double precision */
void nspzWinBartlett(DCplx * vec ,int N;
I* complex values; double precision */
void nspwWinBartlett(short * vec ,int N;
* real values; short integer */
void nspvWinBartlett((WCplx * vec , int N;
[* complex values; shortinteger */
N The length of the vectarec/n]
vec Painter to the vector to be miplied by the chosen

windowing function.

Discussion

Thensp?WinBartlett() function multipies a vector by the Bartlett
(triangle) window. The complex types (thatrispcwinBartlett()
nspzWinBartlett() ) multiply boththe real and imagary parts of the

vector by the ame window.
The Bartlett window is defined as follows:

2n 0<n<N—1

IN-1’ =2
V"f)artlett(n) =0 on N_1<n</\/ L
“Ner Tz <hsh-
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WinBlackman

Multiplies a vector by a Blackman
windowing function.

void nspsWinBlackman(float * vec , int N float

void nspsWinBlackmanStd(float * vec , int N);

void nspsWinBlackmanOpt(float * vec , int N);
* real values; single precision */

void nspcWinBlackman(SCplx * vec , int N, float

void nspcWinBlackmanStd(SCplx * vec , int N);

void nspcWinBlackmanOpt(SCplx * vec , int N);
* complex values; single precision */

void nspdwWinBlackman(double * vec, int N, double

void nspdWinBlackmanStd(double * vec, int N);

void nspdwWinBlackmanOpt(double * vec, int N);
* real values; double precision */

void nspzWinBlackman(DCplx * vec ,int N, double

void nspzWinBlackmanStd(DCplx * vec , int N);

void nspzWinBlackmanOpt(DCplx * vec , int N);
/* complex values; double precision */

void nspwWinBlackman(short * vec , int N float

void nspwWinBlackmanStd(short * vec , int N);

void nspwWinBlackmanOpt(short * vec , int N);
* real values; short integer */

void nspvWinBlackman(WCplx * vec ,int N, float

void nspvWinBlackmanStd (WCplx * vec , int N);

void nspvWinBlackmanOpt(WCplx * vec , int N);

[* complex values; shortinteger */

alpha );

alpha );

alpha );

alpha );

alpha );

alpha );

alpha An adjustablgparameterassociated with the Blackman
windowing equation.
N The number of samples in the vectasc/n]
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vec Painter to the vector to be miplied by the chosen
windowing function.

Discussion

Thensp?WinBlackman()  family of functions multiply a vector by a
Blackman window. The complex types (for example,
nspcWinBlackman()  andnspzWinBlackman() ) multiply both thereal
and imaginary parts of the vector by the same window. Tretituns for
the Blackman family of windoware @fined below.

nsp?WinBlackman(). Thensp?WinBlackman()  function allows the
application to specifyipha .

alpha +1 nnn alpha mmn
Whtackmark 1) = — 3 0.5005%2\/_1%— > COSS‘;/— ]B
0osn<N
nsp?WinBlackmanstd(). ~ The traditimal, standard Blackman window is

provided by thensp?WinBlackmanStd() ~ function,which simply calls
nsp?WinBlackman()  with the value ofipha std  shown below.
alpha_std =-0.16
nsp?WinBlackmanOpt(). Thensp?WinBlackmanOpt()  function
provides a modified windovhat has a 3dB/octave roll-off by calling
nsp?WinBlackman()  with the value ofipha opt shown below.
T 2
sin
alpha opt =-— N-1
21
N-1

sin

For largen, alpha_opt converges asympioally to alpha_asym ; the
application camse his value withnsp?winBlackman()

alpha_asym =-0.25
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WinHamming

Multiplies a vector by &lamming
windowing function.

void nspsWinHamming(float * vec, int N);
* real values; single precision */

void nspcWinHamming(SCplx * vec, int N);
* complex values; single precision */

void nspdWinHamming(double * vec ,int N;
* real values; double precision */

void nspzWinHamming(DCplx * vec, int N);
I* complex values; double precision */

void nspwWinHamming(short * vec, int N);
* real values; short integer */

void nspvWinHamming(WCplx * vec, int N);
[* complex values; shortinteger */

N The number of samples in the vectatc/n]

vec Pointer to the vector to be miplied by the windowing
function.

Discussion

Thensp?WinHamming() function multplies a vector by the Hamming
window. The complex types (that isspcWinHamming() and
nspzWinHamming() ) muliply both thereal and imaginary parts of the
vector by the ame window. The Haming window is defined as follows:

Whammingfn) = 0.54— 0-45305%%—11%% 0<sn<N
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WinHann

Multiplies a vector by a Hann
windowing function.

void nspsWinHann(float * vec, int N);
* real values; single precision */

void nspcWinHann(SCplx * vec, int N);
* complex values; single precision */

void nspdWinHann(double * vec, int N;
* real values; double precision */

void nspzWinHann(DCplx * vec, int N);
I* complex values; double precision */

void nspwWinHann(short * vec, int N);
* real values; short integer */

void nspvWinHann(WCplx * vec, int N);
[* complex values; shortinteger */

N The number of samples in the vectasc/n]
vec Pointer to the vector to be miplied by the windowing

function.

Discussion

Thensp?WinHann() function multiplies a vector by the Hann waovd
The complex types (that isspcWinHann()
multiply boththe real and imaginary parts of the vector bystduime
window. The Hann window is defined as follows:

Whyanr(1) = 05— 0.5c0822 20 0< <

WN-10
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WinKaiser

Multiplies a vector by &aiser
windowing function.

void nspsWinKaiser (float * vec , int N, float beta ),
I* real values; single precision */
void nspcWinKaiser(SCplx * vec , int N, float beta );
* complex values; single precision */
void nspdWinKaiser(double * vec, int N double beta );
* real values; double precision */
void nspzWinKaiser(DCplx * vec , int N, double beta );
[* complex values; double precision */
void nspwWinKaiser(short * vec , int N, float beta );
* real values; short integer */
void nspvWinKaiser(WCplx * vec , int N, float beta );
[* complex values; shortinteger */
beta An adjustablgparameternssociated with thKaiser
windowing equation.
N The number of samples in the vectatc/n]
vec Pointer to the vector to be miplied by the windowing
function.
Discussion

Thensp?WinKaiser()  function multigies a vector by the Kaisarindow.
The complex types (that isspcWinKaiser() andnspzWinKaiser() )
multiply boththe real and imaginary parts of the vector bystduime
window. The Kaisefamily of windowsare ekfined as follows:
-1rf -7
l opeta jgﬁl‘z“m -b-F>-11

, 0sn<N

Wkaiser(n) =
-1
I oPheta IA

where/ ,() is the modified zero-order Beel function of the first kind.
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Fourier Transform
Functions

This chapter describes the Fourier transform functions in the Intel Signal
2 Processing lbrary. The library contains functions which perform the
discrete Faorier transform (DFT) and the fast Fourier transform (FFT) of
signal samples. The library also includes variations of the bagitidog to
support dferent appli@tion reqirements.

The basic Fourier Transformrfations aralescribed in these sections:

DFT Function . This section describes thep?Dft()  function. This
function performs theomplex Fourier transform of anfte-length sigal.
That is, the signal can be represented as a sequencieodlfiration.

DFT for a Given Frequency (Goertzel) Functions . This section
describes the&oertzInit() , GoertzReset() , bGoertz() , and
Goertz()  functionsbased on Goertzel algorithm. Thesedtions
compute disrete Fourietransforms for intvidual frequencies.

Basic FFT Functions . This section describes thep?Ffit()

nsp?FftNip()  , nsp?rFft()  , andnsp?rFftNip() functions. These
functions compute the corax fast Fourier transform of a signal. The fast
Fourier transform produceddntical resliis as the discrete Fourier
transform (provided the length of the DFT is a power of 2) biasier.

The variations of the basicrfations described ithe sections that follow
are significantly fastethan the standard complex FFT functions described
in “Basic FFT Functions™:

Low-Level FFTs of Real Signals . This section describes the
nsp?Real Ftl() andnsp?RealFftINip() functions. These fuctions
are optimized for real-valued input and provide a low-level interface to
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compute the FFT of real signals. Th?RealFftl() and
nsp?Real FtINip() functions exploit symmetry properties of the basic
Fourier transform.

Low-Level FFTs of Conjugate-Symmetric Signals . This section
describes thesp?CcsFitl() andnsp?CcsFitINip() functions. These
functions are optimized for conjugate-symmetric input and provide a
low-level interface to compute the FFT of conjugate1swtric signals.
Thensp?CcsFftl() andnsp? CcsFftINip() functions exploit
symmetry properties of the basic Fourier transform.

FFTs of Real Signals . This section describagkensp?RealFft() and
nsp?Real FftNip() functions. These functiorare optimized for
real-valued input. Thesp?RealFft() andnsp?RealFftNip()

functions exploit symmetry properties of the basic Fourier transform.

FFTs of Conjugate-Symmetric Signals . This section describes the
nsp?CcsFft()  andnsp?CcsFftNip() functions. These functiorse
optimized for conjugate-symmetric input. Tiwp?CcsFft() and
nsp?CcsFftNip() functions exploit symmetry properties of the basic
Fourier transform.

FFTs of Two Real Signals . This section describes the
nsp?Real 2Fft() andnsp?Real 2FftNip() functions. These fuctions
simultaneously comput&vo real FFTs using a single complex FFT.

FFTs of Two Conjugate-Symmetric Sig nals. This sectiordescribes
thensp?Ccs2Fft()  andnsp?Ccs2FftNip() functions. These functions
simultaneously compute two conjugate-syetric F=Ts using a single
complex FFT.

The variations of the basic FFTclnde normal bit order versug-beversed
order, real versus complex sigsieandcomplex arrays versus pairezhl
arrays.

Memory Reclaim Functions . This sectiordescribes the
nspFreeBitrevThls() andnsp?FreeTwdTbls()  functins. These
functions free the memomdlocated for bit-reversed if@stables and for
twiddle tables, respectively.
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The library also containspecialized functions which perform the Fourier
transform of real signals and conjugate-symmetric signals. Thect#ohs
are divided intohree groups.

® Low-level functions store their output RCPack or RCPermformat.
See Low-Level FFTs of Real Signdlfor a description of the
nsp?RealFftl() andnsp?Real FftINip() functions. See
“Low-Level FFTs of Conjugate-Symmetric Sigridfiar a description
of thensp?CcsFHtl() andnsp?CcsFftINip() functions. These
sections also describeCPack andRCPermformats, as well as vector
multiplication inRCPack or RCPerm format.

® Higher-level functions store their output®RCCcs format. SeeFFTs
of Real Signafsfor a desription of thensp?Real Fft() and
nsp?RealFftNip() functions. SeeFFTs of Conjugate-Symetric
Signal$ for a description of thesp?CcsFft()  and
nsp?CcsFftNip() functions. These sions alsalescribe th&kCCcs
format.

® The library contains functions which simultaneously compute the
Fourier transform of two real signals or two conjugate-symmetric
sighals using a single complex FFT. The lssare stored iRCCcs
format. See FFTs of Two Real Signdldor a description of the
nsp?Real2Fft() andnsp?Real 2FftNip() functions. See FFTs of
Two Conjate-Symmetric Signdlfor a description of the
nsp?Ccs2Fft()  andnsp?Ccs2FftNip() functions.

Figure 7-1 contains a matrix which lists the names of the Fourier transform
functions in the Intel Signal Processing Library. Thectionsare aranged
according to input and output foeh The left-most damn lists the

possible input format, while the header lists the possible output format. For
example, if you have one real array to use as input fFarfunction, find

“1 real aray” in the left-most column and read horizontally. You can use
eithernsp?RealFftl() or nsp?RealFftlNip() to obtain one output

array inRCPermor RCPack format or you can useithernsp?Real Fft()

or nsp?RealFftNip() to obtain one output array RCCcs format.

The arrows in the mttrix indicate inverse fictions. For example, the
inverse function ofisp? CcsFftl() is nsp?RealFftl() ; the inverse
function ofnsp?Real 2FftNip() is nsp?Ccs2FftNip()

For the purpses of tarity in the matrix, thexsp? prefix is not included in
the function nares.
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Fourier Transform Functions7
DFT Function

This section describes the fittonwhich calculates the discrete Fourier
transform of a signal.

Dft

Computes the forward or inkee
discrete Fouier transform(DFT) of a

signal.

void nspcDft(const SCplx * inSamps , SCplx *  outSamps , int length
int flags ); *complex values; single precision */

void nspzDft(const DCplx * inSamps , DCplx *  outSamps , int length
int flags ); /[complexvalues; double precision */

void nspvDft(const WCplx * inSamps , WCplx *  outSamps , int length ,

int flags ,int ScaleMode , int * ScaleFactor ),
*complex values; short integer */

flags Specifies how the DFT should be performed.

inSamps Pointer to the complex-valued inpartray.

length The number of samples in the arraysamps/n] and
outSamps[n]

outSamps Pointer to the complex-valued out@utay.

ScaleMode |, Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

Thensp?Dft()  function computes the forward and inversedite
Fourier transform (DFT). Note that the FFT (see “Ffthamge 7-17%or a
description ofisp?Fft() ) performs the equivalent fationfor certain
length DFTSs, but is much faster.

7-5
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In the following defiition of the dscrete Farier transform N = length
Also, in the forward idection, x(n) isinSamps[n] andX(k) is
outSamps[k] ;inthe inverse directionyn) isoutSamps[n] andXk) is
inSampslk]

N-1

. kn
X(k) = x(n) Cexpi ZHWE

The definil;oon of the inerse discete Fourier transform is:
N-1
_ 1 knD
x(n) = 5, Z:OX( k) Cexp 2n— g

The argumenilags consists of the bitwise-OR of one or more of the flags
described in Table 7-1.

Table 7-1 Value for the flags A rgument for the DFT Function

Value Description

NSP_Forw Specifies a forward DFT with the inSamps[n]
array providing x(n) and the outSamps/n]
array containing X(k) .

NSP_Init Specifies that the function should initialize the
twiddle table (if required), but perform no other
computation.

NSP_Inv Specifies an inverse DFT with the inSamps[n]

array providing X(k) and the outSamps|n]
array containing x(n) .

NSP_NoScale Specifies that when performing an inverse
transform, the 1/ normalization should not be
performed.

One and only one of the valugSP_Forw, NSP_Inv, andNSP_Init can
be specified in théags argument.

Example 7-1 illustrates the use of th?Dft()  function.

7-6
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Example 7-1 Using nsp?Dft() to Perf orm the DFT

/*

* Calculate 100 point DFT of an input signal.
* Input signal is in xTime, outputis in xFreq.
*

DCplx xTime[100], xFreq[100];

[* insert code here to put time domain
samples in XTime */

nspzDft(xTime, xFreq, 100, NSP_Forw);
[* xFreq now has frequency-domain samples */

Application Notes:  The complex twiddle factorare calculated using
nsp?GetDftTwdThl()  , or by using an internal recurrence relation.

Use thensp?Dft()  function when the number ohsiples (ength ) is not
a power of 2. The DFT algorithm is generally less effidiean the FFT. If
your application is concerned with ggk you should use the FFT atghm

instead.

Related Topics

See [Mit93], section 8-Fast Computation of the DFIgr more
information on thefast compitation of thediscrete Fourier transform.

DFT for a Given Frequency (Goertzel) Functions

The functions described in this section compute a single or a number of the
discrete Fourier transforms for a given frequency. Thessifuns use a
Goertzelalgorithm and are morefficient when a small number of DFTs is
needed. The Goertzelrfationsperform a primarynitialization of the
requireddata, repeated initialization to apply the algorithm for a new signal
and unchanged frequency, a DFT cortgpion for a single input signal, and

a number of DFT computatiofigr a Hock of input sigals.

Figure 7-2 illustrates the order of use of the Goertzel functions.
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Figure 7-2 Order of Use of the Goertzel F unctions

Goertzlnit Goertz

GoertzReset

bGoertz

Depending on the application, two modes of processiregt@al signals
can be implemented:

batch The signal to be pragsed is finite and stored entirely in
memory. Such a signal can be processed in “batch”
mode, that is, all at once in a single (large) operation.

cyclic The signal to be processed is not stored entirely in
memory, either because it is too large nité in length,
or the output is required before input is entirely known.
Such a signal can be processed in “cyclic” mode, that is,
in small pieces. lthis case, a pdion of the sigal is
read into memory, prossed, and output. Then the
process is re@ged with the nextgrtion.

The functions described in this section ms® asignal in the cyclic mode.
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bGoertz

Computes the DFT for a block of

successiveamples for a given
frequency.

Scplx nspsbGoertz(NSP SGoertzState * StPtr
I* real values; single precision */

Dcplx nspchGoertz(NSPCGoertzState * StPtr
[* complex values; single precision */

Scplx nspdbGoertz(NSPDGoertzState * StPtr
[* real values; double precision */

Dcplx nspzbGoertz(NSPZGoertzState * StPtr
[* complex values; double precision */

Scplx nspwbGoertz(NSPWG oertzState * StPtr

int  ScaleMode , int *

ScaleFactor ),

* real values; short integer */
Scplx nspvbGoertz(NSPVGoertzState * StPtr

int  ScaleMode ,int *

ScaleFactor ),

[* complex values; shortinteger */

src

len

StPtr

ScaleMode ,
ScaleFactor

Discussion

Thensp?bGoertz()

, float *

, SCplx *
, double *
, DCplx *

, Short *

, WCplx *

src , int
src , int
src , int
srcs , int
src , int
src , int

len);

len );
len );
len );

len,

len,

Pointer to the array which stores the block of sgstve

input samples.

The number of inpidamples in therc array.

Pointer to the\SP?GoertzState

structure.

Refer to “Scaling Arguments” in Chapter.1

functionreferences th&SP?GoertzState
structure for frequency, delay line and constants, and computeBFTs
for a Bock of successive input saiep catained in therraysrc .
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Related Topics

Goertz Compues the DFT for a sgie signal count for aigen
frequency (sepage 7-1)

CoertzInit Initializes the frequency, delay line, and constants
required for Goertzel fictions (se@age 7-1)L.

GoertzReset Resets the internal delay line (sege 7-1)

Goertz

Computes the DFT for a given
frequency for a single signabmple.

SCplx nspsGoertz(NSPSGoertzState * stPtr , float * sample );
* real values; single precision */
DCplx nspcGoertz(NSPCGoertzState * stPtr , SCplx*  sample ),
/* complex values; single precision */
SCplx nspdGoernz(NSPDGoertzState * StPtr , double * sample);
* real values; double precision */
DCplx nspzGoertz(NSPZGoertzState * stPtr , DCplx* sample );
[* complex values; double precision *
WCplx nspwGoertz(NSPWGoertzState * stPtr , short * sample,
int  ScaleMode , int * ScaleFactor ),
* real values; short integer */
WCplIx nspvGoertz(NSPVGoertzState * stPtr , WCplx * sample,
int  ScaleMode , int * ScaleFactor ),
/* complex values; shortinteger */
sample The input sample torpcess.
stPtr Pointer to theNSP?GoertzState ~ stricture.
ScaleMode |, Refer to “Scaling Arguments” in Chapter.1

ScaleFactor
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Discussion

Thensp?Goertz()  function computes a DFT for an single signal
sample .

Related Topics

bGoertz Compues the DFT for albck of signal counts for a
given frequency (segage 7-)
GoertzlInit Initializes the frequency, delay line, and constants
required for Goertzel fictions (se@age 7-1)L.
GoertzReset Resets the internal delay line (sesge 7-1)
Goertzlnit

Initializes the frequency, delay line, and
constants foiGoertzel functions.

void nspsGoertzlnit(float freq , NSPSGoertzState * stPtr ),
I* real signal; single precision */

void nspcGoertzlnit(float freq , NSPCGoertzState * stPtr );
[* complex signal; single precision */

void nspdGoertzlnit(double freq , NSPDGoertzState * StPtr );
* real signal; double precision */

void nspzGoertzlnit(double freq ,NSPZGoertzState * StPtr );
/* complex signal; double precision */

void nspwGoertzlnit(float freq , NSPWGoertzState * stPtr ),
* real signal; short integer */

void nspvGoertzlnit(float freq , NSPVGoertzState * stPtr );

I* complex signal; shortinteger */

freq Normalized frequencyalue (0 <freq < 0.5), for which
the DFT is computed.

StPtr Pointer to theNSP?GoertzState  structure.
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Discussion

Thensp?Goertzinit() function initializes thelSP?GoertzState  data
structure which is used by other &tzel functions. The function saves the
frequencyfreq value and all required constants, and resets the internal

delay line.

Related Topics

bGoertz Compues the DFT for albck of successive samples for
a given frequencyseepage 7-9.
Goertz Compues the DFT for a sgie signal and a given
frequency (sepage 7-1).
GoertzReset Resets the internal delay line (see 7-1)
GoertzReset

Resets the internal delay line.

void nspsGoertzReset(NSPSGoertz State * StPtr );
* real signal; single precision */

void nspcGoertzReset(NSPCGoertz State * StPtr );
[* complex signal; single precision */

void nspdGoertzReset(NSPDGoertz State * StPtr );
I* real signal; double precision */

void nspzGoertzReset(NSPZGoertz State * StPtr );
/* complex signal; double precision */

void nspwGoertzReset(NSPWGoertz State * StPtr );
* real signal; short integer */

StPtr Pointer to theNSP?GoertzState  stricture.
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Discussion

Thensp?GoertzReset() function resets the internal delay linem@ined
in theNSP?GoertzState  data structure. Resetting the delay line is
necessary inrder to repeat the algorithm exéiom without any change of
frequency for which the DFT is to be couotpd.

Related Topics

bGoertz Compues the DFT for albck of successive samples for
a given frequencyseepage 7-9.

Goertz Comptes the DFT for a sgie signal and a given
frequency (sepage 7-1).

GoertzlInit Initializes the frequency, delay line, and constants
required for Goertzel fictions (se@age 7-1).

Example 7-2 illustrates the use of @tzel fnctionsfor selecting the
magnitudes of aigen frequency when computing DFTSs.

7-13
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Example 7-2 Using Goertzel Functions  for Selecting Magnitudes of a Given

Frequency

/* Compute DFT for selected frequency = 0.125 */

NSP SGoertz gs;

/* initialize and process sample-by-sample */
nspsGoertzlnit(0.125, &gs);

for (n=0; n<2000; n++) {
xval = /*insert code here to get the next input
sample */
x[n] = xval;
dftvall = nspsGoertz(&gs, xval);
}

/* re-initialize and process the whole block */

nspsGoertzReset(&gs);
dftval2 = nspsbGoertz(&gs, x, 2000);

[* dftvall and dftval2 must be equal */

Application Notes. Each value of the DFT computed by the Gz
algorithm takes i2+2 real muiiplications and M real additions. Yogan
then use an FFT to compute the total DFT ofNllog2(N) order of real
multiplications and adtons. Therefore, the Goertzalgorithm isefficient
only if less then log2y) input counts are necessary.
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Basic FFT Functions

The functions described in this section compute the forward (or inverse)
complex fast Fourier transform of a signal. The FFT produces identical
results as the discrete Fourier transform (provided the length of the DFT is a
power of 2), but is faster (see “Dft” jjage 7-Sor a description of

nsp?Dft() ). The length of the vector transformed by the FFT must be a
power of 2.

If your application takes the FFTs mrafal signals or complex conjugate
signals, you should esider usinghe FFT functions dpmized for this
purpose. For example, sé#ealFft” in page 7-3&nd “CcsFft” in

page 7-44or a description of thesp?Real Fft() andnsp?CcsFft()
functions.

For more information on the fast Fourier transfoseeAppendix A

Flags Argument

Table 7-2

The Fouier transform functionsequire you to specify thardction of the

FFT and whether the input or output of the function is in bitrgaetorder.
Specify theséems in theflags argument. Thdags argumentis
evaluated as the bitwise-OR of the values you enter. The values you can
enter for theflags argument are listed in Table 7-2.

Values for the flags A rgument for the FFT F unctions

Value Description

NSP_Forw Specifies a forward FFT with inSamps[n]  (or
samps[n] ) providing x(n) on entry and
outSamps|[k]  (or samps[k] ) containing X(k) on
exit.

NSP_InBitRev Specifies that the input is in bit-reversed order and
that the output should be generated in normal order.

NSP_Init Specifies that the twiddle table and bit reversal table
for this order FFT should be initialized; no other
computation is performed and the other arguments
(inSamps , outSamps , samps) are not
referenced. If other flags are specified, they are
disregarded.

continued U
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Table 7-2

Values for the flags A rgument for the FFT F unctions (continued)

Value Description

NSP_Inv Specifies an inverse FFT with inSamps[k]  (or
samps[k] ) providing X(k) on entry and
outSamps[n]  (or samps[n] ) containing x(n) on
exit.

NSP_NoBitRev Specifies that the input is in normal order and that
the output should be generated in normal order. This
is the default if neither NSP_InBitRev nor
NSP_OutBitRev are specified.

NSP_NoScale Specifies that when performing an inverse transform,
the 1/N normalization should not be calculated.

NSP_OutBitRev Specifies that the input is in normal order and that
the output should be generated in bit-reversed order.
NSP_UseMMX Specifies that regardless of the FFT order value,

the MMX code will be used. Normally, the
floating-point code will be used if the order of the
vector exceeds the predefined threashold order. See
Application Note below.

NSP_UseFastMMX  Specifies that the fast MMX algorithm will be used.
This mode can lower the accuracy.

You must specify one and only one of tfeP_Forw, NSP_Inv and
NSP_Init values inthelags argument.

You have the option of spéging none of the ibreversal flag values,
(NSP_NoBitRev , NSP_InBitRev , andNSP_OutBitRev ) or you can
specify, at most, one of them. For example, it is not legal to specify both
NSP_InBitRev andNSP_OutBitRev . The default is no bit-reversal
(NSP_NoBitRev ). The bit-reversal flags provide low-level ass to the

FFT algorithm.

TheNSP_UseMMandNSP_UseFastMMXvalues are onlyalid for integer
wandv data types. For any other data types they will beriph

Application Note:  The current threashold for switching is of the order 8.
You are advised to maintatine maximum value of the vector when setting
either theNSP_UseMMor NSP_ UseFastMMX
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Fft, FftNip, rFft, rFftNip

Computes the forward or inkge fast
Fourier transform (FFT) of a signal.

void nspcFft(SCplx * samps, int order ,int flags );
void nspcrFft(float * reSamps, float * imSamps, int order ,int flags );
void nspcFftNip(const SCplx * inSamps , SCplx *  outSamps, int order ,
int flags ),
void nspcrFftNip(const float * relnSamps , const float * imlinSamps ,
float*  reQutSamps , float* imOutSamps , int order , int flags );

*complex values; single precision */

void nspzFft(DCplx * samps, int order ,int flags );

void nspzrFft(double * reSamps , double * imSamps, int order ,
int flags ),

void nspzFftNip(const DCplx * inSamps ,DCplx *  outSamps, int order ,
int flags );

void nspzrFftNip(const double * relnSamps , const double * imlnSamps

double * reOutSamps , double * imOutSamps, int order ,int flags );
*complex values; double precision */

void nspvFfit(WCplx * samps, int order ,int flags, int ScaleMode,
int *ScaleFactor ),

void nspvrFft(short * reSamps, short * imSamps, int order , int flags,
int ScaleMode, int *ScaleFactor ),

void nspvFftNip(const WCplx * inSamps , WCplx * outSamps, int order ,
int flags, int ScaleMode, int *ScaleFactor ),

void nspvrFftNip(const short * relnSamps , const short * imlinSamps ,

short* reOutSamps , short* imOutSamps , int order , int flags,
int ScaleMode, int *ScaleFactor );
*complex values; short integer */

flags Indicates the direction of the fast Fourier transform and
whether bit-reversal is performed. The values for the
flags argument are described in “Flags Argument.”
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imlnSamps

imOutSamps

imSamps

inSamps

order

outSamps

relnSamps

reOutSamps

reSamps

samps

ScaleMode ,
ScaleFactor

Pointer to theeal aray which holds the imaginary part
of the input to thexssp?rFitNip() function. The
iminSamps[n] ~ array must be of lengthi= 277"

Pointer to theeal aray which holds the imaginary part
of the output of thesp?rFftNip() function. The
imoutSampsfn] array must be of lengthi= 277"

Pointer to theeal aray which holds the imaginary part
of the input and output of thesp2rFft()  function.
TheimSamps[n] array must be of lengthi= 2°77¢"

Pointer to the complearraywhich holds the input to the
nsp? FftNip() function. ThenSamps[n] array must
be of lengthv= 29"

Base-2 logarithm of the number of samples in the FFT
(N).
Pointer to the complex array gh holds the output

from thensp?FftNip() function. TheoutSamps[n]
array must be of lengtiy= 277"

Pointer to theeal aray which holds the reabpt of the
input to thensp?rFtNip() function. The
relnSamps[n] ~ array must be of lengthi= 277"

Pointer to theeal aray which holds the reabpt of the
output of thensp?rFftNip() function. The
reOutSamps[n] — array must be of lengthi= 207"

Pointer to theeal aray which holds the reabpt of the
input and output of thesp?rFft() function. The
reSampsfn] array must be of lengthi= 2°77¢"

Pointer to the complex array eh holds the input and
output samples for thesp?Fft()  function. The
samps[n] array must be of lengthi= 2°79¢" |

Refer to “Scaling Arguments” in Chapter.1
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Discussion

nsp?Fft() . Thensp?Fft()  function computes a compl&ET inplace
usingthe complex arragamps/n] for input and output. This is
functionally equivalent tosp?Dft() , except that the DFT algorithm does
not compute in-placeThe length of the FFT must be a power of 2.

nsp?FftNip() . Thensp?FftNip() function comptes a coplex FFT
not-in-placethat is, it uses separate input and output arrays. The complex
arrayinSamps[n]  holds the input samples (time-domain for forward
direction), ancbutSamps/n] holds the output samples (frequency-domain
for forward direction). This is functionally equivalentritgp?Dft()

except the length of the FFT must be a power of 2.

nsp?rFft() . Thensp?rFft()  function computes a complex FFT
in-place, and places theal and imaginary parts into separate arrays. The
real arrayreSamps[n] holds the real part, and the real arragamps/n]
holds the imaginary part. This formtbfe FFT is only used in spal
situations.

nsp ?rEftNip() . Thensp?rFftNip() function computes a complex

FFT not-in-place. Thas, on both input and output, it uses separate arrays
for the real and imaginary part¥he arrayse/inSamps[n] and

iminSamps[n]  hold the input samples, while the arraySutSamps|[n]
andimOutSamps[n] hold the output samples. This form of the FFT is
only used in special situations.

Example 7-3 shows the code for standard fast Fourier transform usage.

Example 7-3 Using nsp?Ff tNip() to Perform the FFT

[* Calculate 128-point FFT of aninput signal.
* Input signal is in xTime, output is in xFreq.
* “order” of FFT is 7 (log-base-2 of 128).

*

/
DCplx xTime[128], xFreq[128];

[* insert code here to put time-domain samples in xTime */

nspzFftNip(xTime, xFreq, 7, NSP_Forw);
[* xFreq now has frequency-domain samples */
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Example 7-4 shows the code for using the FFT to low-pass filter.

Example 7-4 Using nsp?FftNip() to Low -Pass Filter

/* Low-pass filter an input signal by taking
* its FFT, zeroing out the high frequency
* components, and taking its inverse FFT. Input
*signal is in “XTime” output is in “yTime.”
*,
/
DCplx xTime[128], xFreq[128], yTime[128];

nspzFtNip(xTime, xFreq, 7, NSP_Forw);
nspzZero(xFreq+32, 64); /* zero high frequencies */
nspzFtNip(xFreq, yTime, 7, NSP_Inv);

/* low-pass version of xTime is now in yTime */

Example 7-5 shows the code for using the FFT to implement the fast
convolution of complex signals.

Example 7-5 Using nsp?Fft() to Impl ement Fast Convolution

[* Use a 256-point FFT to implement the fast
* convolution of two complex signals. This

* is accomplished by taking the FFTs of both
* input signals (x and h), multiplying them

* together in the frequency domain, and then
* taking the inverse FFT of their product.

*

DCplx h[256], x[256];

[* insert code here to fillin h and x vectors */
nspzFft(h, 8, NSP_Forw|NSP_OutBitRev);
nspzFft(x, 8, NSP_Forw|NSP_OutBitRev);
nspzMpy2(h, x, 256);

nspzFft(x, 8, NSP_Inv|NSP_InBitRev);

[* x now contains the (circular) convolution of h and x */

Application Notes:  The twiddle factors can be obtad either from the
functionnsp?GetFftTwd Tbl() or by using an internal recurrence
relation.
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The algorithm for the bit-reversed, not in-placedtions (thats, the

nsp ?FftNip() andnsp?rFftNip() functions with theNSP_InBitRev
andNSP_OutBitRev flags specified) provide minimal perfoemce

advantage over the normaidered, nt-in-placealgaithm. This is beause

the library can optimize the normal-orderedi-im-place algothms by

including the b-reversal into the first FFT stage. In contrast, the
bit-reversed, not-iplace combiationsfirst copy the input array into the

output array and then perform the computation in-place. thieus is little
reason for applications to use the bit-reversed forms unless bit-reversed data
happens to bavailable.

Low-Level FFTs of Real Signals

The functions described in this section provide a low-levelface to
compute the FFT of real signals (in either the time- or frequency-domain).
Real signals occur frequently in treal world. These fictions exploit
symmetry properties of the Fourier transform aathpute the FFT afeal
signals much more efficidg than the FFT functions describedtive

previous section.

These funtionsare referred to as “low-level” because the results of the FFT
are formatted in aomewhat complicated fashion. The results can be stored
in eitherRCPack or RCPermformat. These formatrrange sequences of

real and complex samples in ways which are morgegvant for the FFT
algorithms. For more information on these faits) see theestions

“RCPack Formdtand“RCPerm Form&tlater in this chapter. For the
description of a higher level interface to the FFT athm, see “RealFft” in
page 7-3or information omsp?Real Fft()

Flags Argument

For lov-level FFT functions, theflags argument must also declare if the
output will be stored iRCPack or RCPermformat. This is in addition to
the flag values described earlier'ifiags Argumeritin the “Basic FFT
Functions” section.
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Table 7-3

TheRCPack andRCPermflag values are described in Table 7-3. One of
these flag values must be specified as one déldmaents irthe flags
argument.

Flag Values for n sp?RealFftl() and nsp?RealFftINip() F unctions

L)

Value Description

NSP_OutRCPack Specifies that the output array (samps[n] or
outSamps[n] ) should be arranged in RCPack
format.

NSP_OutRCPerm Specifies that the output array (samps[n] or
outSamps[n] ) should be arranged in RCPerm
format.

NOTE. The bit-reversal flag valuesiEP_NoBitRev , NSP_InBitRev
andNSP_OutBitRev ) are not available for thesp?RealFftl() and
nsp?Real FftINip() functions. This is because the algorithms used to
compute real FFTs do not naturally use bit-reversed ordering.

Inverses of the Low -Level FFTs of Real Signals

Thensp?RealFitl() andnsp?Real FftINip() functions do not
provide their own inverses. Instead, the inverses are provided by the
nsp?CcsFftl() andnsp?CcsFftINip() functions.

For example, callingspdRealFftl() with theNSP_Forw flag

transforms a real timmdomain signal into a conjuigasymmetric
frequency-domain sil. The functiomspdCcsFtl() called with the
NSP_Inv flag can then be used to transform it back to theraigreal
time-domain signal. In typical signal processing, these twratipas (real
time-domain to conjugate-symmetric freqey-domain and back) are more
frequently used than the other two operations (conjugatersyric
time-domain toreal frequency-domain forward and back). For more
information about iwerses of Fourier transforms, segpendix A
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RealFftl, RealFftINip

Computes the forward or inkee FFT
of a real signal singRCPack or

RCPermformat.

void nspsRealFftl(float * samps, int order ,int flags );

void nspsFftINip(const float * inSamps , float * outSamps , int order
int flags );
* real values, single precision */

void nspdRealFtl(double * samps, int order , int flags );

void nspdRealFtINip(const double * inSamps , double * outSamps,

int order ,int flags );
* real values, double precision */

void nspwRealFtl(short * samps, int order ,int flags,
int ScaleMode, int *ScaleFactor );
void nspwFftINip(const short * inSamps , float * outSamps , int order ,

int flags, int ScaleMode, int *ScaleFactor )
[* real values, short integer */

flags Indicates the direction of the fast Fourier transform,
whether bit-reversal is performed, and the packing type
for the function. The argument &isis of the
bitwise-OR of one or more flag©One and only one of
the flag values\SP_Forw, NSP_Inv, andNSP_Init
must be specified. TheSP_NoScale flag is opional.
The values for thédags argument ardescrbed in
Table 7-2, the “Basic FFT Functions” section, and
Table 7-3, the “Lw-Level FFTs of Real Signal”
section.

inSamps Pointer to theeal aray which holds the input to the
nsp?RealFftINip() function. ThenSamps[n]
array must be of lengthi = 2°7%¢"

order The base-2 logarithm of theimber of samples in the
FFT (.
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outSamps Pointer to theeal array which holds the output from the
nsp?RealFftINip() function. TheoutSamps|[n]
array must be of lengthr= 2°7%¢"

samps Pointer to theeal aray which holds the input and
output samples for thesp?RealFftl() function. The
samps[n] array must be of lengtki= 279"

ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

nsp?Real Ftl() . Thensp?RealFftl() function computes the FFT

in-place. In thdorward direction {ags = NSP_Formw), the array
samps[n] containsNreal, time-domain samples that definendiength
sequence(n) . On exit,samps[n] containsVreal values in either
RCPack or RCPermformat that describe the forward FFTxgh) .

In the inverse diretion (fags =NSP_Inv), samps[k] contains\real
frequency-domaisampleshat define alength sequencg(k) . On exit,
samps[k] containsVreal values, in eithekCPack or RCPermformat, that
describe the inverse FFT &fk) .

nsp?RealFftINip() . Thensp?RealFftINip() function comptes the
FFT not-in-plae. Inthe forward directionfags =NSP_Forw), the input
arrayinSamps[n]  containsvreal, time-domain samples that define a
Nlength segencex(n) . On exit, the output arrayutSamps[n] contains
Nreal values in eitherCPack or RCPermformat that describe the forward
FFT ofx(n) .

In the inverse diretion (fags =NSP_Inv), the input arraynSamps/k]
containsNreal frequency-domain samples that definelength sequence
X(k) . On exit, the output arrayutSampsfk] containsyreal values, in
eitherRCPack or RCPermformat, that describe the inverse FFTXgf) .
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RCPack Format

Table 7-4

This discussion, and the notation used in this sectssuymes a forward

FFT; when considering anverse FFT, just replacg) byx() . In either
case, since the input is real valued, the output will be complex
conjugate-symmetric. Thus, the result of the fast Fourier transform can be
described by//2) + 1 complex samples. But, since the first samfi

and the middlesamplex(N2) are real, the result of tifiast Fourier

transform can be more conqtly described by two real samples avid - 1
complex samples.

TheRCPack format is a convenient, compacpreseration of a complex
conjugate-symmetric sequence. Theadvantage of this format is that it is
not the natural format used by the real FFT algorithms (“natural” in the
sense that hit-reversed order is natural foixrddcompex FFTs). In the
RCPack format, the output samples of the FFT are arranged as follows:

Arrangement of Samples in RCPack Format

Index Contents
0 X(0)

1 XDr

2 X(@),

3 X2)r

4 X(@2),

N-3 X(N2 - 1)g
N-2 X(N2 - 1),
N-1 X(N2)

The complete\tlength FFT is then given by the following equation:
osamps[0], k =0
0

Esamps[Zk —1]+jOsamps[2k], 1<k < /_2\I
0

Xk = Hsamps[N—l], k=
g

N
2

EX(N— Ry §N<k<N
g
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RCPerm Format

Example 7-6

TheRCPermformat stores the values in the order in which the FFT
algorithm uses them. This is the most natural way oingiwalues for the
FFT algorithm. The&kCPermformat is an arbitrary permutation of the
RCPack format. An imprtant chaacteristic of theRCPermformat is that
the real and imaginary parts of a given sample need not be adjacent.

TheNSP_OutRCPermvalue for thefags argument results in the fastest
possible FFT. However, the order of the samples in the outputaaeay
completely implementation-dependent. As a resultliGgn programs
have no way of interpreting thilata.

Even thoughhe data stored iRCPermformat cannot be interpreted, it can
still be used. The Intel Signal Processing Library providestiumsthat
allow applications teseRCPermformat for fast convolution. Faxample,
you can use thesp?MpyRCPerm3() function to multiply two vectors
stored inRCPermformat to create a itlol vector also irRCPermformat.

You can then use thesp?CcsFfil() function to convert this vector back
to a naturally-orderedime-domain vector.

The following exampleslilstrate several different applications of the
nsp?RealFftl() andnsp?Real FftiNip() functians.

Example 7-6 shows the code for penfiing the forward and irerse FFT.

Using nsp?RealFftl() to  Perform the Forward and Inverse FFT

/*

* The following code performs an elaborate
* “do nothing” operation to illustrate the

* appropriate calling sequences and flags.

* |t first takes a forward 64-point real

* FFT of the input signal (x). This is done

* in-place. It then calculates an inverse FFT,
* depositing the results back in x.

*

float x[64];

/*fill in time-domain samples of x */
nspsRealFitl(x, 6, NSP_Forw|NSP_OutRCPack);
nspsCcskftl(x, 6, NSP_Inv|NSP_InRCPack);
/* xis now the same as when you started */
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Example 7-7 shows the code for using the FFT to perform low-pass
filtering.

Example 7-7 Using nsp?RealFf tINip() to Perform Low-Pass Filtering

/*

* Low-pass filter an input signal using real

* FFTs. This is accomplished by taking a

* 128-point real FFT of the input signal (xTime)

* and storing the result in xFreq. The higher

* frequencies in xFreq are then set to zero, and

* the inverse FFT (thatis, the low-pass signal)

* is stored in yTime.

*

double xTime[128], xFreq[128], yTime[128];

[* insert code here to fill in 128 samples of xTime */
nspdReal FtINip(xTime, xFreq, 7, NSP_Forw|NSP_OutRCPack);
nspdbZero(xFreq+63, 65); /* zero high fregs f=0.25t0 0.5 */
nspdCcsFftINip(xFreq, yTime, 7, NSP_Inv|INSP_InRCPack);

[* low-pass version of xTime is now in yTime */

Example 7-8 is similar to the previoesample, but theow-pass filtering is
performed in-place.
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Example 7-8 Using nsp?RealFftl() to Perform Low-Pass Filtering In-Place

/*

* Low-pass filter an input signal in-place

* using real FFTs. This is accomplished by
* taking a 128-point real FFT of the input

* signal (). The higher frequencies in x

* are then set to zero, and the inverse FFT

* (that is, the low-pass signal)is stored in x.
*

double x[128];

/*insertcode to fill in 128 samples of x */
nspdRealFftl(x, 7, NSP_Forw|NSP_OutRCPack);
nspdbZero(x+63, 65); /* zero high fregs */
nspdCcsFtl(x, 7, NSP_Inv|NSP_InRCPack);
[* low-pass version now in x */

Example 7-9 shows the code for using the FFT for the fast bdiosoof
two signals.

Example 7-9 Using nsp?RealFf tINip() for the Fast Convolution of Real Signals

/*

Perform the fast convolution of two real signals

* by using real-valued 256-point FFTs. The FFTs of

* the real-valued input signals (x and h) are computed

* and stored in xFreq and hFreqin RCPerm format.

* These are then multiplied using the MpyRCPerm3

* function. The productis theninverse FFT'd and

* stored in yTime.*/

double hTime[256], hFreq[256];

double xTime[256], xFreq[256], yTime[256], yFreq[256];
* insert code here to fillin hTime and xTime vectors */
nspdRealFtINip(hTime, hFreq, 8, NSP_Forw|NSP_OutRCPerm);
nspdRealFtINip(xTime, xFreq, 8, NSP_Forw|NSP_OutRCPerm);
nspdMpyR CPerm3(hFreq, xFreq, yFreq, 8); /* y=h*x */
nspdCcsFftINip(yFreq, yTime, 8, NSP_InvINSP_InRCPerm);

[* y now contains the (circular) convolution of h and x */
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Example 7-10 is similar to th@evious example, but the fast convolution of
two signals is performed in-place.

Example 7-10 Using nsp?RealFitl() for the Fast Co nvolution of R eal Signals

In-Place

/*

* Perform the fast convolution of two real signals

* in-place by using real-valued 256-point FFTs. The

* FFTs of the real-valued input signals (x and h)

* are computed and stored in RCPerm format. These
* are then multiplied using the MpyRCPerm2 function.
* The productis then inverse FFT'd and stored in X.

%
double h[256], X[256];

* insert code here to fillin h and x vectors */
nspdRealFtl(h, 8, NSP_Forw|NSP_OutRCPerm);
nspdRealFtl(x, 8, NSP_Forw|NSP_OutRCPerm);
nspdMpyRCPerm2(h, x, 8); /* multiply h into x */
nspdCcsFftl(x, 8, NSP_Inv|NSP_InRCPerm);

[* x now contains the (circular) convolution of h and x */

Related Topics
CcsFHtl

CcsFitINip
MpyRCPack2
MpyRCPerm2

RealFft

Provides the inverse to thep?Real Fftl() function
(seepage 7-3n

Provides the inverse to thep?Real FtiNip()
function (seepage 7-3h

Multiplies two vectors stored RCPack format (see
page 7-31

Multiplies two vectors stored iRCPermformat (see
page 7-3p

Provides a higher level interface to the real FFT
algorithms without the complications RfZPack and
RCPermformats (se@age 7-3%
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RealFftNip Provides a higher level interface to the real FFT
algorithms without the complications RfZPack and
RCPermformats (se@age 7-3%

See [Mit93], section 8-2-Real-Valued FTs, for more information on the
fast Fourier transforms of real signals.

Vector Multiplication in RC Pack or RCPerm Format

The functions described in this sectjarform the element-wise complex
multiplication of vectors stored iRCPack or RCPermformats. These
functions are used with thep?RealFftl() andnsp?CcsFftl()

functions to perform fast convolution on real signals.

The standard vector rtiplicationnsp?bMpy2() function cannot be used

to multiply RCPack or RCPermformat vectors because:

®* Two real sampleare stoed in theRCPack format.

®* TheRCPermformat might not pair the real parts of a signéh their
correspondingmaginary parts.

The argumenbrder indicates base-2d@arithm of the length of theHT, N\,
wherenN = 2079¢"

MpyRCPack2, MpyRCPack3

Multiplies two vedirs stored in

RCPack format.
void nspsMpyR CPack2(const float * src ,float * dst , int order ),
void nspsMpyRCPack3(const float * SrcA , const float * sreB ,

float*  dst,int order );
[* real values; single precesion */

void nspdMpyRcPack2(const double * src , double * dst , int order );

void nspdMpyRcPack3(const double * SrcA , constdouble * srcB
double * dst , int order );
* real values; double precesion */
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void nspwMpyRCPack2(const short * src ,short * dst , int order,
int ScaleMode, int *ScaleFactor ),
void nspwMpyRCPack3(const short * SrcA , const short* srcB

short* dst,int order, int ScaleMode, int *ScaleFactor );
* real values; short integer */

dst Pointer to the vector which:

* holds the result of the nitiplication
(sre[n]  * dst[n] ) for thensp?MpyRCPack2()
function.

* holds the result of the ritiplication
(srcA[n]  * srcB[n] ) for the
nsp?MpyRCPack3() function.

The vector must be of length= 279¢" |

order The base-2 logarithm of theimber of samples in the
FFT (.

src Pointer to the vector to be miplied todst/n] . The
vector must be of lengthi= 279"

SrcA, srcB Pointers to the vectors to be lmplied together.The
vectors must be of lengthi= 279¢"

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

nsp?MpyRCPack2() . Thensp?MpyRCPack2() function multplies the
vectorsrc/n]  with dst/n] and stores theesult intodst/n]

nsp?MpyRCPack3() . Thensp?MpyRCPack3() function multplies the
vectorsrcAn]  with sreBfn]  and stores the result ings/n]

Related Topics

MpyRCPerm2 Multiplies two vectors irRCPermformat
(seepage 7-3).

MpyRCPerm3 Multiplies two vectors irRCPermformat and stores the
result in a third vectofseepage 7-3).
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MpyRCPerm2, MpyRCPerm3

Multiplies two vedirs stored in

RCPermformat.
void nspsMpyRCPerm2(const float * src ,float * dst , int order );
void nspsMpyRCPerm3(const float * srcA , const float * srceB

float* dst,int

order );

I* real values; single precision */
void nspdMpyRCPerm2(const double * src , double * dst , int order );
void nspdMpyRCPerm3(const double * SrcA , constdouble * srcB

double * dst , int

order );

* real values; double precision */
void nspwMpyRCPerm2(const short * src ,short * dst , int order,

int  ScaleMode , int *

ScaleFactor ),

void nspwMpyRCPerm3(const short * SrcA , const short * srcB ,

short * dst ,int

order, int ScaleMode , int * ScaleFactor ),

* real values; short integer */

dst

order

Src

7-32

Pointer to the vector which:

* holds the result of the ritiplication
(sre[n]  * dst[n] ) for thensp?MpyRCPerm2()
function.

® holds the result of the ntiplication
(srcA[n]  * srcB[n] ) for the
nsp?MpyRCPerm3() function.

The vector must be of length= 207"

The base-2 logarithm of theimber of samples in the
FFT (.

Pointer to the vector to be miplied to dst/n] . The
vector must be of lengthi= 279"
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SIcA , srcB Pointers to the vectors to be hiplied together.The
vectors must be of lengthi= 27¢" |

ScaleMode Refer to “Scaling Arggments” in Chapter.1
ScaleFactor

Discussion

nsp?MpyRCPerm2() . The functiomsp?MpyRCPerm2() multiplies the
vectorsrc/n] with dst/n] and stores theesult intodst/n]

nsp?MpyRCPerm3() . The functiomsp?MpyRCPerm3() multiplies the
vectorsrcA[n]  with sreBfn]  and stores the result indsn]

For an example of the use of thgp?MpyRCPerm2() and
nsp?MpyRCPerm3() functians, seeExample 7-8&andExample 7-9

Related Topics

MpyRCPack2 Multiplies two vectors irRCPack format
(seepage 7-3).

MpyRCPack3 Multiplies two vectors irRCPack format and stores the
result in a third vectofseepage 7-3))

Low-Level FFTs of Conjugate-Symmetric  Signals

The functions described in this section provide a low-levetface to
compute the FFT of conjugate-symmetric signals (in either time- or
frequency-domain). These functions exploit symmetry properties of the
Fourier transform and are sifjcantly faster than the stdard complex
FFT.

The functionsare referred to as “low-level” because the lissare

formatted in a somewhat complicated fashion. The results can be stored in
eitherRCPack or RCPermformat. These formats are ways of arranging
sequences of real amdmplex samples which are more eenient forthe

FFT algorithms.For more information on these formats, $e€Pack

Format and“RCPerm Format For the description of a higher level

interface to the FFT atgithm, see CcsFft” inpage 7-44or information on
nsp?Ccskft()

7-33



; Intel Signal Processing Library Reference Manual

7-34

Flags Argument

Table 7-5

For lon-level functions, theflags argument must also dare if the input
is stored irRCPack or RCPermformat. This is in adton to the flag
values described in “Flags Argument,” the “Basic FFhidfions” section.

TheRCPack andRCPermformat flag values are described in Table 7-5.
One of these flag values must be specified inftlae  argument.

Flag Values for n sp?C csFftl() and nsp?CcsFftINi  p() Functions

Value Description

NSP_InRCPack Specifies that the input array (samps[n] or
inSampsfn] ) should be arranged in RCPack
format.

NSP_InRCPerm Specifies that the input array (samps[n] or
inSamps[n] ) should be arranged in RCPerm
format.

Inverses of FFTs of Low-Level Conjugate-Symmetric Signals

The functions described in this sectiosy ?CcsFitl() and
nsp?CcsFftINip() , do not provide their own inverses. Instead, the
inverses are proged by theasp?Real Ftl() andnsp?Real FtINip()
functions.

For examplenspdCcsFHl() with theNSP_Forw flag transforms a
conjugate-symmetric time-domain signal into a real frequency-domain
signal, anchspdReal Fftl() with theNSP_Inv flag transforms it back to
the orignal, conjugate-symmetric tieddomain signal. For further
discussion of inverses of Fourier transformdiions, seé\ppendix A
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CcsFHtl, CcsFftINip

Computes the forward or inkee FFT
of a complex conjugate-synetric
(CCS) signal usinggCPackor RCPerm

format.
void nspsCcsFtl(float * samps, int order , int flags );
void nspsCcsFftINip(const float * inSamps , float * outSamps ,

int order , int flags );
* real values, single precision */
void nspdCcsFtl(double * samps, int order ,int flags );
void nspdCcsFftINip(const double * inSamps , double * outSamps ,
int order ,int flags );
[* real values, double precision */

flags Indicates the direction of the fast Fourier transform,
whether bit-reversal is to be performed, and the packing
format. The argument consists of the bitwise-OR of one
or more flags. One and only one of the flag values
NSP_Forw, NSP_Inv, and\NSP_Init mustbe specified.
TheNSP_NoScale flag value is oponal. The values
for theflags argumentare described ifFlags
Argument” the “Basic FFT Functions” section, and
“Flags Argument the “Low-Level FFTs of
Conjugate-Symmetric Signals” &gon.

inSamps Pointer to theeal aray which holds the input to the
nsp?CcsFftiNip() function. ThenSamps[n] array
must be of lengthv= 277" |

order The base-2 logarithm of theimber of samples in the
FFT (.
outSamps Pointer to theeal array which holds the output from the

nsp?CcsFtiNip() function. The outSamps[n]
array must be of lengtii = 2°7%¢"
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samps Pointer to theeal aray which holds the input and
output samples for thesp?CcsFtl() function. The
samps[n] array must be of lengtki= 279"

Discussion

nsp?CcsFitl() . Thensp?CcsFftl() function computes the FFT
in-place. In thdorward direction {ags =NSP_Forw), the array
samps[n] containsVreal values in eithekCPack or RCPermformat.
These values describe a complex conjugatensstnic time-domairsignal
x(n) . On exit,samps[n] contains\real frequency-amain samples that
are the forward FFT of(n) .

In the inverse diretion (fags =NSP_Inv), the arraysamps/n] contains
Nreal values in eitheRCPack or RCPermformat. The values describe a
complex conjugate-symetric fregqiency-domain signat(k) . On exit,
samps[n] containsNreal time-domain samples that are the inverse FFT of
X(k) .

nsp?CcsFtlNip() . The functiomsp?CcsFftiNip() computes the
FFT not-in-plae. Inthe forward directionfags = NSP_Forw), the input
arrayinSamps[n]  containsvreal values in eithekCPack or RCPerm
format. These values describe apdex conjugate-symetric
time-domairsignalx(n) . On exit, the output array/tSampsfn] contains
Nreal frequency-aimain samples thare theforward FFT ofx(n) .

In the inverse diretion (fags =NSP_Inv), the input arraynSamps/n]
containsNreal values in eitheRCPack or RCPermformat that describe a
complex conjugate-symmetric frequency-domain sigfigl . On exit, the
output arrayoutSamps[n]  containshreal time-domain samples that are
the inverse FFT ok(k) .

Related Topics

CcsFift Provides a higher level interface to the FFT without the
complications oRCPermandRCPack formats
(seepage 7-4.

CcsFftNip Provides a higher level interface to the FFT without the
complications oRCPermandRCPack formats
(seepage 7-4).
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RealFftl Provides the functional inverse to ting ?CcsFftl()
function (seeage 7-2%

RealFftlNip Provides the functional inverse to the
nsp?CcsFtiNip() function(seepage 7-2}

FFTs of Real Signals

The functions described in this section compute the FFT of real signals
(either in the time- or frequency-domainjelging a complex
conjugate-symmetric signal. These functions exploit symmetry properties
of the Fourier transform arate significantly fastethtan the standard FFT.

Thensp?RealFft() andnsp?RealFftNip() functionsstore the real
samples irRCCcsformat. This is a simpler and easier to use format than
theRCPack andRCPermformats sed bynsp?Real Fftl() and

nsp?Real FftINip() . HoweverRCCcsformatrequres slightly more
memory. The arragement of samples iRCCcs format is described in
Table 7-6

Inverses of FFTs of Real Signals

Thensp?RealFft() andnsp?RealFftNip() functions do not provide
their own inveses. Rather, the inversae provided by the
nsp?CcsFft()  andnsp?CcsFftNip() functions.

For examplenspdReal Fft() called with the\SP_Forw flag transforms a
real time-domain sital into a conjugate-symmetric frequency-domain
signal, anchspdCcsFft()  called with theNSP_Inv flag transforms it back
to the originalreal time-@main sigal. In typicalsignal processing, these
two operationgreal time-domain to conjugate-symmetric frequency and
back) are more frequently used than the other two operations
(conjugate-symmetric time-domain to real fregay-domain forward and
back). For further discussion of theénses of Fourier transformrfations,
seeAppendix A
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RealFft, RealFftNip

Computes the forward or inkge FFT
of a real signal.

void nspsRealFft(float * samps, int order , int flags );

void nspsReal FftNip(const float * inSamps , SCplx *  outSamps ,
int order ,int flags );
I* real values; single precision */

void nspdRealFft(double * samps, int order ,int flags );

void nspdRealFftNip(const double * inSamps ,DCplx *  outSamps ,
int order ,int flags );
* real values; double precision */

void nspwRealFft(short * samps, int order ,int flags, int ScaleMode,
int *ScaleFactor );

void nspwReal FtNip(const short * inSamps , WCpIx *  outSamps ,
int order ,int flags, int ScaleMode, int *ScaleFactor );

* real values; short integer */

flags Indicates the direction of the fast Fourier transform and
whether bit-reversal is performed. The argument
consists of the bitwise-OR of one or more flags. One
and only one of the flag valueéssP_Forw, NSP_Inv ,
andNSP_Init must be specified. TheéSP_NoScale
flag is optional. The section “Flags Augnent” in
“Basic FFT Functins” describes the values for the
flags argument.

inSamps Pointer to theeal aray which holds the input to the
nsp?RealFftNip() function. ThenSamps[n] array
must be of lengthv= 207" |

order The base-2 logarithm of theimber of samples in the
FFT (.
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outSamps Pointer to theeal array which holds the output from the
nsp?RealFftNip() function. The outSamps[n]
array must be iRCCcsformat and be of lengtiv2+1
complex samples.

samps Pointer to theeal aray which holds the input and
output samples for thesp ?Real Fft() function. The
samps[n] array must be of lengtti+ 2 elements
(floats  ordoubles ). On input,samps[n] should be
considered a rearray, the firstvelements of which are
data and the last two elements are ignored. On output,
samps[n] should be considered a complex array of
lengthN/2 + 1 complex samples RCCcs format.

ScaleMode , Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

nsp?RealFft() . Thensp?RealFft() function performs the FFT

in-place. In thdorward direction {ags =NSP_Forw), samps[n]
containsNreal, time-domain samples that defineralength sequence
x(n) . On exit,samps[n] contains\/2 + 1 complex samples iRCCcs
format that describe the forward FFTxgh) .

In the inverse diretion (fags =NSP_Inv), samps[k] contains\real
frequency-domaisampleshat define alength sequencg(k) . On exit,
samps[n] contains\V/2 + 1 complex samples imCCcsformat that describe
the inverse FFT of(k) .

Thereare two requirementsr the length okamps/n] :

® The arraysamps[n] must be ofengthN+ 2 real elements so that it
can contain the/2 + 1 complex nmbers that are returned. The two
extra elements (at the end of the array) arerigghon input.

®* Uponreturn, the arrayamps/n] should be treated as an array of
N2 + 1 complex numbers rather than an array of real numbers. This
can be done by appropriate casting. The comglrentsX(0) to
X(N'2) span normalized frequency or, in the case of an inverse FFT,
normalized time from 0.0 to 0.5.
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Table 7-6

nsp?Real FftNip() . Thensp?RealFftNip() function computes the
FFT not-in-plae. Inthe forward directionfags =NSP_Forw), the input
arrayinSamps[n]  contains\real, time-domain samples that define an
Nlength segencex(n) . On exit, the output arrayutSamps[n] contains
N2+ 1 complex samples RCCcs format that describe the forward FFT of
x(n) . The forward FFT ok(n) is defined as follows:

g N
Eloursamps k ],Osksi
=8 e
(N=K) ,§<k<N
o

In the inverse diretion (fags =NSP_Inv), the input arraynSamps(n)
containsNreal frequency-domain samples that definelength sequence
X(k) . On exitoutSamps(n) contains\VV2 + 1 complex samples RCCcs
format that describe the inverse FFTX@t) . The inverse FFT of(k) is
defined as follows:
O N
outsamps p ],0sn< 3
x(n) =0 N
E[X(N— n)|],-2-<n<N
!

Table 7-6 describes tl@rangement of samplesRTCcs format.

Arrangement of Samples in RCCcs Format

7-40

Real Index Complex Index Contents

0 0 XO)r

1 0 X0),

2 1 ADr

3 1 A1)

N-2 N2 -1 X(N2 - 1)g
N-1 N2 -1 X(IN2 - 1),
N N2 X(IN2)gr
N+1 N2 X(N2),

The following examplesliistrate the use of thesp?RealFft() and
nsp?Real FftNip() functions.
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Example 7-11 shows the code to perform the FFTrefhsignal.

Example 7-11 Using nsp?R ealFftNip() to Take the FFT of a Real Signal
[* take the FFT of a

* real signal

*

double xTime[128];

DCplx xFreq[65], xFreqFull[128];

[* insert code here to put time-domain samples in xTime */
nspdReal FtNip(x Time, xFreq, 7, NSP_Forw);
[* xFreq now has frequency-domain samples from f=0.0 t0 0.5 */

nspzbConjExtend2(xFreq, xFregFull, 65);
* xFregFull contains fregency samples from =0.0 to 1.0 */

Example 7-12 shows the code to perform low-pass filtering.

Example 7-12 Using nsp?R ealFitNip() to Perform Low-Pass Fi Itering

[* use FFT functions to perform
* low-pass filtering

*
double xTime[128], yTime[128];
DCplx xFreq[65];

[* insert code here to fill in 128 samples of xTime */
nspdReal FtNip(xTime, xFreq, 7, NSP_Forw);
nspzbZero(xFreq+33, 32); /* zero high fregs f=0.25to 0.5 */
nspdCcsFftNip(xFreq, yTime, 7, NSP_Inv);

* low-pass version of xTime is now in yTime */

Example 7-13 is similar to the previous example, except the low-pass
filtering is performedin-place.
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Example 7-13 Using nsp?R ealFft() to Perform Low-Pass Filtering In-Place

[* use the FFT functions to perform low-pass

* filtering in-place

*

double x[130];

[* insert code to fill in 128 samples of x */
nspdRealFft(x, 7, NSP_Forw);
nspzZero(((DCplx*)xTime)+33, 32); /* zero high fregs */
nspdCcsFft(x, 7, NSP_Inv);

[* low-pass version now in x */

Example 7-14 shows the code to performfé® convolution of two real
signals.

Example 7-14 Using nsp?R ealFftNip() to Perform Fast C onvolution

[* use the FFT functions to perform fast
* convolution of real signals

*
double hTime[256], xTime[256], yTime[256];
DCplx hFreq[129], xFreq[129], yFreq[129];

/* insert code here to fill in hTime and xTime vectors */
nspdReal FtNip(hTime, hFreq, 8, NSP_Forw);
nspdReal FtNip(xTime, xFreq, 8, NSP_Forw);
nspzbMpy3(hFreq, xFreq, yFreq, 129); /* y=h*x */
nspdCcsFftNip(yFreq, yTime, 8, NSP_Inv);

/* y now contains the (circular) convolution of h and x */

Example 7-15 is similar to the previous example, excedaste
convolution is performed in-place.
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Example 7-15 Using nsp?R ealFft() to Perform Fast Convolution In-Place

[* use the FFT functions to perform fast

* convolution of real signals in-place

*

double h[258], x[258];

/* insert code here to fill 256 samples of h and x vectors */
nspdRealFft(h, 8, NSP_Forw);

nspdRealFft(x, 8, NSP_Forw);

nspzbMpy2((DCplx*)h, (DCpIx*)x, 129); /* x = h*x */
nspdCcsFft(x, 8, NSP_Inv);

[* x now contains the (circular) convolution of h and x */

Related Topics

CcsFit Provides the inverse to thep?Real Fft()
function (seepage 7-4)1
CcsFitNip Provides the inverse to thep?Real FftNip()

function(seepage 7-4)%
bConjExtend1 Extends the output arrays produced by the

nsp?Real Fft() andnsp?Real FftNip()
functions into full\tlength signals (segage 3-3%

RealFftl Provides a lower-level interface tioe FFT
algorithm(seepage 7-2R

See [Mit93], section-2-9, Real-Valued FFTsfor more information about
real-valued fast Fourier transform.

FFTs of Conjugate-Symmetric  Signals

The functions described in this section compute the FFT of complex
conjugate-symmetric signals (time- or freqay-domain), yielding a real
signal. These fuctions exploit syrmmetry properties of the Fourier
transform and are siificantly faster thathe stadard complex FFT.

Thensp?CcsFft()  andnsp?CcsFtNip() functions stre the complex
conjugate-symmetric samplesdicCcsformat. This is @impler and easier
to use format than theCPack andRCPermformats used by
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nsp?CcsFtl() andnsp?CcsFftINip() . However RCCcs format
requires slightly more memory. The arrangement of sampleSadns
format is described in Table 7-6.

Inverses of FFTs of Conjugate-Symmetric Signals

Thesensp?CcsFft()  andnsp?CcsFftNip() functions do not provide
their own inveses. Instead, the inverses are pawd bythe
nsp?RealFft() andnsp?RealFftNip() functions.

For examplenpspdCssFft()  called with theNSP_Forw flag transforms a
conjugate-symmetric time-domain signal into a real frequency-domain
signal, anchspdReal Fft() called with theNSP_Inv flag transforms it
back to the origial, conjugate-symmetric timesthain signal. For more
information about imerses of Fourier transform functions, gemendix A

CcsFft, CcsFftNip

Computes the forward or ink&e FFT
of a complex conjugate-synetric

(CCS) signal.
void nspsCcsFt(float * samps, int order , int flags );
void nspsCcsFftNip(const SCplx * inSamps , float * outSamps ,

int order ,int flags );
* real values; single precision */
void nspdCcsFft(double * samps, int order , int flags );
void nspdCcsFftNip(const DCplx * inSamps , double * outSamps ,
int order ,int flags );
* real values; double precision */

void nspwCcsFft(short * samps, int order , int flags, int ScaleMode,
int *ScaleFactor );

void nspwCcsFftNip(const WCplx * inSamps , short * outSamps ,
int order , int flags, int ScaleMode, int *ScaleFactor );

* real values; short integer */
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flags Indicates the direction of the fast Fourier transform and
whether bit-reversal is performed. The argument
consists of the bitwise-OR of one or more flags. One
and only one of the flag valuessP_Forw, NSP_Inv ,
andNSP_Init must be specified. TheéSP_NoScale
flag is optional. The values for thilegs argument are
descibed in “Flags Argument” of the “Basic FFT
Functins” section earlier in this chapter.

inSamps Pointer to theeal aray which holds the input to the
nsp? CcsFitNip() function. TheinSamps[n] array
must be irRCCcs format and be of lengti/2+1
complex samples.

order The base-2 logarithm of theimber of samples in the
FFT (.
outSamps Pointer to theeal array which holds the output from the

nsp?CCsFftNip()  function. TheoutSamps[n] array
must be of lengthv= 279" |

samps Painter to the array which holds the input and output
samples for thesp?CCsFft()  function. The
samps[n] array must be of lengthi+ 2 elements
(floats  ordoubles ). On input,samps[n] should be
considered @omplex array of length/2 + 1 complex
samples irRCCcs format. On outputsamps/n]
should be considered as a real array, the/fiedements
of which are data and the last t@iements are ignored.

ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

nsp?CcsFft() . The functiomsp?CcsFft()  computes the FFT in-place.
In the forward directionflags = NSP_Forw), samps[/n] contains\/2 + 1
complex samples iRCCcs format that describe a conjugate-symmetric
time-comain signak() . On exit,samps[n] contains\real
frequency-domaisamples that are the forward FFTxgf) .
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In the inverse diretion (fags =NSP_Inv), samps[n] containgV2 + 1
complex samples iRCCcs format that describe a conjugate-symmetric
frequency-domain signad(k) . On exit,samps[n] containsreal
time-domain samples thate the invese FFT ofX(k) .

®* The arraysamps[n] must be ofengthN/2 + 1 complex elements so
that it can cotainthe N+ 2 real numbers that are returned. The two
extra elements (at the end of the array) areriggh on output.

® Upon return, the arrayamps/n] should be treated as an arrayvef 2
real numbers rather than an array of clemmumbers. Thisan be
done by appropriate casting. Tieal elements(0) tox(N) span
normalized time or, in the case of an inverse FFT, normalized
frequency from 0.0 to 0.5.

nsp?CcsFftNip() . The functiomsp? CcsFftNip() computes the FFT
not-in-place. Irthe forward directionflags =NSP_Forw), the input array
inSamps[n] contains\/2 + 1 complex samples RCCcs format. The
samples describe a conjugate-symmetric time-dosigimalxn) . On
exit, the output arrayurSampsfn] containsvreal frequency-domain
samples that are the forward FFTxgf) .

In the inverse diretion (fags =NSP_Inv), the input arraynSamps/n]
containsV2 + 1 complex samples RCCcsformat. The samples describe a
conjugate-symmetric frequeyrdomain signak(k) . On exit, the output
arrayoutSamps[n] containsNreal time-domain samples that are the
inverse FFT ofX(k) .

Related Topics

RealFft Provides the inverse to thep?CcsFft()  function
(seepage 7-3p
RealFftNip Provides the inverse to thep? CcsFftNip() function

(seepage 7-3p

FFTs of Two Real Signals

Thensp?Real2Fft() andnsp?Real 2FftNip() functions described in
this section compute the forward ovémse FFT of two real signals (either
time- or freqency-domain). See “Fft” ipage 7-17%or a description of
nsp?Fft()  andAppendix Afor general information on the FFT.
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The forward or inverse FFT of a real signal is conjugate-sstmon For
example, the forward FFT of a real time-domain signal is
conjugate-symmetric in frequency. This property allows two real FFTs to
be simultaneously computed using a single complex FFT. Thethige
used to implemenhese factions are veryitferent from the ones used for
nsp?Real Fft() even though the futionsare quite similar.

Inverses of FFTs of Two Real Signals

Thensp?Real2Fft() andnsp?Real 2FftNip() functions do not
provide their own inverses. Instead, the inverses are provided by the
nsp?Ccs2Fft()  andnsp?Ccs2FftNip() functions.

Real2Fft, Real2FftNip

Computes the forward or inkee FFT
of two real signals.

void nspsReal2Fft(float * xSamps, float * ySamps, int order ,
int flags );

void nspsReal2FftNip(const float * xInSamps , SCplx *  xOutSamps,
const float * yinSamps , SCplx *  yOutSamps , int order ,
int flags );
* real values, single precision */

void nspdReal 2Fft(double * xSamps, double *  ySamps, int order
int flags );

void nspdReal 2FftNip(const double * xInSamps , DCplx*  xOutSamps,
const double * yinSamps , DCplx *  yOutSamps, int order ,
int flags );
[* real values, double precision */

void nspwReal 2Fft(short * xSamps, short * ySamps, int order ,
int flags, int ScaleMode, int *ScaleFactor )

void nspwReal 2FftNip(const short * xInSamps , WCplIx *  xOutSamps,

const short * yInSamps , WCplx *  yOutSamps , int order
int  flags, int ScaleMode, int *ScaleFactor ),
[* real values, short integer */
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flags

order

xInSamps

xOutSamps

xSamps

yInSamps

yOutSamps
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Indicates the direction of the fast Fourier transform and
whether bit-reversal is performed. The argument
consists of the bitwise-OR of one or more flags. One
and only one of the flag valuessP_Forw, NSP_Inv ,
andNSP_Init must be specified. ThéSP_NoScale

flag is optional. The values for thilegs argument are
descibed in “Flags Argument” of the “Basic FFT
Functios” sections.

The base-2 logarithm of theimber of samples in the
FFT (N).

Pointer to the array which holds the real samples to be
input to thensp?Real2FftNip() function. Thearray
must be of lengthv= 2%’ |

Pointer to the array which holds the complex das\p
output from thensp?Real2 FftNip() function. The

array is inRCCcs format and must be of lengtii2 + 1

complex samples.

Pointer to the array which holds the input and output of
thensp?Real2Fft() function. ThexSamps[n] array
must be of lengthv+ 2 elementsfibats ~ ordoubles ).

On input, the array should bersidered as eeal aray,

the firstNVelements of which are data and the last two
elements of which are ignored. On autghe array
should be considered aroplex array of lengthv/2 + 1
complex samples.

Painter to the array which holds the real samples to be
input to thensp?Real2FftNip() function. Thearray
must be of lengthv= 279",

Painter to the array which holds the complex das\p
output from thensp?Real2 FftNip() function. The

array is inRCCcs format and must be of lengtii2 + 1

complex samples.
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ySamps Pointer to the array which holds the input and output of
thensp?Real2Fft() function. TheySamps[n] array
must be of lengthv+ 2 elementsfibats ~ ordoubles ).
On input, the array should bersidered as eeal aray,
the firstVelements of which are data and the last two
elements of which are ignored. On autgghe array
should be considered aroplex array of lengthv/2+ 1
complex samples.

ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

nsp?Real2Fft() . The functiomsp?Real2Fft() computes the FFT

in-place. ltcompues theFFT of theN real samples stored kSamps[n]
and returnsvV2+1 complex samples tcsamps/n] . Similarly, the FFT of
the samples inSamps/n] are retmned toySamps/n] .

nsp?Real 2FtNip() . The functiomsp?Real2FftNip() computes the
FFT not-in-place. Itcomputes the FFT of théreal samples in
xInSamps[n] , storingN2 + 1 complex samples kOutSamps[n] .
Similarly, the FFT of thevsamples iryinSamps[n] are stoed into
yOutSamps[n] .

Example 7-16 shows how to use the?Real2FftNip() function to
convolve two real sigais.

Example 7-16 Using nsp?Real 2FftNip() to Convolve Two Real Signals

[* perform fast convolution

* of real signals

*

double XTime[256], hTime[256], yTime[256];

DCplx xFreq[129], hFreq[129], yFreq[129];

[* insert code here to fill xTime and hTime vectors */
nspdReal 2FftNip(xTime, xFreq, hTime, hFreq, 8, NSP_Forw);
nspzbMpy3(xFreq, hFreq, yFreq, 129);

nspdCcsFftNip(yFreq, yTime, 8, NSP_Inv);

/* y now contains the (circular) convolution of h and x */
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Related Topics

Ccs2Fft Provides the inverse to thep?Real2Fft() function
(seepage 7-5).

RealFft Compues the FFT of aingle, real signal
(seepage 7-3%

RealFftl Provides a lower-level interface to the F&Igorithm

(seepage 7-2%
See [Mit93], section2-9, Real-Valued FFTsor more information on
real-valued fast Fourier transforms.

FFTs of Two Conjugate-Symmetric Signals

Thensp?Ccs2Fft()  andnsp?Ccs2FftNip() functions described in this
section compute the forward or inverse FFT of twiependent
conjugate-symmetric signals (either time- or fregyedomain), yielding
two real signals. Se&ft’ in page 7-17or a description ofisp?Fft()
andAppendix Afor general information on the FFT. Theaithms used
to implement these fgetions are very different from thees used for
nsp?CcsFft()  even though the functions areitgusimilar.

Inverses of FFTs of Two Conjugate-Symmetric  Signals

ThenspsCcs2Fit() andnspsCcs2Fft()  functions do not provide ¢ir
own irverses. Instead, the inversae provided by thesp?Real 2Fft()
andnsp?Real2FftNip() functions.
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Ccs2Fft, Ccs2FftNip

Computes the forward or inkge FFT
of two complex conjugateymmetric
(CCS) signals.

void nspsCcs2Fit(float * xSamps, float * ySamps, int order ,
int  flags ),

void nspsCcs2FftNip(const SCplx * xlnSamps , float * xOutSamps ,
const SCplx * yInSamps , float * yOutSamps , int order
int flags ),
I* real values; single precision */

void nspdCcs2Fft(double * xSamps, double *  ySamps, int order ,
int flags );

void nspdCcs2FftNip(const DCplx * xlnSamps ,double *  xOutSamps,
const DCplx *  yInSamps , double *  yOutSamps, int order
int flags );

* real values; double precision */

flags Indicates the direction of the fast Fourier transform and
whether bit-reversal is performed. The argument
consists of the bitwise-OR of one or more flags. One
and only one of the flag valuessP_Forw, NSP_Inv ,
andNSP_Init must be specified. ThéSP_NoScale
flag is optional. The values for tiilags argument are
descibed in “Flags Argument” of the “Basic FFT
Functios” section.

order The base-2 logarithm of theimber of samples in the
FFT (.
xInSamps Pointer to the array which holds the complex

conjugate-symmetric samplesiicCcsformat for input
to thensp?Ccs2FftNip() function. The
xInSamps[n]  array must be of lengthi2 + 1 complex
samples.
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xOutSamps

xSamps

yinSamps

yOutSamps

ySamps

Discussion

nsp?Ccs2Fift()

Pointer to the array which holds the real samples output
from thensp?Ccs2FftNip() function. The
xOutSamps[n] array must be of lengthi= 279",

Pointer to the array which holds the input and output of
thensp?Ccs2Fft()  function. On inputxSamps/n]
should be considered as a complex array of lefgtk

1 complex samples iRCCcsformat. On output,
xSamps[n] should be considered aseal aray, the

first Nelements of which are data, and gt two
elements are ignored.

Pointer to the array which holds the complex
conjugate-symmetric samplesricCcsformat for input
to thensp?Ccs2FftNip() function. The
yinSamps[n] array must be of lengtii2 + 1 complex
samples.

Painter to the array which holds the real samples output
from thensp?Ccs2FftNip() function. The
yOutSamps[n] —array must be of lengthi= 279"

Pointer to the array which holds the input and output of
thensp?Ccs2Fft()  function. On inputySamps/n]
should be considered agamplex array of length

N2 + 1 complex samples RCCcsformat. On output,
ySamps[n] should be considered aseal aray, the

first Nelements of which are data, and kst two
elements are ignored.

. The functiomsp?Ccs2Fft()  computes the FFT

in-place. Iltcompues the FFT of the/2 + 1 complex samples stored in
xSamps[n] , and returnsvreal samples back intccamps/n] . Similarly,
the FFT of the samples isamps[n] arereturned to/Samps[n] .
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nsp?Ccs2FtNip() . The functiomsp?Ccs2FftNip() computes the
FFT not-in-place. ltomputes the FFT of thg2 + 1 complex
conjugate-symmetric samplesximSamps/n] , and returng/real samples
to xOutSamps[n] . Similarly, the FFT of the samplesjimSamps/n] are
returned to/OutSamps[n] .

Related Topics

CcsFift Calculates the FFT of a single, conjugate-symmetric
signal(seepage 7-4)%

Real2Fft Provides the inverse the functiomsp?Ccs2Fit()
(seepage 7-4).

See [Mit93], section 8-2-Real-Valued FTs,for more information on the
FFTs of real-valued signals.

Memory Reclaim F unctions

This section describes thepFreeBitrevThls() and
nsp?FreeTwdThls()  functionsthat free the memory allocated for
bit-reversed indicetables and for twiddle tables, respeely. These tables
are used by the Signal Processing library internally.

You need to use the functionscdibed in this section only if yoare
particularly concerned about clearing the memory. Otherwise, the memory
is always reclaimed at the program exit.
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FreeBitRevTbls

Frees dynamic memory for tables of
bit-reversed indices.

void nspFreeBitRevThls();

Discussion

ThenspFreeBitRevThbls() function frees all dynamic memofyr all
bit-reversal tables of any size preusly allocated.

FreeTwdTbls

Freesmemory associated with all
twiddle tables of a particular type.

void nspcFree Twd Tbls();
[* complex values; single precision */

void nspzFree Twd Tbls();
[* complex values; double precision */

void nspvFree TwdThls();
/* complex values; shortinteger */

Discussion

Thensp?FreeTwdThls()  function frees all memory associated with all
twiddle tables of garticular data type. Thus thenfttion
nspcFreeTwdTbls()  frees all memory associated with all
single-precision FFT and DFT twiddle tables. Similarly, the function
nspzFreeTwdTbls()  frees all memory associated with all
double-precision FFT and DFT twiddle tables; and the function
nspvFreeTwdTbls()  frees all memory with all short integer FFT and
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DFT twiddle tables. The function leaves the internal pointer tables properly
initialized so hat stbseqent memory allocation bipnternal functionswill
succeed.

Use thensp?FreeTwdThis()  function at the end of a programridease

all of the dynamic memory allocated previously.
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The functions described in this chapter implement the following types of
2 filters:

* finite impulse respase (FIR)

® adaptive finite impulse response using leasamsquares (LMS)

* infinite impulse response (IIR)

To understand the background of the filters used by the Intel Signal
Processing Library, sefeppendix B

Depending on the ajigation, there are two different filtering modes:

batch The signal to be filtered is finite and stored entirely in
memory. Such a signal can be filtered in “batch” mode,
that is, all at once in a single (large) operation. The
signal's sampleare convolved with aet of filter
coefficients to produce an output signal. In thse;
non-causal filtering isgssible since the entire signal is
available.

cyclic The signal to be filtered is not stored entirely in
memory, eithebecause it is too large, infia in length,
or the output is required before input is entirelywno
Such a signal can be filtered in ‘@ig” mode, that is, in
small pieces. In this case, a portion of the signal is read
into memory, filtered, the output is written out, and then
the proess is repated with the nextgation.
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Cyclic filtering, in contrast to batch filtering, requires information (that is,
“state”) to be preserved between each cycle. Managing this state can be
complicated. Thus the liaary functions for cglic processing are digded

into two groups:

low-level These foctions gve the applicationicect access to all
state infornation and allow the state to be shared among
different filters.

normal These functions group all state information into a single
pointer using dynamic memory allocation, providing a
simpler interface.

The normal functions perform all of their own memory allocatioilenthe
low-level functions do not perform any memory allocation. Typically, you
will only use the low-level functions if you need to closely manage or make
special arrangementsr the way your applicatioallocaes nemory.

Low-Level FIR Filter Functions

b The functions described in this section initialize a low-level finite impulse
response (FIR) filter, get and set the filter coefficients and delay line, and

perform the filtering fuation. The lav-level FIR functionsare inended for

cyclic processing: first, initialize the filter, then filter the samples one at a

time or in blocks. Thisillows arelatvely expensive initialization function

to pre-compute values so that later filtering is efficient (this is particularly

useful for multi-rate filtering). For non-cyclic (batch) FIRdfing, “Conv’

in Chapter 9 for a desctipn of the convolution functionsp?Conv()

The low-level FIR functions maintain tfiter coefficients separatefyom

the delay line, allowing mtiple delay Ines to be used with the same set of
taps. Also, the low-level FIR fictions do notise any dynamic memory
allocation.

To use a low-level FIR filter, follow this general scheme:

8-2



Filtering Functions 8

Call eithemsp ?FirlInit() to initialize the coefficients and structure
of a single-rate filter or catlsp?FirlinitMr() to initialize the
coefficients andtructure of a multi-rate filter.

Callnsp?Firl InitDlyl () to initialize the structure of a delay line.

The delay line is associated with a particular set of tapdtipléudelay

lines for a given set of taps can be initialized by calling thistfan

multiple times, but there should be only oraldor each delay line.

Callnsp?Firl SetDlyl() to initialize the delay line itself.

After this initialization, you have a choice of functions to call,

depending on what you want to accomplish.

a. Call thensp?Firl() function tdfilter a single sample through a
sinde-rate filter and/or catlisp?bFirl() to filter a block of
consecutivesamples through a single-rate or multi-rate filter.

b. Call thensp?FirlGetTaps() function and then the

nsp?FirlSetTaps() function to get and set the filter
coefficients (taps).

c. Call thensp?FirlGetDlyl() function and then the
nsp?FirlSetDlyl() function to get and set the valuegha
delay line.

Real and complex taps can be mixed with real and longelay lines
(that is, all four comlinmiations are allowd®). However, taps and delay
lines of different preision must not be mixed. It is the application’s
responsibility to call theorrect function for the given type

combination. This is not checked at compile time nor is it required to
be checked at run-time.
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Figure 8-1 illustrates the order of use of the low-level FIR filter functions.

Figure 8-1 Order of Use of the Low-Level FIR Functions

Firl
bFirl
> 4
FirlInit
_ . FirlGetTaps
or
" —| FirllnitDlyl |—| FirlSetDlyl | —— p» FirlSetTaps
FirlInitMr
FirlGetDlyl
FirlSetDlyl
Firllnit, FirllnitMr, FirlinitDlyl
Low-level functions which perform
cyclic FIR filtering via a tappededay
line.
void nspsFirlInit(float * taps , int tapsLen ,
NSPFirTapState *  tapStPtr );
void nspsFirlInitMr(float * taps ,int tapsLen ,int upFactor

int  upPhase , int downFactor , int downPhase,
NSPFirTapState*  tapStPtr );
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void nspsFirlInitDlyl(const NSPFirTapState * tapStPtr , float * diyl
NSPFirDlyState * dlyStpPtr ),
* real values; single precision */

void nspcFirlInit(SCplx * taps , int tapsLen
NSPFirTapState *  tapStPtr );
void nspcFirlInitMr(SCplx * taps ,int tapsLen ,nt  upFactor ,

int  upPhase, int downFactor , int downPhase,
NSPFirTapState *  tapStPtr );
void nspcFirlInitDlyl(const NSPFirTapState * tapStPtr , SCplx* dlyl ,
NSPFirDlyState * dlystpPtr ),
[* complex values; single precision */

void nspdFirlInit(double * laps , int tapsLen ,
NSPFirTapState *  tapStPtr ),
void nspdFirlInitMr(double * taps , int tapsLen , int upFactor ,

int  upPhase , int downFactor , int downPhase,
NSPFirTapState *  tapStPtr );
void nspdFirlInitDlyl(const NSPFirTapState * tapStPtr , double * dlyl ,
NSPFirDlyState * dlyStpPtr ),
* real values; double precision */

void nspzFirInit(DCplx * taps , int tapsLen
NSPFirTapState *  tapStPtr );
void nspzFirlInitMr(DCplx * taps ,int tapsLen

int upFactor ,int upPhase , int downFactor ,int downPhase,
NSPFirTapState *  tapStPtr );

void nspzFirlInitDlyl(const NSPFirTapState * tapStPtr ,DCplx* dlyl ,
NSPFirDlyState * dlystpPtr ),
[* complex values; double precision */

void nspwrFirlInit(short * taps , int tapsLen
NSPFirTapState *  tapStPtr ),
void nspsFirlInitMr(short * faps ,int tapsLen ,int upFactor

int  upPhase , int downFactor , int downPhase,
NSPFirTapState *  tapStPtr ),

void nspwFirlInitDlyl(const NSPFirTapState * lapStPtr , short * diyl
NSPFirDlyState * dlyStpPtr ),
* real values; short integer */
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dlyl Pointer tathe array which specifies the initial values for
the delay line for thesp?FirlinitDlyl() function.

dlyIStPtr Pointer to theNSPFirDlylState structure.

downfFactor The factor value used by thelinitMr() function
for down-sampling multi-rate gigls.

downPhase The phase value used by thelnitMr() function
for down-sampling multi-rate signals.

taps Pointer to the arrayhich specifies the filter coefficients
for thensp?Firlinit() andnsp?FirllnitMr ()
functions.

tapsLen The number of taps in theps/n]  array.

tap StPtr Pointer to theNSPFirTapState  structure.

upFactor The factor value used by thelinitMr() function

for up-samplingmulti-rate signals.

upPhase The phase value used by #helnitMr() function
for up-samplingmulti-rate signals.

Discussion

nsp ?FirlInit() . Thensp?FirlInit() function configires a
single-rate filter. The arrayps/n] specifies the filter coefficients (taps)
h(n) . Thensp?Firlnit() function initializes the structure pointed to

by tapStPtr . The structurélSPFirState  defines the length of the FIR
filter, tapsLen , and a pointer to theps/n] array. In adion, the
contents othetaps/n] array can be permuted inan
implementation-dependent way to allow faster filtering. Thetpoin
tapStPtr  is used in subsequt calls to reference the taps and filter
structure.

nsp ?Firl InitMr() . Thensp?FirlnitMr() function configures a
multi-rate filter; that is, a filter that internallyptsamples and/or
down-samples using a polygse filter structure. It initializespStPtr  in
the same way as describied sinde-rate filters, butricludes additioal
information about the requiregptsampling and down-sampling
parameters. The arguments-actor andupPhase are the same as
described for thesp?UpSample() function, and the arguments
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downFactor anddownPhase are the same as described for the
nsp?DownSample() function. For more information on multi-refieers,
seeAppendix C

nsp ?Firl InitDIyl () . Thensp?FirlinitDlyl() function associates

a delay line with a particular set of taps. During initialization, you must
specify the delay line arrayy/n] . This array provides thaitial values

of the delay line, and is updatedrithg each filtering operation. The delay
line can be permuted in an implementation-dependent way to allow faster
filtering. The poiter dlyStPtr  is used in subsequent callgéference the
delay line. For sing-rate filta's,dlyl[n]  must beapsLen long, though
only the firsttapsLen - 1 samples provide initialalues. For multi-rate
filters, define the length of the delay line arréy asPL, where

PL = [dapsLen [upFactor [

As discussed in Appendix C, the length of the delay line for a multi-rate
filter does not redce to thdength of a sinkg-rate filter.

The arraytaps/n] and the arraylyl/n]  are used every time the filter
functions are called. Thus they must exist while the filter exists (that is,
they must not be stored irstack vaiable that goes out of scope prior to the
lastnsp?Firl() invocatian). Further, since the arrays might be permuted,
they must not be referenced by thelmppion except as describéar the
functionsnsp?FirlSetTaps() andnsp?FirlSetDlyl() . Itis helpful

to view the arrayaps/n] as part ofapStPtr  and to view the array

dlylln]  as part ofllyStPtr

Application Notes:  The contents of theSPFirTapState  and
NSPFirDlyState  structures are implementation-dependent.

The structuresISPFirTapState  andNSPFirDlyState — are data
type-independent.

Thensp?FirlinitDlyl() functioncan accept tap arrays and delay lines
of different types but not of different precis® For exampleloat  with
SCplx , ordouble with DCplx are permissible bubbuble with float is

not.

The coefficient and delay line valuestips/n] anddlylln]  can be
stored in an implementation-dependent ordgretanit efficient
computation of single- and multi-rate filtering.

8-7



8 Intel Signal Processing Library Reference Manual

8-8

Related Topics

bFirl Filters a block of samples through a low-level FIR filter
(seepage 8-p

DownSample Down-samples a signal, conceptually decreasing its
sampling rate by an integer factor (segje 3-4%.

Firl Filters a single sample through a low-level FIR filter
(seepage 8-B

FirlGetDlyl Gets the delay line contents for a low-level FIR filter
(seepage 8-1h

FirlGetT aps Gets the tap coefficients for a low-level FIR filter
(seepage 8-1.

FirlSetDlyl Sets the delay line contents for a low-level FIR filter
(seepage 8-1h

FirlSetT aps Sets the tap coefficients for a low-level FIR filter
(seepage 8-1.

UpSample Up-samples aignal, conceptuallyncreasing its

sampling rate by an integer factor (segje 3-3)

Firl, bFirl

Low-level functions whichikter either a
single sample or block of samples
through an FIRfilter.

float nspsFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , float samp);

void nspsbFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , constfloat * inSamps ,

float * outSamps , int numiters );
[* real input, real taps; single precision */

SCplx nspcFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , SCplx  samp);
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void nspcbFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , constSCplx * inSamps ,
SCplx * outSamps , int numiters );
[* complex input, complex taps; single precision */

SCplx nspscFirl(const NSPFirTap State * tapStPtr
NSPFirDlyState * dlyStPtr , float samp);

void nspscbFirl(const NSPFirTap State * tapStPtr
NSPFirDlyState * dlyStPtr , constfloat * inSamps ,

SCplx * outSamps , int numiters );
[* real input, complex taps; single precision */

SCplx nspcsFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , SCplx  samp);
void nspcsbFirl(const NSPFirTap State * tapStPtr

NSPFirDlyState * dlyStPtr , constSCplx * inSamps ,
SCplx * outSamps , int numiters );
[* complex input, real taps; single precision */

double nspdFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , double samp);

void nspdbFirl(iconst NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , constdouble * inSamps ,

double *  outSamps , int numlters );
* real input, real taps; double precision */

DCplx nspzFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , DCplx  samp);
void nspzbFirl(const NSPFirTapState * tapStPtr

NSPFirDlyState * dlyStPtr , constDCplx * inSamps ,
DCplx * outSamps , int numiters );
/* complex input, complex taps; double precision */

DCplx nspdzFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , double samp);

void nspdzbFirl(const NSPFirTap State * tapStPtr
NSPFirDlyState * dlyStPtr , constdouble * inSamps ,

DCplx * outSamps , int numiters );
[* real input, complex taps; double precision */

DCplx nspzdFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , DCplx  samp);
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void nspzdbFirl(const NSPFirTap State * tapStPtr
NSPFirDlyState * dlyStPtr , constDCplx * inSamps ,
DCplx * outSamps , int numiters ),
/* complex input, real taps; double precision */

float nspwFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , float samp, int ScaleMode,
int *ScaleFactor ),

void nspwbFirl(const NSPFirTapState * tapStPtr
NSPFirDlyState * dlyStPtr , const short* inSamps , short * outSamps,
int  numlters, int ScaleMode, int *ScaleFactor ),

* real input, real taps; short integer */

dlylIStPtr Pointer to theNSPFirDlylState structure.

inSamps Pointer to the array which stores the input samples to be
filtered by thensp?bFirl() function.

numlters The nunber of samples (sifegrate) or bocks
(multi-rate) to be filtered by thesp?bFirl()
function.

outSamps Pointer to the array which stores the outpamples
filtered by thensp?bFirl() function.

samp Pointer to the current sample for the ?Firl()
function.

tap StPtr Pointer to theNSPFirTapState  structure.

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

Thensp?Firl() andnsp?bFirl() functionsfilter either a single sample
or block of samples through a low-level finite impulse response (FIR) filter.
Many combinations of input(n) ) types and filter coefficients (taps)

types are possible. Real or complex input can be mixed@attor

complex filter coefficients. This is indited by thes, ¢, sc,cs,d, z,dz,
andzd type codes follwingthensp prefix in the function names am
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Table 8-1

For both of the functionsisp?Firl() andnsp?bFirl() , the allowed
combinations of real and complex input and filter coefficients arerithesl
in Table 8-1.

Input and Taps Combinat ions for nsp?Firl() and nsp?bFirl()
Functions

Type x(n) Filter Coefficient y(n) (or
Codes (or input) Type (or taps) Type output) Type
s float float float

c SCplx SCplx SCplx

sc float SCplx SCplx

cs SCplx float SCplx

d double double double

z DCplx DCplx DCplx

dz double DCplx DCplx

zd DCplx double DCplx

Even though real or complex input can be mixed with real or complex filter
coefficients, input and filter coefficients of different precision cannot be
mixed.

Previous Tasks: Before using eithetsp?Firl() ornsp?bFirl()

you must initialize the filter taps statepStPtr , ataps arrayaps/n] , the
number of tapsapsLen , and any multi-ratparameters by calling either
nsp ?FirlInit() or nsp?FirlinitMr() . The taps values are denoted
h(0)...h (tapsLen -1).

You must also initialize the delay line stateS:P:ir  and a delay line
arraydlylfn] by callingnsp?FirlInitDlyl() , and then update the
delay linestate by cding nsp?FirlSetDlyl() . For singe-rate filtes,

the cantents of the delay linarray are dested as«(n - tapsLen +

1)..x (n-1). For multi-rate filters, the contents of the delay line array are
dended as

x(n-PL)..x (n-1).
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nsp?Firl() . Thensp?Firl() functionfilters a single sample through a
single-rate filter. The argumeswmp/n] is the sample to be filtered and is
dended asx(n) . The return value ig(n) , and is calculated as follows:

tapsLen-1

vy = Y htk)Dx(n—k)
k=0

The delay linedly/  (and the delay line state pointéyStPtr , if
appropriate) is updated to contaim) , andx(n - tapsLen + 1) is
discarded from the delay line.

nsp?bFirl() . Thensp?bFirl() functionfilters a ock of casecutive
samples through a silegrate or multi-rate filter. Faginde-rate filters, the
numiters  samples in thereay inSamps[n] —are filtered, and the relsing
numiters samples are sted in the arrayutSamps/n] . The results are
identical tonumiters  consecutive calls tasp?Firl) . The values in the
outSamps[n] array are alculated as follows:

inSamps [M = x(n+n), 0< m<tapsLen

tapsLen-1

y(n +m) = outSamps [mn] = Z h(k) Ox(n +m- k)
k=0

For multi-rate filters, therumiters * downFactor ) samples in tharray
inSamps[n] are filtered, and the relsimg (numiters * upFactor )
samples are stored in the arraySamps[n] . For both single-rate and
multi-rate filters, the appropriate number of samples ficdamps/n] are

copied into the delay line, and thielest samples are discarded. See
Appendix Cfor more information on multi-rate filtering.

Example 8-lillustrates single-rate filtering with thep?Firl() function.
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Example 8-1 Single-Rate Fil tering with the n sp?Firl() Function

[* standard
* single-rate filtering
*

NSPFirTapState tapSt;
NSPFirDlyState dlySt;
double taps[32];
double dlyl[32];
int i;
double xval, yval;

/* insert code here toinitialize taps */

nspdFirlnit(taps, 32, &tapSt);
nspdFirlInitDIyl(&tap St, diyl, &dlySt);
/* zero out the delay line */
nspdFirlSetDlyl(&tapSt, (double *)NULL, &dlySt);
for (i=0; 1 < 2000; i++) {
xval = /* insert code here get next val of x(n) */;
yval = nspdFirl(&tapSt, &dlySt, xval);
I* yval has the output sample */

Related Topics

DownSample Down-samples a signal, soeptually dereasing its
sampling rate by an integer fac{seepage 3-4p.

FirlGetDlyl Gets the delay line contents for a low-level FIR filter
(seepage 8-1kh

FirlGetT aps Gets the tap coefficients for a low-level FIR filter
(seepage 8-1x

Firllnit Initializes a single-rate, low-level FIR filter
(seepage 8-J.

FirlinitDly! Initializes the delay line for a low-level FIR filter
(seepage 8-J.

FirllnitMr Initializes a multi-rate, low-level FIR filter
(seepage 8-J.
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FirlSetDlyl

FirlSetT aps

UpSample

Sets the delay line atents for adw-level FIR filter
(seepage 8-1h

Sets the tap coefficients for a low-level FIR filter
(seepage 8-1X

Up-samples a signal, soeptually inceasing its
sampling rate by an integer fac{seepage 3-3)

FirlGetTaps, FirlSetTaps

Gets and sets the tap coefficients of

low-level FIR filters.

void nspsFirlGetTaps(NSPFirTapState *
void nspsFirlSetTaps(float *

tapStPtr , float *
inTaps , NSPFirTapState *

outTaps );
tapStPtr );

* real values; single precision */

void nspcFirlGetTaps(NSPFirTapState *
void nspcFirlSetTaps(SCplx *

tapStPtr , SCplx *  outTaps );
inTaps , NSPFirTapState * tapStPtr ),

* complex values; single precision */

void nspdFirlGetTaps(NSPFirTapState *
void nspdFirlSetTaps(double *

tapStPtr , double *  outTaps );
inTaps , NSPFirTapState * tapStPtr );

[* real values; double precision */

void nspzFirlGetTaps(NSPFirTapState *
void nspzFirlSetTaps(DCplx *

tapStPtr , DCplx *  outTaps );

/* complex values; double precision */

void nspwFirlGetTaps(NSPFirTapState *
void nspwFirlSetTaps(short *

inTaps , NSPFirTapState * tapStPtr ),
tapStPtr , short * outTaps );
inTaps , NSPFirTapState * tapStPtr ),

* real values; short integer */

inTaps

outTaps

8-14

Pointer to the array holding copies of the tap
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Pointer to the array holding copies of the tap
coefficients.
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tap StPtr Pointer to theNSPFirTapState  structure.

Discussion

Thensp?FirlGetTaps() andnsp?FirlSetTaps() functions provide a
safe mechaam to get andetthe taps of a low-level FIR filter. Because the
taps might be stored in permuted order, it issadé for the appligtion to
directly acess the taprray. Insteadysp?FirlGetTaps() and

nsp ?FirlSetTaps() should be used.

Previous Tasks: Before cding eithernsp?FirlGetTaps() or
nsp ?FirlSetTaps() , Yyou must initialize théilter tap stateapStPtr by
calling eithemsp?Firlinit() or nsp ?FirlnitMr () . The data type

used during irialization must match the data type used here.

nsp?FirGetTaps() . Thensp?FirlGetTaps() function copies the tap
coefficients from the arrasaps/n]  to thetapsLen length array
outTaps[n] , unpermuting them ifequired so thadutTaps [n] = h(n).

nsp?FirlSetTaps() . Thensp?FirlSetTaps() function cojes the
tapsLen tap coefficients from the arrayTaps/n]  into the array
taps/n] , permutinghem if required.

Application Notes:  The nsp?FirlGetTaps() and

nsp?FirlSetTaps() functions can be used to permute or unpermute an
FIR filter's taps in-place or nén-place. That is, if the pointénTaps

points to an array other thaaps/n]  (for nsp?FirlSetTaps() ), or if
outTaps points to an array other thaaps/n]  (for

nsp?FirlGetTaps() ), then the permutation is performed not-in-place.

If, on the other handyTaps oroutTaps points to the same array,
taps[n] , then the permutation is performed in-place. You might want
your application to do this to avoid allocating a saf@maray to hold the
permuted values. However, if your application unpermutesaths]
array in-place (viasp?FirlGetTaps() ), thetaps/n]  array must be
re-permuted (viasp?FirlSetTaps() ) before the filter can be used
again. Thus, you must use tanwhen permuting in-plee.

Related Topics

bFirl Filters a block of samples through avitevel FIR filter
(seepage 8-p
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Firl Filters a sigle sample through a low-level FIR filter
(seepage 8-}

Firlinit Initializes a sigle-rate, low-level FIR filter
(seepage 8-2).

FirlinitDly! Initializesthe delay line for a low-level FIR filter
(seepage 8-%

FirllnitMr Initializes a mui-rate, low-level FIR filter
(seepage 8-%

FirlGetDlyl, FirlSetDlyl

Gets and sets the delay line contents of
low-level FIR filters.

void nspsFirlGetDlyl(const NSPFirTapState *
NSPFirDlyState * dlylStPtr  , float*

void nspsFirlSetDlyl(const NSPFirTapState *
NSPFirDlyState * dlylStPtr );
* real values; single precision */

void nspcFirlGetDlyl(const NSPFirTapState *
NSPFirDlyState * dlylStPtr  , SCplx *
void nspcFirlSetDlyl(const NSPFirTapState *
NSPFirDlyState * dlylStPtr );
[* complex values; single precision */

void nspdFirlGetDlyl(const NSPFirTapState *
NSPFirDlyState * dlylstPtr  , double *

void nspdFirlSetDlyl(const NSPFirTapState *
double * inDlyl , NSPFirDlyState *
* real values; double precision */

void nspzFirlGetDlyl(const NSPFirTapState *
NSPFirDlyState * dlylStPtr  , DCplx *

8-16

tapStPtr
outDlyl ),
tapStPtr

tapStPtr
outDlyl );
tapStPtr

tapStPtr
outDlyl ),

tapStPtr

dlylstPtr );

tapStPtr
outDIlyl );

, float * inDlyl

,SCplx*  inDlyl
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void nspzFirlSetDlyl(const NSPFirTapState * tapStPtr ,DCplx*  inDlyl
NSPFirDlyState * dlylStPtr );
/* complex values; double precision */

void nspwFirlGetDlyl(const NSPFirTap State * tapStPtr
NSPFirDlyState * dlylStPtr  , short* outDIlyl );
void nspwFirlSetDlyl(const NSPFirTap State * tapStPtr , short * inDlyl

NSPFirDlyState * dlylStPtr );
* real values; short integer */

dlylStPtr Pointer to theNSPFirDlylState structure.

inDlyl Pointer to the array holding copies of the delay line
values for thensp ?Firl SetDlyl() function.

outDlyl Pointer to the array holding copies of the delay line
values for thensp ?FirlGetDlyl() function.

tap StPtr Pointer to theNSPFirTapState  structure.

Discussion

Thesensp?FirlGetDlyl() andnsp?FirlSetDlyl() functions provide

a safe mechanism to get and set the delay line values of a low-level FIR
filter. Because the delay line might be stored in permuted order, it is not
safe forthe application to directly aess thelelay linearray. Instead,

nsp ?FirlGetDlyl() andnsp?FirlSetDlyl() should be used.
Previous Tasks: Before calling eithensp?FirlGetDlyl() or

nsp ?Firl SetDlyl() , you must initialize the filter tap state pointed to by
tapStPtr , the (permuted) taps arrayps/n] , and the filter length
tapsLen by calling eithensp?Firlinit() or nsp?Firl InitMr() . In

addition, you must initializéhe delay line state pointed to bly/StPtr
and the (permuted) delay liseraydlyl[n] by calling

nsp?FirlInitDIyl() . You must also update the delay line pointer
dlylstPtr by callingnsp?FirlSetDlyl() . Both
nsp ?FirlGetDlyl() andnsp?FirlSetDlyl() requiretapStPtr  as an

argument to describe the delay line permutation. The data type used for
these functions must match the data type of the delay line initialization (and
not the data type of the taps initialization).
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nsp ?FirlGetDlyl() . Thensp?FirlGetDlyl() function cojes the
delay line values from tharraydly/[n]  and stores them into the array
outDlylln] . The function also yrermutes the delay line values if
necessary sthat outDIyl[K] =x(n- tapsLen + 2+ k), wherex(n) is
the last filtered sample. Fsinde-rate filters,outDlyl[n] must be
tapsLen - 1long. For multi-rate filtersutDlyln] must bePL long,
wherePL is defined as

PL = apsLen [lupFactor [

nsp ?Firl SetDlyl() . Thensp?FirlSetDlyl() function permutes the
values in the arrayiDlyl[n]  , stores them intaly//n] , and updates
dlylstPtr . For single-rate filtes, inDlyi[n] must beapsLen - 1long,
and for multi-rate filters it must beL long. IfinDlyi  is NULL, the delay
line is initialized to all zeros.

Application Notes:  The nsp?FirlGetDlyl() and

nsp ?Firl SetDlyl() functions can be used to permute or unpermute an
FIR filter's taps in-place or niaén-place. That is, if the pointenDly/

points to an array other thatyi/n] (for nsp?FirlSetDlyl() ), or if
outDlyl  points to an array other thaftyi[n] (for

nsp ?FirlGetDlyl() ), then the permutation is performed not-in-place.

If, on the other handypDlyl  oroutDlyl  points to the samarray,

dlylln] , then the permutation is performed in-place. You might want
your application to do this to avoid allocating a safmaray to hold the
permuted values. However, if your application unpermutesiitie]

array in-place (viasp?FirlGetDlyl() ), thedlylln]  array must be
re-permuted (viasp?FirlSetDlyl() ) before the filter can be used
again. Thus, you must use tian when permuting in-plee.

Related Topics

bFirl Filters a block of samples through avitevel FIR filter
(seepage 8-p

Firl Filters a sigle sample through a low-level FIR filter
(seepage 8-p

Firlinit Initializes a sigle-rate, low-level FIR filter
(seepage 8-X
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FIR Filter
b

FirlinitDly! Initializesthe delay line for a low-level FIR filter
(seepage 8-)

FirllnitMr Initializes a mui-rate, low-level FIR filter
(seepage 8-)

Functions

The functions described in this section initialize a finite impulse rsgpo
filter, get and set the delay line anidefi coefficients (taps) and perform the
filtering function. They are intended foyclic processingFor batch mode
filtering, see ConVv' in Chapter 9 for a description of thep?Conv()
function.

These factions provide a higher-leveltérface lhan the corresponding
low-level FIR functions (see iff’ in page 8-dor a description of

nsp?Firl() ). In particular, they bundle the taps alay line into a

single state. Also, the FIR filterdfations dynamically allaate menory for

the taps and delay line; thus the arrays storing the taps and delay line values
are not accessexdter initialization, and need not exist while the filter exists.

To use the FIR filter functions, follow thiggeneral scheme:

1. Call eithemsp?Firlnit() to initializethe coefficients, delay line,
and structure of a single-rate filter, or aalb ?FirlnitMr() to
initialize the coefficients, delay line, and structure of a multi-rate filter.

2. After this initialization, you have a choice of functions to call,
depending on what you want to accomplish.

a. Callthensp?Fir()  function to filter a single sample through a
sinde-rate filter and/or calisp?bFir()  to filter a bock of
consecutivesamples through a single-rate or multi-rate filter.

b. Call thensp?FirGetTaps() function and then the
nsp?FirSetTaps() function to get andet the filter coefficients

(taps).

c. Call thensp?FirGetDlyl() function and then the
nsp?FirSetDlyl() function to get andet the values in the
delay line.

3. Call thenspFirFree() function to free dynamic memory associated
with the FIR filter.
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Real and complex taps can be mixed with real and complex delay lines (that
is, all four combinationareallowalie). However, taps ardklay lines of
different precision must not be neict. It is the application’sesponsibility

to call the correct function for the given type combination. This is not
checked at compile time nor is it required to be checked dtmean

Figure 8-2 illustrates the order of use of the FIR filterctions.

Figure 8-2 Order of Use of the  FIR Functions

Fir
bFir
Firlnit
FirGetTaps i
or S ] FirFree
o FirSetTaps >
FirlnitMr
FirGetDlyl
FirSetDlyl
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Firlnit, FirlnitMr, FirFree

Initializes afinite impulse respose

filter.
void nspsFirlnit(const float * tapVals , int tapsLen
const float * dlyVals , NSPFirState * statePtr ),
void nspsFirlnitMr(const float * tapVals , int tapsLen
const float * dlyvals ,int  upFactor ,int upPhase ,
int  downFactor , int downPhase , NSPFirState * statePtr ),
* real delay line, real taps; single precision */
void nspcFirlnit(const SCplx * tapVals ,int tapsLen ,
const SCplx * dlyvals , NSPFirState * statePtr );
void nspcFirlnitMr(const SCplx * tapVals , int tapsLen
const SCplx * dlyvals ,int upFactor , int upPhase ,
int  downFactor , int downPhase, NSPFirState * statePtr );
I* complex delay line, complex taps; single precision */
void nspscFirlnit(const SCplx * tapVals ,int tapsLen ,
const float * dlyvals , NSPFirState * statePtr );
void nspscFirlnitMr(const SCplx * tapVals , int tapsLen
const float * dlyVals ,int  upFactor ,int upPhase ,
int  downFactor ,int downPhase, NSPFirState * statePtr );
* real delay line, complex taps; single precision */
void nspcsFirlnit(const float * tapVals ,int tapsLen ,
const SCplx * dlyvals , NSPFirState * statePtr );
void nspcsFirlnitMr(const float * tapVals , int tapsLen ,
const SCplx * dlyvals ,int upFactor , int upPhase ,
int  downFactor , int downPhase, NSPFirState * statePtr );
/* complex delay line, real taps; single precision */
void nspdFirlnit(const double * tapVals ,int tapsLen ,
const double * dlyVals , NSPFirState * statePtr );
void nspdFirlnitMr(const double * tapVals , int tapsLen ,

const double * dlyvals , int upFactor ,int upPhase ,
int  downFactor , int downPhase, NSPFirState * statePtr );
* real delay line, real taps; double precision */
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void nspzFirlnit(const DCplx *

const DCplx * dlyVals

void nspzFirlnitMr(const DCplx *

const DCplx * dlyVals

int  downFactor ,int

tapVals | int tapsLen ,
, NSPFirState * statePtr );

tapVals , int tapsLen
,int upFactor , int upPhase ,
downPhase, NSPFirState * statePtr );

I* complex delay line, complex taps; double precision */

void nspdzFirlnit(const DCplx *

const double * dlyVals

void nspdzFirInitMr(const DCplx *

const double * dlyVals

int downFactor , int

tapVals ,int tapsLen ,
, NSPFirState * statePtr );
tapVals , int tapsLen
,int upFactor ,int upPhase ,
downPhase, NSPFirState * statePtr );

* real delay line, complex taps; double precision */

void nspzdFirlnit(const double *

const DCplx * dlyVals

void nspzdFirlnitMr(const
const DCplx *  dlyVals
int  downFactor , int

tapVals , int tapsLen
, NSPFirState * statePtr );
double *tapVals, int tapsLen
, int upFactor , int upPhase ,
downPhase, NSPFirState * statePtr );

[* complex delay line, real taps; double precision */

void nspwkFirlnit(const short *
const short * dlyVals

void nspwFirlnitMr(const short *
const short * dlyVals
int downFactor , int

tapVals ,int tapsLen ,
, NSPFirState * statePtr );

tapVals , int tapsLen
,int  upFactor ,int upPhase ,
downPhase , NSPFirState * statePtr ),

* real delay line, real taps; short integer */

void nspFirFree(NSPFirState *

statePtr );

* releases all dynamic memory associated with

FIR filter */

dlylvals

downFactor

downPhase

statePtr

tapVals

Pointer to the array containing the delay line values.

The factor used by thesp?FirlnitMr() functionfor
down-samplingnulti-rate sigals.

The phase value used by the?FirlnitMr()
function for devn-samplingmulti-rate sigals.

Pointer to the\SPFirState  structure.

Pointer to the array containing the filefficient
(taps) values.
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Table 8-2

tapsLen The number of values in the array containing the filter
coefficients (taps).

upFactor The factor used by thesp?FirlnitMr() functionfor
up-sampling multi-rate signals.

upPhase The phase value used by the?FirlinitMr()
function for up-samng muti-rate signals.

Discussion

Thensp?Firlnit() andnsp?FirlnitMr() functions initialize a finite
impulse response filter. They are irded for cyclic processing. For batch
mode filtering,see ConV' in Chapter 9 for the description of the
nsp?Conv() function.

Thensp?Firlnit() andnsp?FirlnitMr() functions provide a
higher-level inteface tharthe corresponding low-level FIR functions (see
“Firlinit” and “Firllni tMr” in page 8-4for a description of

nsp ?FirlInit() andnsp?Firl InitMr() ). In particular, they bundle
the taps and delay linetothe state structuneSPFirState . Also,
nsp ?Firlnit() andnsp ?FirinitMr() dynamically allocate memory

for the taps and delay line arrays. Thus the data in the anayss/n]
anddlyVals[n]  need not exist while the filter exists. That is, your
application can overwrite or deallocate the valuesgials/nj  and
dlyvalsfn]  after @lling thensp?Firlnit() or nsp ?FirlnitMr ()
function.

Many combinations ofeal and complex delay lines and filter coefficients
are possible. This is indited by thes, c, sc, cs, d, z,dz, andzd type
codes following thesp prefix in the functiomames above. For both of the
functions,nsp?Firlnit() andnsp?FirinitMr() , the allowed
combinations of real antbmplex taps and delay linese desribed in

Table 8-2.

Delay Line and Taps Combinations  for nsp?Firl nit() and
nsp?FirlnitMr() Functions

Type Delay Line Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
S float float float
c SCplx SCplx SCplx
continued [
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Delay Line and Taps Combinations  for nsp?Firl nit() and
nsp?FirlnitMr() Functions  (continued)

Type Delay Line Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
sc float SCplx SCplx
cs SCplx float SCplx
d double double double
z DCplx DCplx DCplx
dz double DCplx DCplx
zd DCplx double DCplx
w short short short
nsp ?Firlnit() . Thensp?Firlnit() function initializes a single-rate

filter. ThetapsLen lengtharraytapValsin]  specifies the filter
coefficients as follows:

tapValsfkl  =htk) ,0<k <tapslLen

If the tapsLen - 1 length arrayllyVals[n] is nonNULL, the following
equation prowes hitial sampes forthe delay line:

dlylvals[k] =x(-tapsLen + 1+k), 0< k <tapsLen -1

wherex(0) will be the first sample filtered. tflyVvals/n]  isNULL, the
delay line is initialized to zero.

nsp ?FirlnitMr () . Thensp?FirlnitMr() function intializes a
multi-rate filter; that is, a filter that internallyptsamples and/or
down-samples using a polyase filter structure. It initializes the
NSPFirState  structure pointed to bgatePtr  in the same way as
described for single-rate filters, botludes aditional ifformation about
the reaiired up-sampling and down-salimg parameters.

The argumentupFactor is the factor by which the filtered signal is
internally up-sampledsee tUpSamplé in Chapter 3). That is,
upFactor -1 zeros are inserted betweeartle sample of input signal.

The argumentpPhase is the parameter which deteineswhere a
non-zero sample lies thinthe upFactor -length block of p-sampled
input signal.
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The argumentiownFactor is the factor by which the FIR response
obtained byiftering an up-sample input signal is internally down-sampled
(see Downsamplé in Chapter 3). Thails, downFactor -1 output samples
are discarded from eachwnFactor -length output block of upamped

filter response.

The argumentiownPhase is the parametexhich determinesvhere
non-discarded sample lies within a block of up-sampled filter response.

The delay line arrayilyvalsn] is defined irthe same way as in the
single-rate case, but if the array is nobtL its length is defined as

PL = [dapsLen [upFactor [

nspFirFree() . ThenspFirFree() functionfrees all nemory
associated with a filter created by eitherithg?Firnit() or
nsp ?FirlnitMr () function. You should calispFirFree() after the

application has finished filtering withtatePtr . After calling
nspFirFree()  , youshould not referenceatePtr  again.

Application Notes:  The contents adheNSPFirState — structureare
implementation-dependent. The contentsl®PFirState  includes a
dynamically allocated array for the taps and delay line. For more
information, seehe “Application Notes” inpage 8-7for the “Firlinit” and
“Firllni tMr” sections (that is, for the low-level functionsp?Firlinit()
andnsp?FirllnitMr() ).

Related Topics

upSample Up-samples aignal, conceptuallyncreasing its
sampling rate by an integer factor (sege 3-3)

downSample Down-samples a signal, conceptually decreasing its
sampling rate by an integer factor (sege 3-4%.

bFir Filters a block of samples through an FIR filter
(seepage 8-2h

Fir Filters a sigle sample through an FIR filter
(seepage 8-2h

FirGetDlyl Gets the delay line contents for an FIR filter

(seepage 8-3).
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FirGetTaps Gets the tap coefficients for an FIR filter
(seepage 8-3).
FirSetDlyl Sets the delay line contents for an FIR filter
(seepage 8-3%.
FirSetTaps Sets the tap coefficients for an FIR fil{seepage 8-3).
Fir, bFir
Performs finite impulse response
filtering.
float nspsFir(NSPFirState * statePtr , float samp);
void nspsbFir(NSPFirState * statePtr , constfloat * inSamps ,

float * outSamps , int numiters );
* real delay line, real taps; single precision */

SCplx nspcFir(NSPFirState * statePtr , SCplx  samp);

void nspcbFir(NSPFirState * statePtr , const SCplx * inSamps ,
SCplx * outSamps , int numiters ),
[* complex delay line, complex taps; single precision */

SCplx nspscFir(NSPFirState * statePtr , float samp);

void nspscbFir(NSPFirState * statePtr , const float * inSamps ,
SCplx * outSamps , int numiters );
* real delay line, complex taps; single precision */

SCplx nspcsFir(NSPFirState * statePtr ,SCplx  samp);

void nspcsbFir(NSPFirState * statePtr , const SCplx * inSamps ,
SCplx * outSamps , int numiters );
[* complex delay line, real taps; single precision */

double nspdFir(NSPFirState * statePtr , double samp);

void nspdbFir(NSPFirState * statePtr , constdouble * inSamps ,
double *  outSamps , int numlters );
* real delay line, real taps; double precision */

DCplx nspzFir(NSPFirState * statePtr , DCplx  samp);
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void nspzbFir(NSPFirState * statePtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters );
/* complex delay line, complex taps; double precision */

DCplx nspdzFir(NSPFirState * statePtr , double samp);

void nspdzbFir(NSPFirState * statePtr , const double * inSamps ,
DCplx * outSamps , int numiters );
* real delay line, complex taps; double precision */

DCplx nspzdFir(NSPFirState * statePtr ,DCplx  samp);

void nspzdbFir(NSPFirState * statePtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters );
/* complex delay line, real taps; double precision */

float nspwFir(NSPFirState * statePtr , short samp, int ScaleMode,
int *ScaleFactor );

void nspwbFir(NSPFirState * statePtr , constshort * inSamps ,
short* outSamps , int numiters, int ScaleMode,

int *ScaleFactor );
* real delay line, real taps; short integer */

inSamps Pointer to the array which stores the input samples to be
filtered by thensp?bFir()  function.

numliters Parameter associated with the number of samples to be
filtered by thensp?bFir()  function. For single-rate
filters, thenumiters samples in tharrayinSamps/n]
are filtered and the rekng numiters samples are
stored in tharrayoutSamps[n] . For multi-rate filters,
the (humiters * downFactor ) samples in the array
inSamps[n] are filtered and the resirg
(numiters  * upFactor ) samples are ated in the

array outSamps|n]

outSamps Painter to the array which stores the outpamples
filtered by thensp?bFir()  function.

samp The input sample to be filtered by th&y?bFir()
function.
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statePtr Pointer to theNSPFirState  structure.
ScaleMode Refer to “Scaling Arguments” in Chapter.1
ScaleFactor

Discussion

Thensp?Fir()  andnsp?bFir()  functions perform fiite impulse
response filtering. Thesp?Fir()  function filters a single sample through
a sinde-rate filter and thesp?bFir()  function filters a block of
consecutive samples through a single-rate or multi-rate filter.

Previous Tasks: Before cding either thensp?Fir()  ornsp?bFir()
function, you must initialize the filter state pointed toslyePtr by

calling eithemsp?Firlnit() or nsp?FirlnitMr() . You must specify
the number of tapspsLen , and the taps values, denoted as

h(0)...h (tapsLen -1). You must also specify the delay line values. For
single-rate filters the values are denoted(@stapsLen + 1)..x (n-1);

for multi-rate filters, they are denotedxd® - PL)...x (n - 1).

The data type of the figtion used herenust match the data type of the
function used for initialization. For example, if the filter was initialized

with nspcsFirlnit() , use thenspcsFir()  function to filter the sample.
For a description of the initialization fations, seesp?Firlnit() and
nsp ?FirlnitMr () in page 8-21

Table 8-3 describes thec, sc,cs, d, z,dz, andzd type codes following
thensp prefix

Table 8-3 Delay Line and Taps Combinations  for n sp?Fir() and nsp?bFir()

Functions
Type Delay Line Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
S float float float
c SCplx SCplx SCplx
sc float SCplx SCplx
cs SCplx float SCplx

continued [J
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Delay Line and Taps Combinations  for n sp?Fir() and nsp?bFir()
Functions (continued)

Type Delay Line Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
d double double double

z DCplx DCplx DCplx

dz double DCplx DCplx

zd DCplx double DCplx

w short short short

nsp?Fir() . Thensp?Fir()  function filters a single sample through a
single-rate filter. In the fwing definition ofthe FIR filter, the sample to
be filtered is denotegdn) and the filter coefficients are denoted) .

The return value/(n) is calculated as follows:

tapsLen-1

vy = S h(k)Dx(n—k)
k=0

Thensp?Fir()  function then updates the delay lidig/n]  to contain
x(n) , and discards the valugn - tapsLen + 1) from the delay line.

nsp?bFir() . Thensp?bFir()  functionfilters a block of consecutive
samples through a silegrate or multi-rate filter. Faginde-rate filters, the
numiters samples in thereay inSamps[n]  are filtered, and the relsing
numiters samples are sted in the arrayutSamps/n] . The results are
identical tonumiters consecutive calls tasp?Fir() . The values in the
outSamps[n] array are alculated as follows:

inSamps[m] = y(n + nm), 0< m< numiters
numiters-1
y(n +m) = outSamps [n] = z h(k) Dx(n +m—=k)
m=0
For multi-rate filtes, nsp?bFir()  filters the Gumiters * downFactor )

samples in the arraySamps/n] , and stores the reling
(numiters * upFactor ) samples in the arrayutSamps[n]
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SeeAppendix C for more information about multi-rafiters. For both
single-rate andnulti-rate filters, the appropriate number of samples from
inSamps[n] are c@ied into the delay line, and thi&dest samples are
discarded.

Example 8-2 illustrates single-rate filtering with the?Fir()  function.

Example 8-2 Single-Rate Fil tering with the n sp?Fir() Function

/* standard

* single-rate filtering

*/

NSPFirState firSt;
double h[32], xval, yval;
int i;

/* insert code here to initialize h */

nspdFirlnit(h, 32, NULL, &firSt);
for (i=0; i< 2000; i++) {
xval =/* insert code here to get
* next value of x(n)
>'</Y
yval = nspdFir(&firSt, xval);
[*yval has the output sample */

}

Related Topics

bFirl Filters a block of samples through a single-rate or
multi-rate low-level FIR filtei(seepage 8-§.

Firl Filters a sigle sample through a single-rate. low-level
FIR filter (seepage 8-R

Firlnit Initializes a sigle-rate FIR filtenseepage 8-2).

FirlnitMr Initializes a mui-rate FIR filter(seepage 8-2).
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FirGetTaps, FirSetTaps

Gets and sets the tap coefficients of FIR

filters.
void nspsFirGetTaps(const NSPFirState * statePtr , float * outTaps ),
void nspsFirSetTaps(const float * inTaps , NSPFirTapState * StatePtr );
* real values; single precision */
void nspcFirGetTaps(const NSPFirT ap State * statePtr ,SCplx*  outTaps );
void nspcFirSetTaps(const SCplx * inTaps , NSPFirTapState * statePtr ),
/* complex values; single precision */
void nspdFirGetTaps(const NSPFirState * statePtr , double * outTaps );
void nspdFirSetTaps(const double * inTaps , NSPFirTapState * statePtr );
* real values; double precision */
void nspzFirGetTaps(const NSPFirTapState * statePtr ,DCplx* outTaps );
void nspzFirSetTaps(const DCplx * inTaps , NSPFirTapState * StatePtr );
/* complex values; double precision */
void nspwFirGetTaps(const NSPFirState * statePtr , short * outTaps );
void nspwFirSetTaps(const short * inTaps , NSPFirTapState * StatePtr );
* real values; short integer */
inTaps Pointer to the array holding copies of the tap
coefficients.
outTaps Pointer to the array holding copies of the tap
coefficients.
statePtr Pointer to theNSPFirState ~ structure.
Discussion

Thensp?FirGetTaps() andnsp?FirSetTaps() functionsget and set
the taps of a FIR filter. The data type of the function used here must match
the data type for the taps usedidg initialization.
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Previous Tasks: Before calling eithensp?FirGetTaps() or

nsp?FirSetTaps() , You must initialize the state structusPFirState
pointed to bystatePtr by calling eithemnsp?Firlnit() or
nsp ?FirlnitMr() . You must also specify the tap lengthsLen and

the taps(0)...h (tapsLen -1).

nsp?FirGetTaps() . Thensp?FirGetTaps() function copies théap
coefficients fromstatePtr  to thetapsLen length arrayoutTaps/n]
unpermuting them if required so thattTapsfn] =h(n) .

nsp?FirSetTaps() . Thensp?FirSetTaps() function copies the
tapsLen tap coefficients from theTaps/n] array intostatePtr
permuting them if required so that) = inTaps/n]

Related Topics

bFir Filters a block of samples through a single-rate or
multi-rate FIR filter (se@age 8-2.

Fir Filters a sigle sample through a single-rate FIR filter
(seepage 8-2h

Firlnit Initializes a sigle-rate FIR filtenseepage 8-2).

FirlnitMr Initializes a mui-rate FIR filter(seepage 8-2).

FirGetDlyl, FirSetDlyl

Gets and sets the delay line contents of

FIR filters.

void nspsFirGetDlyl(const NSPFirState * statePtr , float * outDlyl ),

void nspsFirSetDlyl(const float * inDlyl , NSPFirState * statePtr );
* real values; single precision */

void nspcFirGetDlyl(const NSPFirState * statePtr , SCplx*  outDlyl );

void nspcFirSetDlyl(const SCplx * inDlyl , NSPFirState * StatePtr ),

/* complex values; single precision */
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void nspdFirGetDlyl(const NSPFirState * StatePtr , double * outDlyl );
void nspdFirSetDlyl(const double * inDIlyl , NSPFirState * statePtr );
I* real values; double precision */
void nspzFirGetDlyl(const NSPFirState * statePtr , DCplx*  outDlyl );
void nspzFirSetDlyl(const DCplx * inDlyl , NSPFirState * statePtr );
/* complex values; double precision */
void nspwFirGetDlyl(const NSPFirState * statePtr , short * outDlyl );
void nspwFirSetDlyl(const short * inDlyl , NSPFirState * statePtr );
* real values; short integer */
inDlyl Painter to the array holding copies of the delay line
values for thensp?FirSetDlyl() function.
outDlyl Painter to the array holding copies of the delay line
values for thensp?FirGetDlyl() function.
statePtr Pointer to theNSPFirState ~ structure.
Discussion
Thensp?FirGetDlyl() andnsp?FirSetDIyl() functionsget and set

the delay line of an FIR filter. The data type of the function used here must

match the data type for the delay line usetdndpinitialization.

Previous Tasks: Before alling eithemsp?FirGetDlyl() or
nsp?FirSetDIyl() , You must initialize the state structusPFirState
pointed to bystatePtr by calling eithemnsp?Firlnit() or

nsp ?FirlnitMr() . You must also specify the tap lengthsLen and

the delay line values. For singlate filters, the delay line values are
dended asx(n - tapsLen + 1)..x (n - 1); for multi-rate filters they are
dended asx(n - PL)..x (n-1).

nsp?FirGetDlyl() . Thensp?FirGetDlyl() function umpermutes the
delay line values intatePtr — and stores them into the arrayDlyi[n]
so thatoutDIyl[k] =x(n - tapsLen + 2 -k), wherex(n) is the last

filtered sample. For single-rate filters, the arvayDlyi[n] must be
tapsLen - 1long, and for multi-rate it must b& long, wherePL is
defined as follows:

PL = apsLen [upFactor [l
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nsp?FirSetDIyl() . Thensp?FirSetDlyl() functionpermutes the
values in the arrayDlyi[n] and stores them intgtatePtr . For
single-rate filtersinDlyl[n] must betapsLen -1 long, and for multi-rate
filters, it must bePL long. IfinDlyl  isNULL, the delay line is initialized to
all zeros.

Related Topics

bFir Filters a block of samples through a single-rate or
multi-rate FIR filter (se@age 8-2%h

Fir Filters a sigle sample through a single-rate FIR filter
(seepage 8-2h

Firlnit Initializes a sigle-rate FIR filter(seepage 8-2).

FirlnitMr Initializes a mui-rate FIR filter(seepage 8-2).

Low-Level LMS Filter Functions

b This section describes the low-level, adaptive finite impulse response filter

functions. These filter fictions employhe least mean squar@sviS)
adaptation. The functionsitialize the filter, get and set its taps and delay
line, and perform the filter fiction. Unlike theFIR filters (whose filter
coefficients do not vary over time) an adaptive filter varies its coefficients
to try tomake its output match some prototype “desiredialigs closely as
possible.

The low-level LMS functions maintain the filter coefficients separately
from the delay line, allowing multiple delay lines to be used witlsémee
set of taps. The low-level LMS functions do not adkecnemory
dynamically.

To use a low-level LMS filter, follow this genersdheme:

1. Call eithemsp?Lmslinit() to initialize the coefficients and structure

of a single-rate filter or callsp?LmslInitMr() to initialize the
coefficients andtructure of a multi-rate filter.
2. Callnsp?LmslinitDlyl() to initialize a delay line.

The delay line is associated with a particular set of tapdtipiéudelay
lines for a given set of taps can be initialized by calling thistfan
multiple times, but there should be only oraldor each delay line.
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3. After this initialization, you now have a choice ohftions tocall,
depending on what you want to accomplish.

a. Callthensp?Lmsl() function tdfilter a single sample through a
sinde-rate filter and/or calisp?bLmsl() to filter a block of
consecutivesamples through a single-rate or multi-rate filter.

b. Call thensp?LmsiGetTaps() function and the
nsp?LmslSetTaps()  function to get and set the filter
coefficients (taps).

c. Call thensp?LmsIGetDlyl() function and the
nsp?LmslISetDlyl() function to get and set the valuegha
delay line.

d. Callthensp?LmslGetStep()  function and the
nsp?LmsliSetStep() function to get and set the convergence
step size values.

e. Call thensp?LmslGetLeak()  function and the
nsp?LmslSetLeak()  function to get and set the leak values.

f.  Call the functionsisp?LmsINa() ornsp?bLmsINa() to allow a
second signal to be filtered independenthef first signal dving
the adaptation. (Thad, a secondignal is filtered without the
adaptation which is being applied to the first signal.)

Figure 8-3illustrates the order of use of the low-level LMS filtemdtions.
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Figure 8-3

Order of Use of the Low-Level LMS Functions
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Lmslinit, LmslinitMr, LmslInitDlyl

Initializes a low-level FIR filter that
uses the least mean square (LMS)

adaptation.

void nspsLmslInit(NSPLmsType ImsType , float * taps ,
int tapsLen , float step , float leak , int errDly
NSPLmsTapState * tapStPtr );

void nspsLmslInitMr(NSPLmsType ImsType , float * faps , int tapsLen ,
float step , float leak , int errDly , int downFactor ,

int downPhase,NSPLmsTapState *  tapStPir );

void nspsLmslInitDlyl(NSPLmsTap State * tapStPtr , float * dlyl
int adaptB , NSPLmsDlyState * dlyStPtr ),
* real values; single precision */

void nspcLmslInit(NSPLmsType ImsType ,SCplx*  taps ,int tapsLen
float  step , float leak ,int errDly ,NSPLmsTapState*  fapStPtr );
void nspcLmslInitMr(NSPLmsType ImsType , SCplx*  taps ,int tapsLen ,
float  step , float leak , int errDly , int downFactor ,
int  downPhase,NSPLmsTapState *  tapStPir );

void nspcLmslInitDlyl(NSPLmsTap State * tapStPtr , SCplx* dlyl
int adaptB , NSPLmsDIy State * dlyStPtr ),
/* complex values; single precision */

void nspdLmslInittNSPLmsType ImsType , double * taps , int tapsLen
float  step , float leak ,int errDly ,NSPLmsTapState*  tapStPtr );

void nspdLmslInitMr(NSPLmsType ImsType , double *  taps , int tapsLen
float step , float leak , int errDly , int downFactor ,
int downPhase,NSPLmsTapState *  tapStPtr );

void nspdLmslInitDIyl(NSPLmsT ap State * tapStPtr , double * dlyl

int adaptB , NSPLmsDlyState * dlyStPtr ),
* real values; double precision */

void nspzLmslInit(NSPLmsType ImsType ,DCplx *  taps ,int tapsLen
float  step , float leak ,int errDly ,NSPLmsTapState*  fapStPtr );
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void nspzLmslInitMr(NSPLmsType
leak , int errDly , int downFactor ,

float  step , float

ImsType ,DCplx* taps ,int tapsLen ,

int downPhase,NSPLmsTapState *  tapStPir );

void nspzLmslInitDlyl(NSPLmsTap State * tapStPtr ,DCplx* dlyl
int adaptB , NSPLmsDlyState * dlyStPtr ),
I* complex values; double precision */

adaptB

dlyl

dlylIStPtr

ImsType

downFactor

downPhase

errDly

leak

8-38

Indicates whether the delay line will be used to adapt the
LMS filter (that is, whethensp?Lmsl() or

nsp?LmsINa()  will be called). The values farlaptB
areTRUEoOr FALSE. This argument is used by the
nsp?LmslinitDIyl() function.

Pointer to the array gtag thedelay line values for the
nsp?Lmslinit() andnsp?LmslInitMr() functions.

Pointer to thevSPLmsDIyIState  stricture. This
pointer is used by thesp?LmslinitDIyl() function.

The type of least meanwsare algrithm used.
Currently, thismust always b&lSP_LmsDefault .

For multi-rate filters. The factor by whithe signal is
down-sampled. That ispwnFactor -1 samples are
discarded from the signal. This argument is used by the
nsp?LmslinitMr() function.

For multi-rate filters. A pameter that detenines
which of the samples within each block are not
discarded. The value dbwnPhase is required to be

0 < downPhase < downFactor . This argument is used
by thensp?LmslinitMr() function.

The delay (in samples) from the output signal of the
LMS filter to the error signal input. TherDly
argument is used by thep?Lmslinit() and
nsp?LmslinitMr () functions.

How much the tap valueteak” towards0.0 on ech
iteration. The value must be between 0.0 and 1.0. The
leak argument is used by thep?LmslInit() and
nsp?LmslinitMr () functions.
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step The convergencstep size. Ris value must bbetween
0.0 and 1.0. A non-zero value enables satagm while
a value of 0.0 disables the filter atiapn. Thestep

argument is used by thep?Lmslinit() and
nsp?LmslinitMr () functions.

taps Painter to the array gsting thefilter coefficient values
for thensp?Lmslinit() andnsp?LmslinitMr()
functions.

tapsLen The number of taps values in thaps/n]  array.

tap StPtr Pointer to theNSPLmsTapState structure. The
tapStPtr  pointer is used by thesp?LmslInit() and
nsp?LmslinitMr() functians.

Discussion

nsp?Lmslnit() . Thensp?LmslInit() function initializestap StPtr

to describe a single-rate LMS filter. The argument is a pointer to an
array of filter coefficient values andpsLen is the length of the array.
The array defines the sign@j(k) . The filter taps are asidered to be a
signalh, (k) , wheren indexes the evolution ovéme (that is, ugatingthe
taps corresponds to increasingand where indexes the taps from 0 to
tapsLen - 1 for a fixed point in time.

For example, at time = 0, the taps are denoted as

ho(0), ho(1), . . . ho(k) .
At time = 1, the taps are denoted as
h1(0), hy(1),. . . hy(k) .

The argumenkak controls how much the tap valudsak” towards 0 on
each iteration. Its value should be between 0.0 and 1.0. A value of 0.0
yields a traditional non-leaky LMSltir; a typical leaky filter uses a small
value forleak .

The argumentrDly  specifies the delay (in samples) from the output
signal of the LMS filter to the error signal input. In pridejghe alue of
errDly must be at least 1. A delay of 1 corresponds to subtracting the filter
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output sample/(n) from the desired signaln) to obtain the errcsignal
e(n) . The value of the error signal is then passed to the next invocation of
the filter. In the generadase enDly is chosen as follows:

e(n) =dn -erDly) -yh -errDly)

wheree(n) is the error signal. See “Lmsl” (fosp?Lmsl() ) in page 8-48
for a descripion of howe(n) is used.

nsp?LmslInitMr() . Thensp?LmslinitMr() function intializes

tapStPtr - to describe a multi-rate filter; that is, a filter whiciernally
down-samples using a polyphdater structure. As discussed in Appendix
C, only down-sampling is supported for the LMS filters as opposed to both
up-sampling and down-sampling. The argumemt is a pointer to an

array of filter coefficient values andpsLen is the length of the array.

The array defines the signiaj(k) . The filter taps are oisidered to be a
signalh, (k) , wheren indexes the evolution ovéme (that is, ugatingthe

taps corresponds to increasinigand where indexes the taps from 0 to
tapsLen - 1 for a fixed point in time.

The argumentiownFactor is the factor by which the signal is
down-sampled. That ispwnFactor -1 samples are discarded from the
signal. The argumenbwnPhase determines which of the samples within
each block are not discarded. The valugogfnPhase is required to be

0 < downPhase < downFactor . For more information on @m-sampling,
see DownSamplé in Chapter 3 for the description of the
nsp?DownSample function.

The argumentstep , leak , anderrDly are the same as dedad for the
nsp?Lmslinit() function above Note thaterrDly s relative to the
output rate, not the input rate.

nsp?LmslInitDlyl() . Thensp?LmslinitDlyl() functioninitializes
dlyStPtr - to describe a delay line. The tap stapestPir - must have
been previously itialized byeithernsp?Lmslinit() or
nsp?LmslnitMr()

The argumentdaptB specifies whether the delay line will be used to adapt
the LMS filter (that is, whethetsp?Lmsl() ornsp?LmsINa()  will be
called). This is important because a delay line used for adaptatidresequ
more previous samples than otherwiseacdptB is TRUE the delay line

will be used for adaptation, and the arvy/n]  must be
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tapsLen +erDly long. IfadaptB is FALSE, the arraydlylln]  must be
tapsLen long. Only the firstapsLen + enDly -1 (ortapsLen - 1 for
non-adapting) samples provide initial values. For multi-ratedilthe

delay line length is greater by thewnFactor value. TheadaptB

argument is used by thep?Lmsl()  function only to deermine the coect
length of the delay line; thedaptB argument does not determine whether
adaptation is done. To disable adaptation, your application sbetstetp

to 0.

Thestep andleak parameters are gjle precisionfloat ) for all types of
thensp?Lmslinit() andnsp?LmslInitMr() functions defined ahe.
These peameters do not reqe the extra precision available with double
precision {ouble ).

Do not dealloate or overwrite the arraysps/n] anddly/[n]  during the
life of the filter. Your appliation must not directly acceitese arrays
because thasp?Lmslinit() , Nsp?LmslinitMr() and
nsp?LmslInitDlyl() functions can permute their contents in an
implementation-dependent way.

Application Notes:  The taps arrayaps/n] and delay linerray

dlylln] ~ can be permuted a@escibed for the FIRilters. See the
“Low-Level FIR Filter Functionsfor details. The permuted order used by
the LMS functions is implementation-dependent and might or might not be
the same as that used by the FIRcfioms.

Related Topics

bLmsl Filters samples usinglaw-level, multi-rae, adaptive
LMS filter to produce a single sample (seege 8-48

bLmsINa Filters a block of signals usindaw-level, adaptive
LMS filter but does not adapt the filter for a secondary
signal(seepage 8-5R

Lmsl Filters a sigle sample sing a low-level, sigle-rate,
adaptive LMS filter (sepage 8-4R

LmslGetLeak Gets the leak values for a low-level LMS filter
(seepage 8-4).

LmslGetStep Gets the step values for a low-level LMS filter
(seepage 8-4).
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LmsINa

LmslISetlLeak

LmslISetStep

Filters a signal using law-level, adptive LMS filter
but does not adapt the filter for a secondary signal
(seepage 8-5p

Sets the leak values for a low-level LMS filter
(seepage 8-4Y.

Sets the step values for a low-level LMS filter
(seepage 8-4Y.

LmslGetTaps, LmsISetTaps

Gets and sets the tap coefficients of

low-level LMS filters.

void nspsLmslGetTaps(const NSPLmsTapState * tapStPtr

float*  outTaps ),

void nspsLmslSetTaps(const float *

inTaps , NSPLmsTapState *  tapStPtr );

* real values; single precision */

void nspcLmslGetTaps(const NSPLmsTap State * tapStPtr
SCplx * outTaps );
void nspcLmslSetTaps(const SCplx * inTaps , NSPLmsTapState *  tapStPtr );
* complex values; single precision */
void nspdLms|GetTaps(const NSPLmsTap State * tapStPtr
double *outTaps);
void nspdLmsl|SetTaps(const double * inTaps ,
NSPLmsTapState * tapStPtr );

* real values; double precision */

void nspzLmslGetTaps(const NSPLmsTap State * tapStPtr

DCplx * outTaps ),

void nspzLmslSetTaps(const DCplx * inTaps , NSPLmsTapState *  tapStPtr );
/* complex values; double precision */

inTaps

Pointer to the array haing copes of the tap coefficients
for thensp?LmslSetTaps()  function.
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outTaps Pointer to the array haing copes of the tap coefficients
for thensp?LmslGetTaps()  function.

tap StPtr Pointer to theN\SPLmsTapState structure.

Discussion

Thensp?LmsiGetTaps()  andnsp?LmsiSetTaps()  functions provide a
safe mechnism to get and set the taps of a low-level LMS filter. Because
the taps may be stored in permuted order, it isafet for the applation to
directly acess the taprray. Insteadysp?LmsiGetTaps() and
nsp?LmslSetTaps()  should be used.

Previous Tasks: Before calling either thesp?LmsIGetTaps()  or the
nsp?LmslSetTaps()  function, you must initialize thilter tap state
tapStPtr by calling eithemsp?LmslInit() or nsp?LmslinitMr()

This references the (permuted) tap amag/n] and the filter length
tapsLen . The data type used durimgtialization mustmatchthe data type
used here.

nsp?LmslGetTaps(). The functiomsp?LmsiGetTaps()  copies the
tap coefficients fromiaps/n] to thetapsLen length arrayutTapsin]
unpermuting them if required so thattTaps [ n]= h(n) .

nsp?Lmsl|SetTaps(). The functiomsp?LmsiSetTaps()  copies the
tapsLen tap coefficients from theTaps/n] array intotaps/n]
permuting them if required.

Application Notes:  Thensp?Lms|GetTaps() and

nsp?LmslSetTaps()  functions can be used to permute or unpermute an
LMS filter’s taps in-face or ot-in-place. Thats, if the pointerin Taps

points to an array other thaaps/n]  (for nsp?Lms|SetTaps() ), or if
outTaps points to an array other thaaps/n]  (for

nsp?LmslGetTaps() ), then the permutation is performed not-in-place.

If, on the other handypTaps oroutTaps points tothe same array,
taps/n] , then the permutation is performed in-place. You might want
your application to do this to avoid allocating a saf@maray to hold the
permuted values. However, if your application unpermutesathsg]
array in-place (viasp?LmslGetTaps() ), thetaps/n] array must be
re-permuted (viasp?LmslSetTaps() ) before the filter can be used
again. Thus, you must use tian when permuting in-plee.
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Related Topics
Lmslinit Initializes a lov-level, single-rate LMS filter
(seepage 8-3Y).

LmslinitMr Initializes a lov-level, multi-rate LMS filter
(seepage 8-3Y).

LmslGetDlyl, Lms|SetDlyl

Gets and sets the delay line contents of
low-level LMS filters.

void nspsLmslGetDlyl(const NSPLmsT ap State * tapStPtr
const NSPLmsDlyState * dlyStPtr , float* outDlyl ),

void nspsLmslSetDlyl(const NSPLmsTap State * tapStPtr
const float * inDlyl , NSPLmsDIlyState * dlyStPtr ),
* real values; single precision */

void nspcLmslGetDlyl(const NSPLmsT ap State * tapStPtr
const NSPLmsDlyState * dlyStPtr , SCplx*  outDlyl );

void nspcLmslSetDlyl(const NSPLmsTap State * tapStPtr

const SCplx * inDlyl , NSPLmsDIlyState * dlyStPtr );
[* complex values; single precision */

void nspdLmslGetDlyl(const NSPLmsTap State * tapStPtr
const NSPLmsDIlyState * dlyStPtr , double *  outDlyl ),
void nspdLmslSetDlyl(const NSPLmsTap State * tapStPtr

const double * inDlyl , NSPLmsDlyState * dlyStPtr );
* real values; double precision */

void nspzLmslGetDlyl(const NSPLmsT ap State * tapStPtr
const NSPLmsDIlyState * dlyStPtr , DCplx*  outDlyl );
void nspzLmslSetDlyl(const NSPLmsTap State * tapStPtr

const DCplx * inDlyl , NSPLmsDIlyState * dlyStPtr );
I* complex values; double precision */

dly StPtr Pointer to theN\SPLmsDIyState  structure.
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inDlyl Painter to the array holding copies of the delay line
values for thensp?LmslSetDlyl() function.

outDlyl Painter to the array holding copies of the delay line
values for thensp?LmslGetDlyl() function.

tap StPtr Pointer to theN\SPLmsTapState structure.

Discussion

Thensp?LmsIGetDlyl() andnsp?Lmsl|SetDlyl() functions provide a
safe mechnism to get and set the delay line of a low-level LMS filter.
Because the delay line may be stored in permuted order, itsafefir the
application to dectly access the delané array. Instead,

nsp?LmslGetDlyl() andnsp?LmsISetDlyl() should be used. The

data type used fonsp?LmsIGetDlyl() andnsp?LmslSetDlyl() must
match the data type of the delay line initialization (and not the data type of
the tap initialization). For more information onitializing delay ines, see
“LmslInitDIyl” in page 8-37or nsp?LmslinitDlyl()

Previous Tasks: Before calling eithensp?LmsIGetDlyl() or
nsp?LmslSetDlyl() , you must initialize the filter tap state pointed to by
tapStPtr , the (permuted) tap arrayps and the filter lengthapsLen by
calling eithemsp?Lmslinit() or nsp?LmslinitMr() . In addition, you
must initializethe delay line state pointed to biyStPtr  and the
(permuted) delay line arrayyl/n] by callingnsp?LmslinitDlyl()
Bothnsp?LmsIGetDlyl() andnsp?LmsliSetDlyl() requiretapStPtr

as an argument tescribe the delay line pautation.

nsp?LmslGetDlyl(). Thensp?LmsIGetDlyl() function unpermutes
the delay line values iay/[n]  and stores them inthe array

outDlyl[n] so thatoutDlyl [ k]= x( n-k ) , wherex( n) was the last
sample that was filtered. For single-rate filtexsDly/[n] must be
tapsLen + errDly -1 long if the delay line is used for adaptation, and
tapsLen - 1 long otherwise. For multi-rate filters an didohal
downFactor samples are redred inoutDlyl[n]

nsp?LmslSetDlyl(). Thensp?LmsISetDlyl() function permutes the
values in the arrayiDlyl[n]  , stores them intaly/[n] , and updates
dlyStPtr . For single-rate filtersipDlyi[n] must be

tapsLen + errDly - 1 long if the delay line is used for adaptation and
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tapsLen - 1 long otherwise. For multi-rate filters an didohal
downFactor samples are required imD/yifn] . If inDlyl  isNULL, the
delay line is initialized to all zeros.

Application Notes: The nsp?LmslGetDlyl() and

nsp?Lmsl|SetDlyl() functions can be used to permute or unpermute an
LMS filter’'s taps in-face or ot-in-place. Thats, if the pointernDIly/

points to an array other thatyi/n] (for nsp?LmslSetDlyl() ), or if
outDlyl  points to an array other thaftyi[n] (for

nsp?LmslGetDlyl() ), then the permutation is performed not-in-place.

If, on the other handypDlyl  oroutDlyl  points to the samarray,

dlylln] , then the permutation is performed in-place. You might want
your application to do this to avoid allocating a safmaray to hold the
permuted values. However, if your application unpermutesiitie]

array in-place (viasp?LmslGetDlyl() ), thedlyi[n] array must be
re-permuted (viasp?LmslISetDlyl() ) before the filter can be used
again. Thus, you must use tian when permuting in-plee.

Related Topics

Lmslinit Initializes a lov-level, single-rate LMS filter
(seepage 8-3Y).

LmslInitDlyl Initializesthe delay line values for an LMS filter
(seepage 8-3Y).

LmslinitMr Initializes a lov-level, multi-rate LMS filter
(seepage 8-3Y).
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LmslGetStep, LmslSetStep, LmsiGetLeak,
LmslISetlLeak

Gets and sets the leak and stefues of
a low-level LMS filter.

float nspsLmslGetStep(const NSPLmsTapState * statePtr );
void nspsLmslSetStep(float step ,NSPLmsTapState *  statePtr );
* real values; single precision */
float nspsLmslGetLeak(const NSPLmsTapState * statePtr );
void nspsLmslSetLeak(float leak ,NSPLmsTapState *  statePtr ),
[* real values; single precision */
leak How much the tap valueteak” towards0.0 on ech
iteration. The value must be between 0.0 and 1.0.
statePtr Pointer to theNSPLmsTapState structure.
step The convergencstep size. fiis value must bbetween
0.0 and 1.0.
Discussion

Thensp?LmsiGetLeak()  andnsp?LmsiSetLeak()  functionsallow
your application to get and set tkek parameter of a low-level LMS filter

described bystatePtr

Thensp?LmsiGetStep()  andnsp?LmsiSetStep() functionsallow
your application to get and set ttyep parameter of a low-level LMS filter

described bystatePtr

These factions can be used for filters of any tygiece only the

single-precisiorstep and/eak parameters are supported.

Related Topics

Lmslinit Initializes a lov-level, single-rate LMS filter

(seepage 8-3).

LmslinitMr Initializes a lov-level, multi-rate LMS filter

(seepage 8-3).
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Lmsl, bLmsI

Filters samples through law-level
LMS adaptation fier.

float nspsLmsI(NSPLmsTapState * tapStPtr , NSPLmsDIlyState * dlyStPtr
float  samp, float err ),

float nspsbLmsI(NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , constfloat * inSamps , float err);

[* real input, real taps; single precision */

SCplx nspcLmsl(NSPLmsTapState * tapStPtr , NSPLmsDlyState * dlyStPtr

SCplx samp, SCplx  err ),
SCplx nspcbLmsl(NSPLmsTapState * tapStPtr

NSPLmsDIlyState * dlyStPtr , constSCplx * inSamps , SCplx

f* complex input, complex taps; single precision */

SCplx nspscLmsI(NSPLmsTapState * tapStPtr
NSPLmsDlyState * dlyStPtr , float samp, SCplx  err );

SCplx nspscbLmsl(NSPLmsTap State * tapStPtr

NSPLmsDIlyState *  dlyStPtr , const float* inSamps , SCplx
[* real input, complex taps; single precision */
double nspdLmsI(NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , double samp, double err);
double nspdbLmslI(NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , const double * inSamps , double

[* real input, real taps; double precision */

DCplx nspzLmsl(NSPLmsTapState * tapStPtr , NSPLmsDIlyState *
DCplx samp, DCplx err );

DCplx nspzbLmsI(NSPLmsT apState * tapStPtr

NSPLmsDlyState *  dlyStPtr , constDCplx * inSamps , DCplx

[* complex input, complex taps; double precision */

DCplx nspdzLmsI(NSPLmsT apState * tapStPtr
NSPLmsDIlyState * dlyStPtr , double samp, DCplx  err ),
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DCplx nspdzbLmsl(NSPLmsTapState * tapStPtr
NSPLmsDIlyState *  dlyStPtr , const double * inSamps , DCplx  err );
* real input, complex taps; double precision */

Table 8-4

dlyStPtr Pointer to theNSPLmsDIyState — structure.

err The error signasample.

inSamps Pointer to the array containing the input samples for the
nsp?bLmsl()  function.

samp The input sample for thesp?Lmsl()  function.

tap StPtr Pointer to theNSPLmsTapState structure.

Discussion

Thensp?Lmsl() andnsp?bLmsl() functions perform a single iteration
of LMS adaptation and filteringThensp?Lmsl()  function filters a
sample through a single-rate filter and the?bLmsl()  function filters
samples through a multi-rate filter to produce a single sample.

Previous Tasks: Before using eithersp?Lmsl() ornsp?bLmsl()
you must initialize theapStPtr  argument by calling either
nsp?LmslInit() or nsp?LmslinitMr() , and the argumenty StPtr
by callingnsp?LmslinitDlyl() with adaptB = TRUE

Many combinations of inputqn) ) types and filter coefficient typese
possible. Real or complex input can be mixed with real or confifikerx
coefficients. This is indicated by thec, sc, d, z, anddz, type codes
following thensp prefix in the function naes above. For both tfe
functions,nsp?Lmsl() andnsp?bLmsl() , the allaved canbinations of
real and complex input and filter coefficieati®e described in Table 8-4.

Input and Taps Combinat ions for nsp?Lmsl() and nsp?b Lmsl()
Functions

Type x(n) (or input) Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
S float float float
c SCplx SCplx SCplx
sc float SCplx SCplx
continued []
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Table 8-4 Input and Taps Combinat ions for nsp?Lmsl() and nsp?b Lmsl()
Functions (continued)

Type x(n) (or input) Filter Coefficient y(n) (or

Codes Type (or taps) Type output) Type

d double double double

z DCplx DCplx DCplx

dz double DCplx DCplx

E NOTE. The complex input, real tap types (zd ), are not provided.

While it is pssible to imfgmentsuch constrained LMfdters by

projecting the error term onto theal taps, the method of projection is
application-dependent. In coast, the real input, complex tap types

(sc, dz), are provided, but might have convergence problems depending
on the input signal.

The data type of the output is described in the table above. The data type of
the error signal must match the data type of the output signal.

nsp?Lmsl() . Thensp?Lmsl() functionfilters a sample through a
single-rate filter. In the faction definition bedw, the input sample
samp[n] is x(n) , err is the error sample(n) , andy(n) is the returned
sample:

e(n) = dn-errDly Y-y —errDly )

ho(k) = (L-leak )YTh,_,(k)+step B f ) x(n -k —errDly )4
O<k<tapsLen

tapsLen-1

yn) = S ha(k) D —k)
k=0

wherex(n-k-errDly )* dendes the comlex conjugate ok(n-k-errDly )
and the ™ operator den@scomplex miltiplication.

8-50



Filtering Functions 8

The above formlations define the filter for all comimétions of real and
complex input and coefficients. If the inputrézl, the comigx
conjugation ofx() in the coefficient update equation is notessary.

An alternative formulation, found in many textbooks, gives identical
results, but differs in how it definesn) . This alternative formulation is
difficult to interpret whererrDly > 1 and cannot be directly implemented
because it requires theit1) be available to the LMS filtering function.
You should formulate therror sample calculatidior your application in
terms of the above set of exions.

nsp?bLmsl() . Thensp?bLmsl() functionfilters samples through a
multi-rate filter to produce a single sample. The argunsstPir  uses
the downFactor argument specified bysp?LmslinitMr() . The
argumenterr is the error signat(n) , and thedownFactor length array
inSamps[n]  provides samples ofn) . The filtered resuly(n) is

returned. Thesample rate of the inpsignal is greater than the sample rate
of the output and error by a factora@fwnFactor .

Even thougmsp?bLmsl() has theb prefix flag to indiate a lbbcked
function, this function des not perform more than one iteration. This is
because doing so would intnomk excessealay into the error signal.
Instead, his function is provided for multi-rate filtering, which requires a
vector (blocked) input array.

Example 8-3 illustrates the use of the low-level LMS functions to initialize
and filter a signal sample.

Example 8-3 Filtering w ith the Low-Level LMS Filter

#define TAPSLEN 2
#define LEN 100

const float STEP = 0.6;
NSPLmsTapState tap StPtr;
NSPLmsDIlyState dly StPtr;

double x[LEN], d[LEN], y[LEN], z[LEN];

double h[TAPSLEN];
int n;
double err = 0;

continued [J
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Example 8-3 Filtering w ith the Low-Level LMS Filter (continued)

/*
* Generate the input and desired signals. The input
* signal is a sine wave with amplitude 1.0 at 0.2 Fs.
* The desired signal is a cosine wave with amplitude
* 2.0 atthe same frequency.
*
for (n = 0; n < LEN; n++) {

X[n] = sin(NSP_2PI*n/10);

d[n] = 2*cos(NSP_2PI*n/10);

z[n] = 0.0;

[* Initialize taps values to zero */
for (n = 0; n < TAPSLEN; n++) {
h[n]=0.0;
}
[* Initialize filter */
nspdLmslInit(NSP_LmsDefault, h, TAPSLEN, STEP, 0.0, 0, &tap StPtr);
/* Initialize delay line */
nspdLmslInitDIyl(&tap StPtr, z, TRUE, &dly StPtr);

I* Filter LEN samples using single-rate adaptive filtering */
for (n = 0; n < LEN; n++) {
y[n] = nspdLmsl(&tapStPtr, &dlyStPtr, x[n], err);
err =d[n] - y[n];
}/* The final taps values = {2.75,-3.40} and

* err = 0 are obtained
*/

Related Topics

bLmsINa Filters a block of signals usindaw-level, adaptive
LMS filter but does not adapt the filter for a secondary
signal(seepage 8-5R

LmsIGetLeak Gets the leak values for a low-level LMS filter
(seepage 8-4Y.
LmsIGetStep Gets the step values for a low-level LMS filter

(seepage 8-4Y.
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LmslInitDlyl Initializesthe delay line values for a low-level LMS

filter (seepage 8-3Y).

LmsINa Filters a signal using law-level, adptive LMS filter
but does not adapt the filter for a secondary signal

(seepage 8-5p

LmslISetLeak Sets the leak values for a low-level LMS filter

(seepage 8-4).

LmslISetStep Sets the step values for a low-level LMS filter

(seepage 8-4).

LmsINa, bLmsINa

Filters a signalusing a bw-level
adaptive LMS filter, but does not adapt
the filter for a secondary signal.

float nspsLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDlyState *  dlyStPtr , float samp);

void nspsbLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState *  dlyStPtr , const float* inSamps ,

float * outSamps , int numiters );
[* real input, real taps; single precision */

SCplx nspcLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDlyState * dlyStPtr , SCplx samp);
void nspcbLmsINa(const NSPLmsTapState * tapStPtr

NSPLmsDlyState * dlyStPtr , const SCplx * inSamps ,
SCplx * outSamps , int numiters );
[* complex input, complex taps; single precision */

SCplx nspscLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , float sampy;

void nspscbLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , const float* inSamps ,

SCplx * outSamps , int numiters );
[* real input, complex taps; single precision */
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SCplx nspcsLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState *  dlyStPtr , SCplx samp);
void nspcsbLmsINa(const NSPLmsTapState * tapStPtr

NSPLmsDlyState * dlyStPtr , const SCplx * inSamps ,
SCplx * outSamps , int numiters );
/* complex input, real taps; single precision */

double nspdLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDlyState *  dlyStPtr , double samp);

void nspdbLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDlyState * dlyStPtr , constdouble * inSamps ,

double * outSamps , int numlters );
[* real input, real taps; double precision */

DCplx nspzLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , DCplx sampy);
void nspzbLmsINa(const NSPLmsTapState * tapStPtr

NSPLmsDlyState *  dlyStPtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters ),
[* complex input, complex taps; double precision */

DCplx nspdzLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , double samp);

void nspdzbLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDIlyState * dlyStPtr , const double * inSamps ,

DCplx * outSamps , int numiters );
[* real input, complex taps; double precision */

DCplx nspzdLmsINa(const NSPLmsTapState * tapStPtr
NSPLmsDlyState * dlyStPtr , DCplx  samp);
void nspzdbLmsINa(const NSPLmsTapState * tapStPtr

NSPLmsDIlyState * dlyStPtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters );
[* complex input, real taps; double precision */
dly StPtr Pointer to theNSPLmsDIlyState  structure.

inSamps Pointer to the array containing the input samples for the
nsp?bLmsINa()  function.

numiters The number of samples to be filtered by the
nsp?bLmsNa() function.
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Table 8-5

outSamps Pointer to the array containing the output sk for
thensp?bLmsINa() function.

samp The input sample for thesp?LmsINa()  function.
tap StPtr Pointer to theNSPLmsTapState structure.
Discussion

Thensp?LmsINa() andnsp?bLmsINa() functions allow a secondary
signal,w(n) , to be filtered independently of therparysignal,x(n) ,

which drives the adaptation. The secondary signal must have its own delay
line independent of the delay line used for thenary signal. The

functions update the delay line for the secondary signal but not for the
primary signal. The functions al§itier the secondary si@l bythe same

taps as used for the primary signal. The taps themsafieasot moified.

The argumentapStPtr  must have been previously initialized by
nsp?LmslInit() or nsp?LmslinitMr() , and the pointedilyStPtr
must have been previously initialized fxp 2L mslInitDlyl() with
adaptB =FALSE

In terms of supported data types, the?LmsINa() andnsp?bLmsINa()
functions are less strictive thamsp?Lmsl() andnsp?bLmsl() . In
particular, all comimations ofreal and complex input data types and filter
coefficients are sumpted. The complete blocked form is also supported.
The data type codes foWing thensp prefix in the function names are
described in Table 8-5.

Input and Taps Combinat ions for nsp?LmsINa() and
nsp?bLmsINa() Functions

Type x(n) (or input) Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
S float float float
c SCplx SCplx SCplx
sc float SCplx SCplx
cs SCplx float SCplx
continued [
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Input and Taps Combinat ions for nsp?LmsINa() and
nsp?bLmsINa() Functions (continued)

Type x(n) (or input) Filter Coefficient y(n) (or
Codes Type (or taps) Type output) Type
d double double double

z DCplx DCplx DCplx

dz double DCplx DCplx

zd DCplx double DCplx

nsp?LmsINa() . Thensp?LmsINa() function filters a sigle sample
through a singleate filter without adapting the filter. The argument
sampfn] provides the sample signaljn) , and the result/n) is returned.
The result,(n) , is defined as follows:

tapsLen-1

vy = S (k) 0= k)

k=0

nsp?bLmsINa() . Thensp?bLmsINa()  function filters a block of
samples through a single-rate or multi-rate filt&thoutadapting the filter.
For sirgle-rate filters, thewmiters samples in the arraySamps/n] are
filtered, and the redting numiters samples are stored in the array
outSamps[n] . The results are identical tamiters consecutive calls to
nsp?LmsINa() . The values intheutSamps/n] array are calculated as
follows:

inSamps [n] = x(n +m)

tapsLen-1
outSampsm] = y(n +m) = Z h(k) Ox(n +m- k)
k=0

For multi-rate filtes, thenumiters  *downFactor samples in the array
inSamps[n] are filtered, and the reléimg numiters samples are stored in
the arrayoutSamps[n] . SeeAppendix Cfor more information on
multi-rate filtering. For both single-rate and Itruate, the appropriate
number of samples fromSamps[n] are c@ied into the delajine, and
the oldest sanigs are discarded.

Example 8-4llustratesusingthensp?LmsINa() functions tdilter asignal
with adapted filter coefficients.
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Example 8-4 Creating a Fil ter Predictor with the LMS Filter  Functions

* Afilter-predictor using adaptive and
nonadaptive filter functions */

#include <math.h>

#define nsp_UsesLms

#include "nsp.h"

#define HLEN (5) [* taps number */
#define DLY (1) [* Prediction depth */

float
y[100], /* Output predicted signal */
d[100], f* Output signal of adaptive filter */
z_a[HLEN+DLY], /* Delay line of adaptive filter */
z_n[HLEN], [* Delay line of filter-predictor */

X[100], [* Output signal */
h[HLEN], [* taps */
err; [* Adaptation error signal */

int main (void)

{
inti;
NSPLmsTapState tapst;
NSPLmsDIlyState dlyst_a,dlyst_n;

[* Adaptive filter initialization */
nspsLmslinit (NSP_LmsDefault, h,HLEN, 0.05,\
0.0, DLY ,&tapst);

[* The adaptive filter delay line initialization */
nspsLmslnitDIyl (&tapst, z_a, TRUE, &dlyst_a);

/* The predictor delay line initialization */
nspsLmslnitDlyl (&apst, z_n, FALSE, &dlyst_n);

continued U
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Example 8-4 Creating a Fil ter Predictor w ith the LMS Filter Functions (continued)

[* Initial values of taps and
* delay line are updated here

*

[* Generate model input signal */
for(i=0;i<100;i++) x[i]=cos(NSP_2P[*i/16);

err =0;

[* Taps adaptation */

for(i=DLY; i<100; i++) {

err = X[i] - (d[i]l=nspsLmsl (&tapst, &dlyst_a,\
X[i-DLY], err));

* the coefficients have now

* been adapted using err

}

*/

/* Signal prediction */
y[i] =nspsLmsINa (&tapst, &dlyst_n, x[i]);

return O;

Application Notes:  Thensp?LmsINa() andnsp?bLmsINa()

functions are intended only for filtering the secondary signal without
adapting the coefficients. h€y should not be used to filter thenpary

signal withoutadapting the coefficients, because they manage the delay line
in a manner incompatible wittsp?Lmsl() . To filter a primary signal
without adaptation, use thep?Lms|SetStep() function to set thetep
argument to zero, and then userthgLmsl() ornsp?bLmsl() function.

Thensp?LmsINa() andnsp?bLmsINa() functions do not support
filtering of the primary signat(n) because the primasjgnal reqires a
longer delay line.

Related Topics

bLmsl Filters samples usinglaw-level, multi-rae, adaptive
LMS filter to produce a single sample (seege 8-4R
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LMS Filter Functions

4

Lmsl

LmsliGetStep

Lmslinit

LmslinitDlyl

LmslinitMr

LmslISetStep

Filters a sigle sample sing a low-level, sigle-rate,
adaptive LMS filter (sepage 8-4R

Gets the step values for a low-level LMS filter
(seepage 8-4).

Initializes a lov-level, single-rate LMS filter
(seepage 8-3).

Initializesthe delay line catents for a low-level LMS
filter (seepage 8-3Y).

Initializes a lov-level, multi-rate LMS filter
(seepage 8-3Y.

Sets the step values for a low-level LMS filter
(seepage 8-4Y.

The functions described in this section perform thiefahg tasks:

® initialize an LMS fiter

* get and set the delay line values

® get and set the filter coefficients (taps) values

® get and set the step values

® getand set the leak values

® getand set the error signals

® compute error signals

® perform the filtering function

* free dynamic memory allocated for theaftions

These factions provide a higher-leveltarface han the corresponding
low-level LMS functiongsee “Lmsl” inpage 8-4&or a description of
nsp?Lmsl() ). In particular, they bundle the taps alalay line into a
single state. Also, the LMSriations dypamically allocate memory for the
taps and delay line; thus the arrays storing the taps and delay line values are
not accessed afteritilization, and need not exist while the filter exists.

To use the LMS adaptive filter functions, follow thisneral scheme:
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1. Callnsp?Lmslnit() to initialize a sigle-rate LMS filter or call
nsp?LmslInitMr() to initialize a multi-rate LMS filter.

2. After this initialization, you have a choice of functions to call,
depending on what you want to accomplish.

a. Callthensp?Lms() function to filter a single sample through a
sinde-rate filter and/or calisp?bLms() to filter a ock of
consecutivesamples through a single-rate or multi-rate filter.

b. Call thensp?LmsGetTaps() function and then the
nsp?LmsSetTaps()  function to get andet the filter coefficients
(taps).

c. Call thensp?LmsGetDlyl() function and then the
nsp?LmsSetDlyl() function to get andet the values in the
delay line.

d. Call thenspsLmsGetStep()  function and the
nspsLmsSetStep()  function to get and set the convergestap
size values.

e. Call thenspsLmsGetLeak() function and the
nspsLmsSetLeak()  function to get andet the leak values.

f. Callthensp?LmsDes() function to compute an error s and
filter a sample through a single-rate filter and/or call
nsp?bLmsDes() to compute an error sigl and filter a sample
through a mli-rate signal.

g. Call thensp?LmsGetErVal() function andhe
nsp?LmsSetErrVal() function to get and set the ersagnal of
an LMS filter.

3. CallthenspLmsFree() function to release dynamicemory

associated with the LMS filter.
Figure 8-4 illustrates the order of use of the LMS filter functions.
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Figure 8-4 Order of Use of the LMS Functions
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LmslInit, LmsInitMr, LmsFree

Initializes an adaptive FIR filter that
uses the least meaqLare (LMS)

algorithm.

void nspsLmslnit(NSPLmsType ImsType , const float * tapVals
int tapsLen , const float* dlyVvals | float step , float leak
int errDly ,NSPLmsState *  statePtr );

void nspsLmsInitMr(NSPLmsType ImsType , const float * tapVals
int tapsLen , const float* dlyVals | float step , float leak

int errDly ,int downfFactor ,int downPhase ,
NSPLmsState * statePtr );
* real delay line, real taps; single precision */

void nspcLmslnit(NSPLmsType ImsType , const SCplx * tapVals
int tapsLen , const SCplx* dlyVals | float step , float leak
int errDly ,NSPLmsState *  statePtr );

void nspcLmslnitMr(NSPLmsType ImsType , const SCplx * tapVals
int tapsLen , const SCplx* dlyVals | float step , float leak ,
int errDly ,int downFactor ,int downPhase,
NSPLmsState * statePtr );
* complex delay line, complex taps; single precision */

void nspscLmsInit(NSPLmsType ImsType , const SCplx * tapVals
int tapsLen , const float* dlyVals , float step , float leak ,
int errDly ,NSPLmsState *  statePtr );

void nspscLmsInitMr(NSPLmsType ImsType , const SCplx * tapVals
int tapsLen , const float* dlyVals | float step , float leak ,

int errDly ,int downFactor ,int downPhase,
NSPLmsState * statePir );
* real delay line, complex taps; single precision */

void nspdLmsInit(NSPLmsType ImsType , constdouble * tapVals ,
int tapsLen , const double * dlyvals , float step , float leak
int errDly ,NSPLmsState *  statePtr );
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void nspdLmslInitMr(NSPLmsType ImsType , const double * tapVals ,
int tapsLen , const double * dlyvals , float step , float leak ,
int errDly ,int downfFactor ,int downPhase ,
NSPLmsState * statePtr );
* real delay line, real taps; double precision */

void nspzLmslnit(NSPLmsType ImsType , const DCplx * tapVals |
int tapsLen , const DCplx* dlyVvals | float step , float leak
int errDly ,NSPLmsState *  statePtr );

void nspzLmsInitMr(NSPLmsType ImsType , const DCplx * tapVals
int tapsLen , const DCplx* dlyVals | float step , float leak ,
int errDly ,int downFactor ,int downPhase,
NSPLmsState * statePtr );
* complex delay line, complex taps; double precision */

void nspdzLmsInit(NSPLmsType ImsType , const DCplx * tapVals ,
int tapsLen , const double * dlyvals , float step , float leak ,
int errDly ,NSPLmsState *  statePtr );

void nspdzLmsInitMr((NSPLmsType ImsType , const DCplx * tapVals ,
int tapsLen , const double * dlyvals , float step , float leak ,

int errDly ,int downFactor ,int downPhase,
NSPLmsState * statePir );
* real delay line, complex taps; double precision */

void nspLmsFree(NSPLmsState * statePtr );

dlyVals Pointer to the array containing the delay line values.

downFactor The factor used by thesp?LmsInitMr() functionfor
down-samplingnulti-rate sigals.

downPhase The phase value used by the?LmsInitMr()
function for devn-samplingmulti-rate sigals.

errDly The delay (in samples) from the output signal of the
LMS filter to the error signal input. TherDly
argument is used by thep?LmsInit() and
nsp?LmslInitMr() functions.

leak How much the tap valuéteak” towards0.0 on @ch
iteration. The value must be between 0.0 and 1.0. The
leak argument is used by thep?Lmslinit() and
nsp?LmslInitMr() functions.
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ImsType Specifies the aaptation scheme to use with the filter
desciption given. Thevalue forimsType must
currently be set tdSP_LmsDefault . ThelmsType
argument is used by thep?Lmsinit() and
nsp?LmsinitMr() functions.

statePtr Pointer to the\SPLmsState structure.

step The convergencstep size. Ris value must bbetween
0.0 and 1.0. A non-zero value enables satign while
a value of 0.0 disables the filter atipon. Thestep
argument is used by thep?LmsInit() and
nsp?LmslInitMr() functions.

tapVals Pointer to the array containing the filigoefficient
(taps) values.

tapsLen The number of values in the array containing the filter
coefficients (taps).

Description

Thensp?Lmsinit() andnsp?LmslInitMr() functions initialize a
single-rate LMS filter and a multi-rate LMS filter respectively. They are
intended for cyclic processing. ThepLmsFree() function releases
dynamic memory associated witte filter.

Thensp?Lmsinit() andnsp?LmsInitMr() functions provide a
higher-level interface than the cespondindow-level LMS functions (see
nsp?Lmslinit() andnsp?LmslInitMr() in page 8-3). In particular,
nsp?Lmslnit() andnsp?LmsInitMr() bundle the taps and delay line
into a singlestate. They also dynamically allocate memory for the taps and
delay line; thus tharraystapVals[n]  anddlyVals[n]  are not accessed
after initialization andheed not exist while the filter exists.

Many combinations of inputqn) ) types and filter coefficient typese
possible. Real or complex input can be mixed with real or corfifikerx
coefficients. This is indicated by thec, sc, d, z, anddz, type codes
following thensp prefix in the function nmes above.
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NOTE. The different data types ofp?Lmslnit() and
nsp?LmslnitMr() correspond to different cobinations of
real/complex inpts versus real/complex outputs. The complex input,
real tap typesds, zd), are not provided. While it isogsible to
implement such constraineéd/S filters by projecting the error term
onto the real taps, the method of projection iplegation-dependent. In
contrast, thaeal input, complex tap typesc(, dz), are provided, but
may have convergence problems depending@input signal.

nsp?Lmslnit(). The functiomsp?Lmsinit() initializesstatePtr  to
describe a single-rate LMS filter. ThegumentimsType specifies the
adaptation scheme and must currenthnB® LmsDefault . The

tapsLen length arrayapVals[n]  specifies the initial filter coefficients.
The arraydlyValsfn]  specifies the initial delay line otents. IfdlyVvals

is nonNULL, it must have a length aefpsLen - 1. Ifdlyvals isNULL the
delay line is initialized to zero.

The argumenikak controls how much the tap valudsak” towards 0 on
each iteration. Its value should be between 0.0 and 1.0. A value of 0.0
yields a traditional noteaky LMS filter. A typical leaky filter uses a small
value forleak .

The argumentrrDly  specifies the delay (in samples) from the output
signal of the LMS filter to the error signal input. In prifejghe alue of

errDly  must be at least 1. A delay of 1 corresponds to subtracting the filter
output sample/(n) from the desired signaln) to obtain the errasignal

e(n) . The value of the error signal is then passed to the next invocation of
the filter. In the generatase enDly is chosen as follows:

e(n) =d(n -erDly) -y(n -errDly)
wheree(n) is the error sigal.

Thestep argument specifies the convergence ste@. This value must be
between 0.0 and 1.0. Amaero value enables adaptation while a value of
0.0 disables the filtemdaptation.
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nsp?LmslnitMr (). The functiomsp?LmsInitMr() initializes

statePtr ~ to describe a multi-rate LMS filter. TheDly , dlyvals
ImsType , tapVals , tapsLen , statePtr , step , andleak , arguments for
thensp?LmsInitMr() functionare defined the same as for the
nsp?Lmslnit() function abwe.

ThedownFactor argument is the factor by which the signal is
down-sampled. That ispwnFactor - 1 samples are discarded from the
signal. The argumenbwnPhase determines which of the samples within
each block are not discarded. The valuefnPhase is required to be

0 < downPhase < downFactor . For more information on @m-sampling,
see DownSamplé in Chapter 3 for the description of the
nsp?DownSample function.

nspLmsFree(). ThenspLmsFree() functionreleases dynamic memory
associated with the LMS adaptive filtergate dwith the nsp?Lmsinit()
and nsp?LmsinitMr() functions.

Application Notes: Thestep andleak parameters are single-pigion
(float ) in all data types of the fietions. The extra precision available
with double-precisiondouble ) is not required for these parameters.

Related Topics
Lmslinit Initializes a lov-level, single-rate LMS filter
(seepage 8-3Y).

LmslinitMr Initializes a lov-level, multi-rate LMS filter
(seepage 8-3Y).
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Lms, bLms
Filters samples through an LMS filter.

float nspsLms(NSPLmsState * statePtr , float samp, float err);
float nspsbLms(NSPLmsState * statePtr , const float * inSamps ,
float  err),

* real input, real error signal; single precision */

SCplx nspcLms(NSPLmsState * statePtr , SCplx  samp, SCplx  err );

SCplx nspcbLms(NSPLmsState * statePtr , const SCplx * inSamps ,
SCplx err);
I* complex input, complex error signal; single precision */

SCplx nspscLms(NSPLmsState * statePtr , float samp, SCplx  err );

SCplx nspscbLms(NSPLmsState * statePtr , const float * inSamps ,
SCplx err);
/* real input, complex error signal; single precision */
double nspdLms(NSPLmsState * statePtr , double samp, double err);
double nspdbLms(NSPLmsState * statePtr , const double * inSamps ,

double err);
* real input, real error signal; double precision */

DCplx nspzLms(NSPLmsState * statePtr , DCplx  samp, DCplx  err );

DCplx nspzbLms(NSPLmsState * statePtr , const DCplx * inSamps ,
DCplx err ),
/* complex input, complex error signal; double precision */

DCplx nspdzLms(NSPLmsState * statePtr , double samp, DCplx  err);

DCplx nspdzbLms(NSPLmsState * statePtr , const double * inSamps ,

DCplx err);

* real input, complex error signal; double precision */
err The error signasample.
inSamps Pointer to the array containing the input samples for the

nsp?bLms() function.

samp The input sample for thesp?Lms() function.
statePtr Pointer to theNSPLmsState structure.
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Description

Thensp?Lms() andnsp?bLms() functionsperform a single iteration of
LMS adaptation and filtering.

Many combinations of inputqn) ) types and filter coefficient typese
possible. Real or complex input can be mixed with real or confifikerx
coefficients. This is indicated by thec, sc, d, z, anddz, type codes
following thensp prefix in the function nmes above.

E NOTE. The complex input, real error signal types (zd ), are not
provided. WHe it is possible to impmentsuch constrained LMS filters

by projecting the error term onto the real taps, the method of projection

is application-dependent. In coast, the real input, complex error

signal typesdc, dz), are provided, but may have convergence problems

depending on the input signal.

Previous Tasks: Before usingisp?Lms() ornsp?bLms() , you must
initialize statePtr by calling eithensp?Lmsinit() or
nsp?LmsInitMr()

nsp?Lms().  Thensp?Lms() function filters a sample through a
single-rate filter. The input samplemp/n] isx(n) , err is the error
samplee(n) , and the output sampjen) is returned, as specified for
nsp?Lmsl()

nsp?bLms().  Thensp?bLms() function filters samples through a
multi-rate filter to produce a single output sample. The argument
statePtr  uses thelownFactor argument specified by
nsp?LmslnitMr() . The argumentrr is the error signaé(n) and the
downFactor length arraynSamps[n] provides samples efn) . The
filtered resulty(n) is returned.

Even thoughmsp?bLms() has theb prefix flag to indicate a blocked
function,nsp?bLms() does not perform more than one iteration. This is
because doing so would intiomk excesselay into the error signal.
Instead, his function is provided for multi-rate filtering, which requires a
vector (blocked) input array.
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Example 8-5llustrateghe use of the LMS fuations to iitialize and filter a
signal sample.

Example 8-5 Filtering w ith the LMS Filter Functions

/*

* standard single-rate
* filtering

*/

NSPLmsState ImsSt;

double taps[32];
int i;
double xval, yval, dval, eval =0.0;

/* insert code here to initialize taps */

nspdLmslnit(NSP_LmsDefault, taps, 32, NULL, 0.01, 0.0, 1, &msSt);
for (i=0; i<2000; i++) {

xval = /* insert code here to get next value of x(n) */,

yval = nspdLms(&tapSt, xval, eval);

dval = /*insert code here to get next value of d(n) */,

eval = dval - yval;

Related Topics

bLmsl Filters samples throughraulti-rate, low-level LMS
filter to produce a single sample (sege 8-4%

LmsInit Initializes a sigle-rate, low-level LMS filter
(seepage 8-6).
LmsInitMr Initializes a mui-rate, low-level LMS filter

(seepage 8-6).

Lmsl Filters a sample through a singlge, lav-level LMS
filter(seepage 8-4R
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LmsGetTaps, LmsSetTaps

Gets and sets the taps coefficients of an

LMS filter.
void nspsLmsGetTaps(const NSPLmsState * statePtr , float * outTaps ),
void nspsLmsSetTaps(const float * inTaps , NSPLmsState *  statePtr );
* real values; single precision */
void nspcLmsGetTaps(const NSPLmsState * statePtr , SCplx* outTaps );
void nspcLmsSetTaps(const SCplx * inTaps , NSPLmsState *  statePtr );
[* complex values; single precision */
void nspdLmsGetTaps(const NSPLmsState * statePtr , double * outTaps );
void nspdLmsSetTaps(const double * inTaps , NSPLmsState *  statePtr ),
* real values; double precision */
void nspzLmsGetTaps(const NSPLmsState * statePtr , DCplx* outTaps );
void nspzLmsSetTaps(const DCplx * inTaps , NSPLmsState *  statePir );
I* complex values; double precision */
inTaps Pointer to the array haing copes of the tap coefficients
for thensp?LmsSetTaps()  function.
outTaps Pointer to the array haing copes of the tap coefficients
for thensp?LmsGetTaps() function.
statePtr Pointer to theNSPLmsState structure.
Description

Thensp?LmsGetTaps() andnsp?LmsSetTaps() functionsget and set
the taps of an LMS adaptive filter. Thata type of the foction used here
must match the data type for the taps used during initialization.

Previous Tasks: Before callingeithernsp?LmsGetTaps() or
nsp?LmsSetTaps() , you must initialize the state structuePLmsState
pointed to bystatePtr by calling eithemsp?LmsInit() or
nsp?LmslnitMr() . You must also specify the tap lengthsLen and
the tapsh(0)...h(tapsLen -1).
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nsp?LmsGetTaps(). Thensp?LmsGetTaps() function copieshe tap
coefficients fromstatePtr  to thetapsLen length arrayutTaps/n]
unpermuting them if required so thattTaps/n] =h(n) .

nsp?LmsSetTaps(). Thensp?LmsSetTaps()  function copies the
tapsLen tap coefficients from theTaps/n] array intostatePtr
permuting them if required so that) =inTaps/n]

Related Topics

LmsIGetTaps Gets the filter coefficient (taps) values for a low-level
LMS adaptive filter (sepage 8-4p.

LmsISetTaps Sets the filter coefficient (taps) values for a low-level
LMS adaptive filter (sepage 8-4p.

Lmslinit Initializes a lov-level, single-rate LMS filter
(seepage 8-3Y.

LmslinitMr Initializes a lov-level, multi-rate LMS filter
(seepage 8-3Y.

LmsGetDlyl, LmsSetDlyl

Gets and sets the delay line contents of

an LMS filter.
void nspsLmsGetDlyl(const NSPLmsState * statePtr , float * outDlyl );
void nspsLmsSetDlyl(const float * inDlyl , NSPLmsState *  statePtr );

I* real values; single precision */
void nspcLmsGetDlyl(const NSPLmsState * statePtr , SCplx*  outDlyl );
void nspcLmsSetDlyl(const SCplx * inDlyl , NSPLmsState *  statePtr );

[* complex values; single precision */
void nspdLmsGetDlyl(const NSPLmsState * statePtr , double * outDlyl );
void nspdLmsSetDlyl(const double * inDIlyl , NSPLmsState *  statePtr ),

* real values; double precision */

void nspzLmsGetDlyl(const NSPLmsState * statePtr , DCplx*  outDlyl );
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void nspzLmsSetDlyl(const DCplx * inDlyl , NSPLmsState *  statePtr );
/* complex values; double precision */

inDlyl Pointer to the array holding copies of the delay line
values for thensp?LmsSetDlyl() function.

outDly! Pointer to the array holding copies of the delay line
values for thensp?LmsGetDlyl() ~ function.

StatePtr Pointer to thenSPLmsState structure.

Description

Thensp?LmsGetDlyl)  andnsp?LmsSetDlyl() functionsget and set

the delay line of an adaptive LMS filter. The data type of the function used

here must match the data tyfpe the delay line useduding intialization.

Previous Tasks: Before callingeithernsp?LmsGetDlyl() or
nsp?LmsSetDlyl()  , you must initialize the state structuePLmsState
pointed to bystatePtr by calling eithemsp?LmsInit() or
nsp?LmslnitMr() . You must also specify the tap lengthsLen and
the delay line values. For singlate filters, the delay line values are
denaed asx(n - tapsien - erDly + 1)..x(n - 1);for multi-rate
filters they are dested as«(n - tapsLen - erDly - downFactor +
1)..xn - 1).

nsp?LmsGetDIyl(). Thensp?LmsGetDlyl() functiontakes the delay
line values instatePtr  and stores them into thepsLen lengtharray
outDlylln] . Thensp?LmsGetDlyl()  function unpermutes the delay
line values if necessary so thatDly/[k] =x(n - k- 1),wherex(n - 1)
is the last filtered sample. For single-rate filtensDlyi/n] must be
tapsLen + errDly - 1 long; for multi-rate filters it must be

tapsLen + errDly + downFactor -1 long.

nsp?LmsSetDlyl(). Thensp?LmsSetDlyl() functionpermutes the
values in the arrayiDlyi[n] and stores them intgatePtr . For
single-rate filtersjnDlyi[n] must betapsLen +errDly - 1 long; for
multi-rate filters it must beapsLen + errDly + downFactor - 1 long. If
inDIlyl  is NULL, the delay line is initialized to all zeros.
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Related Topics
LmsIGetDlyl

LmsISetDlyl
Lmslinit

LmslinitMr

Gets the delay line values for a low-level LMS filter
(seepage 8-4.

Sets the delay line values for a low-level LKilgr
(seepage 8-4).

Initializes a lov-level, single-rate LMS filter
(seepage 8-3Y.

Initializes a lov-level, multi-rate LMS filter
(seepage 8-3Y.

LmsGetStep, LmsSetStep, LmsGetlLeak,

LmsSetLeak

Gets and sets the leak and st&fues of

an LMS filter.

float nspsLmsGetStep(const NSPLmsState * statePtr );

void nspsLmsSetStep(float

step , NSPLmsState *  statePtr );

* real values; single precision */

float nspsLmsGetlLeak(const NSPLmsState * statePtr );

void nspsLmsSetL eak(float

leak , NSPLmsState *  statePtr );

* real values; single precision */

leak

statePtr
step

How much the tap valueteak” towards0.0 on ech
iteration. The value must be between 0.0 and 1.0.

Pointer to the\SPLmsState structure.

The convergencstep size. fis value must bbetween
0.0 and 1.0.
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Description

ThenspsLmsGetLeak() andnspsLmsSetLeak() functions allow your
application to get anskt theleak parameter of an LMS filter described by
StatePtr

ThenspsLmsGetStep()  andnspsLmsSetStep()  functions allow your
application to get ansketthestep parameters of an LMS filter described by
StatePtr

These factions can be used for filters of any tygdece only
single-precisiorstep andl/eak parameters are supported.

Application Notes: On most platforms, thespsLmsGetlLeak()
nspsLmsSetLeak() ,nspsLmsGetStep() , andnspsLmsSetStep()
functions are implemented by calling the corresponding low-levetiturs
nspsLmslGetLeak() , nspsLmslSetLeak() , nspsLmslGetStep() ,
andnspsLms|SetStep()

Related Topics

LmslGetlL eak Gets theeak parameter for a low-level LM&daptive
filter (seepage 8-4).

LmslGetStep Gets thestep parameter for a low-level LM&daptive
filter (seepage 8-4).

LmslISetlL eak Sets théeak parameter for eolv-level LMS adaptive
filter (seepage 8-4).

LmslSetStep Sets thestep parameter for eolv-level LMS adaptive
filter (seepage 8-4).
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LmsDes, bLmsDes

Filters samples through an LMS filter
using adesired-output signal for
adaptation istead of an error signal.

float nspsLmsDes(NSPLmsState * statePtr , float samp, float des);
void nspsbLmsDes(NSPLmsState * statePtr , constfloat * inSamps ,
const float * desSamps, float * outSamps , int numiters );

[* real input, real desired signal; single precision */

SCplx nspcLmsDes(NSPLmsState * statePtr , SCplx  samp, SCplx  des);
void nspcbLmsDes(NSPLmsState * statePtr , const SCplx * inSamps ,
const SCplx * desSamps, SCplx *  outSamps , int numliters ),
/* complex input, complex desired signal; single precision */

SCplx nspscLmsDes(NSPLmsState * statePtr , float samp, SCplx  des);
void nspscbLmsDes(NSPLmsState * statePtr , const float * inSamps ,
const SCplx * desSamps, SCplx *  outSamps , int numiters );
* real input, complex desired signal; single precision */

double nspdLmsDes(NSPLmsState * statePtr , double samp, double des);
void nspdbLmsDes(NSPLms State * statePtr , constdouble * inSamps ,
const double * desSamps, double *  outSamps, int numlters ),
[* real input, real desired signal; double precision */

DCplx nspzLmsDes(NSPLmsState * statePtr ,DCplx  samp, DCplx  des);
void nspzbL msDes(NSPLmsState * statePtr , constDCplx * inSamps ,
const DCplx * desSamps, DCplx *  outSamps , int numiters );
* complex input, complex desired signal; double precision */

DCplx nspdzLmsDes(NSPLmsState * statePtr , double samp, DCplx  des);
void nspdzbLmsDes(NSPLmsState * statePtr , const double * inSamps ,
const DCplx * desSamps, DCplx *  outSamps , int numliters ),
[* real input, complex desired signal; double precision */

des A single sample of the desired signal.
desSamps Pointer to the array containing sampleshef desired
signal.
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inSamps Pointer to the array containing samples of the input
signal. For anulti-rate filter, the length of the array
inSamps iswmiters * downFactor .

numiters The length of the arraysSamps , desSamps, and
outSamps for a single-rate filter.

outSamps Pointer to the array containing samples of the output
signal.

samp A single sample of the input signal.

statePtr Pointer to theNSPLmsState structure.

Description

Thensp?LmsDes() andnsp?bLmsDes() functions grform LMS
adaptation and filtering. They also compute the error sighal from the
desired signati(n) . This is different from the functiomsp?Lms() and
nsp?bLms() which assume the presence of a pre-computed erra@il.sign

The low-level LMS filtering functions first perform adaptation using the
input argumentrr and then perform one iteration of filtering. The
high-level functionsisp?LmsDes() andnsp?bLmsDes() use the desired
signald(n) after each iteration diltering and compute the error value for
the next filter adaptation. The computed error is stored iarthve/ field

in statePtr

Many combinations of input(n) ) types and filter coefficient typese
possible. Real or complex input can be mixed with real or complex sample
signals.This is indicated by the, c, sc, d, z, anddz, type codes following
thensp prefix in the function names abm

§ NOTE. The complex input, real signal sample types ¢d), are
not provided. In contrast, theal input, complex signal sample types

(sc, dz), are provided.
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Previous Tasks: Before usingisp?LmsDes() ornsp?bLmsDes() , you
must initializestatePtr by calling ethernsp?Lmsinit() or
nsp?LmsInitMr()

nsp?LmsDes().  Thensp?LmsDes() functionfilters a sample through a
single-rate filter. The input samptempis x(n) , the desired signal sample
des is d(n) and the resulg(n) isreturned. Since adaptation is performed
before the filter convolution, the error value for adaptatiorbiainedirom
theerrval field of statePtr . Thensp?LmsDes() functionuses the
desired sighal sampl&es to compute the error valugn) for the next
adaptation and to dpteerrval

nsp?bLmsDes().  The functiomsp?bLmsDes() filters a block of

samples through a single-rate or multi-rate filter. For a single-rate filter, the
numiters length arraysnSamps[n] anddesSamps[n] contain amples

of the input signak(n) and the desired signain) respectiely. The

numiters —output samples are rehed inoutSamps[n] . The result is the
same aswmiters consecutive calls tasp?LmsDes() .

For a multi-rate filter, theumiters * downFactor lengtharray
inSamps[n]  contains sanlps ofx(n) and thenumiters length array
desSamps[n] contains samples ofn) . Thenumiters output samples
are returned imutSamps[n]

As withnsp?LmsDes() , the error value for the first adaptation of the
sample block is taken from therval field of statepPtr . Theerrval

field is updated using the last output sample and the last desired signal
sample before the figtion ejts.

NOTE. Thensp?LmsDes() andnsp?bLmsDes() functionsare
different fromnsp?Lms() andnsp?bLms() . Sincensp?Lms() and
nsp?bLms() do not updaterrval , itis up to the application to check
or updateerrval (usingnsp?LmsGetErrVal() or
nsp?LmsSetErrVval() ) when switching from one mode to the other.

Example 8-@llustrates the use of the single-rate filtenmigh the
nsp?LmsDes() function, and=xample 8-7llustrates the use of the LMS
filtering using nsp?Lms() antsp?LmsDes() functions.
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Example 8-6 Single-Rate Fil tering with the n sp?LmsD es() Function

/~k

* standard single-rate

* filtering

*

NSPLmsState ImsSt;

double taps[32];

int i;

double xval, yval, dval;

[* insert code here to initialize taps */
nspdLmslnit(NSP_LmsDefault, taps, 32, NULL, 0.01, 0.0, 1, &msSt);
for (i=0; i<2000; i++) {
xval =/* insert code here to get next value of x(n) */;
dval =/* insert code here to get next value of d(n) */,
yval = nspdLmsDes(&tapSt, xval, dval);
}

Example 8-7 LMS Filtering Using nsp?Lms() and nsp?LmsD  es()

/*
* LMS filtering using both
* nsp?Lms() and nsp?LmsDes() */

*/

NSPLmsState ImsSt;

double taps[32];

int i;

double xval, yval, dval, eval=0.0;

[* insert code here to initialize taps */

}

continued [J
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Example 8-7 LMS Filtering Using nsp?Lms() and nsp?LmsD  es() (continued)

nspdLmslInit(NSP_LmsDefault, taps, 32, NULL, 0.01, 0.0, 1, &msSt);
for (j=0;j<10; j++) {
for (i=0; i<2000; i++) {
xval = /* insert code to get next value of x(n) */
yval = nspdLms(&tapSt, xval, eval);
dval = /* insert code to get next value of d(n) */,
eval = dval - yval,
}
nspdLmsSetErrVal(eval, &msSt);
for (i=0; i<2000; i++) {
xval = [* insert code to get next value of x(n) */,
dval = /* insert code to get next value of d(n) */,
yval = nspdLmsDes(&tapSt, xval, dval);

}
eval = nspdLmsGetErrVal(&msSt);

Related Topics

LmsInit Initializes a sigle-rate adaptive LMS filter
(seepage 8-6Y).
LmsInitMr Initializes a mul-rate adaptive LMS filter

(seepage 8-6Y).

LmsGetErrVal, LmsSetErrVal

Gets and sets the error signal of an LMS
adaptive filter if computed from the
desired signal by the Intel Signal
Processing Library ibrary.

float nspsLmsGetErrVal(const NSPLmsState * statePtr );

void nspsLmsSetErrVal(float err ,NSPLmsState *  statePtr ),
[* real input; single precision */
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SCplx nspcLmsGetErrVal(const NSPLmsState * statePtr );
void nspcLmsSetErrVal(SCplx err ,NSPLmsState *  statePtr ),
[* complex input; single precision */
double nspdLmsGetErVal(const NSPLmsState * statePtr );
void nspdLmsSetErrVal(double err , NSPLmsState*  statePtr ),
* real input; double precision */
DCplx nspzLmsGetErrVal(const NSPLmsState * statePtr );
void nspzLmsSetErrVal(DCplx err ,NSPLmsState *  statePtr ),
[* complex input; double precision */
err The error signasample.
statePtr Pointer to theNSPLmsState structure.
Description

Thensp?LmsGetErnVal  andnsp?LmsSetErnvVal  functions allow the
application to get and set the error valeie\{(a/ ) used bynsp?LmsDes()
andnsp?bLmsDes() . The data type of the function used here mustim
the data type of the filter output. For more informatioreoia/ , see
“LmsInit” in page 8-6Zor nsp?LmsInit() and “LmsDes” inpage 8-75
for nsp?LmsDes() .

Previous Tasks: The filter statestatePtr  must have been previously
initialized bynsp?LmsInit() or nsp?LmsInitMr()

nsp?LmsGetErrval(). Thensp?LmsGetErrVal() function retuns the
value oferrval which is sbred instatePtr

E NOTE. The error value érrval ) field is iritialized to zero when
statePtr is initidlized. Thuspsp?LmsGetErrval() will return zero
if ervVal has not been set withp?LmsSetErrval() , or if a new

errvVal  has not been computed lyp?LmsDes() or nsp?bLmsDes()

nsp?LmsSetErrval(). The functiomsp?LmsSetErrVal() copies the
error signal samplerr into errVal in statePtr
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Related Topics

LmsInit Initializes a sigle-rate adaptive LMS filter
(seepage 8-6Y.
LmsInitMr Initializes a mul-rate adaptive LMS filter

(seepage 8-6Y.

Low-Level IIR Filter Functions

The functions described in this section initialize a low-level, itafin
impulse response (lIR) filter.

To initialize and use a low-level IR filter, follothis geneal scheme:

4 1. Call eithemsp?lirlinit() to initialize the filter as an arbitrary
order IIR filter or callnsp?lirlInitBq() to initializethe filter as a
cascade of bigpds.

2. Callnsp?lirInitDlyl() to initialize a delay line for theR filter.

3. Call thensp?lirl() function tdfilter a single sample through a
low-level IIR filter and/or calhsp?blirl() to filter a block of
consecutive sangs through a low-level IIR filter.

Figure 8-5 illustrates the order of use of the low-level IIR filterctions.

Figure 8-5 Order of Use of the Low-Level IIR Functions

lirllnit lirl
or | | lifMitDIyl | g or
lirlinitBq blirl
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lirlinit, lirlinitBg, lirlinitDlyl

Initializes a low-levelrifinite impulse
response filter.

void nspslirlinit(NSPlirType iirType , float * faps ,int order ,

NSPlirTapState * tapStPtr ),

void nspslirlInitBg(NSPlirType iirType , float* faps , int numQuads,

NSPlirTapState * tapStPtr ),

void nspslirlinitDlyl(const NSPlirTapState * tapStPtr , float *
NSPIlirDlyState * dlyStPtr ),
* real values; single precision */

void nspclirlinit(NSPlirType iirType ,SCplx* taps ,int order ,

NSPlirTapState * tapStPtr );

void nspclirlnitBg(NSPlirType lirtfype ,SCplx* taps ,int numQuads,

NSPlirTapState * tapStPtr );

void nspclirlInitDlyl(const NSPlirTapState * tapStPtr , SCplx *
NSPIirDlyState * dlyStpPtr ),
[* complex values; single precision */

void nspdlirlInit(NSP1irType iirType , double * taps , int order ,

NSPlirTapState * tapStPtr ),
void nspdlifInitBq(NSPlirType iirTfype ,double*  taps ,int
NSPlirTapState * tapStPtr ),

void nspdlirlInitDlyl(const NSPlirTapState * tapStPtr , double *

NSPIlirDlyState * dlyStPtr ),
* real values; double precision */

void nspzlirlinit(NSPlirType iirType ,DCplx* taps ,int order
NSPlirTapState * tapStPtr );

void nspzlirlInitBg(NSPlirType iirTfype ,DCplx* taps ,int
NSPIlirTapState * tapStPtr ),

void nspzlirlinitDlyl(const NSPlirTapState * tapStPtr , DCplx *

NSPIlirDlyState * dlyStPtr ),
/* complex values; double precision */
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void nspwlirlInit(NSPlirType iirType , short * taps ,int order ,
NSPlirTapState * tapStPtr ),

void nspwlirl InitBq(NSPlirType iirType , short* faps , int numQuads,
NSPlirTapState * tapStPtr ),

void nspwilirlInitDlyl(const NSPlirTapState * tapStPtr , short * dlyl

NSPIlirDlyState * dlyStPtr ),
* real values; short integer */

dlyl Painter to the array gtog thedelay line values. The
dlyl argument is used by thep?lirlInitDlyl()
function.

dlyStPtr Pointer to theNSPIirDlyState structure.

iirType Specifies the filter structure to use with the filter
desciption given. Thevalue foriirType  must
currently beNSP_lirDefault . This argument is used
by thensp2lirlinit() andnsp?lirlInitBg()
functions.

numQuads The number of @scades of bigads (second-order IIR
sectims). ThenumQuads argument is used by the
nsp?lirlinitBq() function.

order The order of the IIR filter. This argument is used by the
nsp?lirlinit() function.

taps Pointer to the array of filter coefficients used by the
nsp?lirlinit() andnsp?lirlInitBq() functions.

tap StPtr Pointer to theNSPlirTapState  structure.

Discussion

Thensp?lirlinit() , nsp?lirlinitBq() , and

nsp?lirlInitDlyl() functions infialize a low-level IIR filter. The

choice ofnsp?lirlinit() or nsp?lirlInitBg() selects whether the

filter is described as an arbitrary-order IIR filter or as a cascade @fdsiqu

nsp ?lirlInit() . Thensp?lirInit() function initializestap StPtr

to describe a low-level lIR filter of orderder . The argumenirType
selects the filtestructure to use with the filter desdrgn given. The filter
structure is the organization of delay elements, gi@iments, and aérs
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that make up the filter (common filter structuegs, for example, “direct
form 1,” “direct form 2,” and so on). Mile structures can implement the
same filter, but the contents of the delay line will have different meaning
depending otthe stucture you choose to use. Both theich of
initialization function and thealue ofiirType  combine to select the
desired filter implementation. The valueiofype must currently be set
to NSP_lirDefault ~ , meaning that the library feee to use wichever

filter structure is most natural.

The arraytaps/n]  describes a filtewith the folbwing transfer function:

H(Z):foo ,N = order +1

Thus, there are 2(der + 1) elements in the arrayps/N] . The value of
taps/N] must not be 0.0, and is generally 1.0. If the valuemf/n] is
not equal to 1.0, the initialization function (that is, eitlh@r?lirlinit()

or nsp?lirlinitBq () ) will typically normalize the taps so that it is 1.0.

nsp?lirlInitBg() . Thensp2lirlinitBq() function intializes
tapStPtr  to reference aascade of bigads (secondrderlIR sections).
The filter type argumenfrType describes the filtestructure to use. As
described above, this must currentlyNs& _lirDefault . The array
taps[n]  describes a set of filters as follows:

_ taps [6x] +0] +taps [6xi +1] Dz_1+taps [6xi +2] 2
taps [6x] +3]+taps [6x] +4] Dz_1+taps [6xi +5] 2

numQuads-1

HA= [1 HE@

i=0

H(2)

Note thattaps [6 x i + 3] must not be 0.0, and is generally 1.0. Most
implementations normalize the taps so that [6 x i + 0] and
taps [6 x i + 3] are 1.0; this redpes a separate gain term.
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nsp?lirlInitDlyl() . Thensp?lirlinitDlyl() function initializes
dlysStPtr - to reference a delay line for an IR filter. For the arbitrary-order
IIR filter, dly/ containsorder elements, and for the biquad IIR filter,

dlyl must contain 2 numQuadselements. For

iirType = NSP_lirDefault ~ , the delay line is set to all zeros. The data
type of the delay line initialization must match the data type of the filter
output.

Do not dealloate or overwrite the arraysps/n] anddlyl[n]  during the
life of the filter. Your appliation must not directly acceisese arrays
because thasp?lirlinit() , nsp2lirlinitBq() and

nsp?lirlInitDlyl() functions can permute their contents in an
implementation-dependent way.

Application Notes:  Thensp?lirlInit() and

nsp?lirflInitBq() functionscan use any filter structure to implement the
transfer function. Foefficiency, the implemetation can permute the taps
and delay line. Most filter structures requiralgag the transfer functions
such that the leading term of the denominator is 1.0; thisdsalowable.

The filter structureNSP_lirDefault is implemetation-dependent and
might or might not permute and/or normalize the taps and delay line.

Related Topics

blirl Filters a block of samples throughoav-level IIR filter
(seepage 8-8h
lirl Filters a sigle sample through a low-level IIR filter

(seepage 8-8h

lirl, blirl

Filters a signal through a low-level IIR
filter.

float nspslirl(const NSPIlirTapState * tapStPtr
NSPlirDlyState * dlyStPtr , float samp);
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void nspsblirl(iconst NSPlirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , const float * inSamps ,
float*  outSamps , int numiters );
[* real input, real taps; single precision */

SCplx nspclirl(const NSPIlirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , SCplx  samp);
void nspchlirl(const NSPlirTapState * tapStPtr

NSPIlirDlyState * dlyStPtr , const SCplx * inSamps ,
SCplx * outSamps , int numiters );
[* complex input, complex taps; single precision */

SCplx nspsclirl(const NSPIirTapState * tapStPtr
NSPlirDlyState * dlystptr , float samp),

void nspscblirl(const NSPIirTap State * tapStPtr
NSPIlirDlyState * dlyStPtr , const float * inSamps ,

SCplx * outSamps , int numiters );
[* real input, complex taps; single precision */

SCplx nspcslirl(const NSPIirTap State * tapStPtr
NSPIlirDlyState * dlyStPtr , SCplx  samp);
void nspcsblirl(const NSPIirTap State * tapStPtr

NSPIlirDlyState * dlyStPtr , const SCplx * inSamps ,
SCplx * outSamps , int numiters );
/* complex input, real taps; single precision */

double nspdlirl(const NSPIirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , double samp);

void nspdblirl(const NSPIirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , const double * inSamps ,

double *  outSamps , int numlters );
* real input, real taps; double precision */

DCplx* nspzlirl(const NSPIirTap State * tapStPtr
NSPIlirDlyState * dlyStPtr , DCplx  samp);
void nspzblirl(const NSPlirTapState * tapStPtr

NSPlirDlyState * dlyStPtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters );
[* complex input, complex taps; double precision */

DCplx nspdzlirl(const NSPIirTap State * tapStPtr
NSPIlirDlyState * dlyStPtr , double samp);
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void nspdzblirl(const NSPIirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , const double * inSamps ,
DCplx * outSamps , int numiters ),
[* real input, complex taps; double precision */

DCplx nspzdlirl(const NSPIirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , DCplx  samp);
void nspzdblirl(const NSPIirTap State * tapStPtr

NSPIlirDlyState * dlyStPtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters );
[* complex input, real taps; double precision */

short nspwlirl(const NSPlirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , short samp, int ScaleMode,
int *ScaleFactor );

void nspwblirl(const NSPlirTapState * tapStPtr
NSPIlirDlyState * dlyStPtr , const short * inSamps ,
short* outSamps , int numiters, int ScaleMode,

int *ScaleFactor );
[* real input, real taps; short integer */

dly StPtr Pointer to theNSPIirDlyState structure.

inSamps Pointer to the array containing the input samples for the
nsp?blirl() function.

numiters The number of samples to be filtered by the
nsp?blirl() function.

outSamps Pointer to the array containing the output sk for
thensp?blirl() function.

samp The input sample for thesp?blirl() function.

tap StPtr Pointer to theNSPIirTapState  structure.

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Discussion

Thensp2lirl() andnsp?blirl() functionsfilter samples through a

low-level lIR filter. The different types of fetionscorrespond to different
combinations of real/complex taps and input samples. The data type of the
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delay line must match the data type of the filter output. The data tgps co
following thensp prefix in the function naes andhe real/complex
combinations are described in Table 8-6.

Table 8-6 Delay Line and Output Data Types for nsp?lirl() and nsp?blirl()

Functions

Type Input Filter Coefficient Delay Line Output

Code Type Type Type Type

s float float float float

c SCplx SCplx SCplx SCplx

sc float SCplx SCplx SCplx

cs SCplx float SCplx SCplx

d double double double double

z DCplx DCplx DCplx DCplx

dz double DCplx DCplx DCplx

zd DCplx double DCplx DCplx
Previous Tasks: Before using eéhernsp?lirl() or nsp?blirl() ,
you must initialize the structure paed to bytapStPtr by calling either
nsp?lirlInit() or nsp?lirlinitBg() . You must also initializ¢éhe
structure pointed to byiyStPtr by callingnsp?lirlinitDIlyl()
nsp?lirl() . Thensp?lirl() functionfilters a single sampleamp/n]

through adw-level IIR filter and returns the result.

nsp?blirl() . Thensp?blirl() functionfilters a ock of numiters
samples in the arraySamps/n] through a la-level IIR filter andreturns
the result in the arrayutSamps/n]

Example 8-8 illustrates the use of the low-level lIRctions in filtering a
signal sample.
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Example 8-8 Using the Low-Level IR Functions to Fil  ter a Sample

[* filter a single sample through an IIR filter */
NSPlirTapState tapSt;

NSPIlirDlyState dlySt;

double
double
int

double

taps[6] ={ 1.0, -2.0,1.0,1.0,-1.732, 1.0}
diyl[2];

i
xval, yval, inSamps[2000], outSamps[2000];

nspdlirlInitBq(NSP_lirDefault, taps, 1, &tapSt);
nspdlirlInitDIyl (&tap St, dlyl, &dlySt);
for (i=0;i < 2000; i++) {

xval = /*insert code here to get the

* next value of x
*/-

yval = nspdlirl(&tapSt, &dlySt, xval);
[* yval has the output sample */

}
Example 8-9 illustrates the use of the low-level [IRctions in filtering a
block of samples.

Example 8-9 Using the Low-Level IIR Functions to Fil  ter a Block of Samples

[* standard block filtering */
nspdlirlnit(NSP_lirDefault, taps, 2, &tapSt);
nspdlirlinitDIyl (&tap St, dlyl, &dlySt);

/* Insert code here to get values of inSamps][] */

nspdblirl(&tapSt, &dlySt, inSamps, outSamps, 2000);

Application Notes:  Call thensp?lirl() function to invokeeither the
arbitrary-order IIR filter §sp?lirlInit() ) or the biquad cascade
structure §sp?lirlinitBq/() ).
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Related Topics

lirlinit Initializes a lov-level IIR filter. This function describes
the filter as an arbitrargrderlIR filter (seepage 8-8}.

lirlinitBq Initializes a lav-level IIR filter. This function describes
the filter as a cascade of biquads (second-order IIR
sections, sepage 8-8).

lirlinitDly| Initializesthe delay line catents for a low-levellR
filter (seepage 8-8).

IR Filter Functions

4

The functions described in this section initialize an infinite impulse
response (lIR) filter anderform the filtering function. Thegre intended
for cyclic processing.

These factions provide a higher-leveltarface han the corresponding
low-level IIR functions(see “lirl” in page 8-8%or a descripon of

nsp?lirl() ). In particular, hey bunlle the taps and delaypé into a

single state. Also, the IIR filter functions dynially allocate memory for

the taps and delay line; thus the arrays storing the taps and delay line values
are not accessed after initialization and need not exist while the filter exists.

To initialize and use an IIR filter, follow this general scheme:

1. Callnsp?lirinit() to initializethe filter as an arbitrary order IIR
filter, or callnsp?lirinitBq() to initializethe filter as acas@de of
biquads.

2. Callnsp?lir() to filter a single sample through an IIR filter or call
nsp?lir() repeatedly to filter consecutive samples one at a time. You
can also calhsp?blir() repeatedly to filter consecutive blocks of
samples through an IIR filter.

3. Atfter all filtering is complete, callsplirFree() to release dynamic
memory associated with the filter.

Real and complex filter coefficients can be mixed with real and complex
input (that is, all four combinations are allowablélowever, filter
coefficients and input of different precision must not beedixIt is the
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Figure 8-6

application’s resposibility to call the correct function for the given type
combination. This is not checked at compile time nor is itired to be

checked at run-time.
Figure 8-6 illustrates the order of use of the IIR filterchions.

Order of Use of the IIR Functions

lirlnit lir
or I or | lirfFree
lirlnitBq blir

lirinit, lirinitBq, lirFree

Initializes an infinite impulse response

int

filter.

void nspslirlnit(NSPIirType iirType , constfloat * tapVals
int  order , NSPlirState * StatePtr ),

void nspslirlnitBq(NSPIirType iirType , const float * tapVals
int  numQuads, NSPIirState * statePtr );
[* real input, real taps; single precision */

void nspclirlnit(NSPlirType iirType , const SCplx * tapVals
int  order , NSPIlirState * statePtr ),

void nspclirlnitBg(NSPIirType iirType , const SCplx * tapVals
int  numQuads, NSPlirState * statePtr );
* complex input, complex taps; single precision */

void nspsclirlnit(NSPlirType iirType , const SCplx * tapVals ,

order , NSPIlirState * statePtr ),

’
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void nspsclirinitBg(NSPlirType iirType , constSCplx * tapVals
int  numQuads, NSPlirState * statePtr );
* real input, complex taps; single precision */

void nspcslirlnit(NSPlirType iirType , const float * tapVals
int  order , NSPlirState * statePtr ),
void nspcslirnitBg(NSPlirType iirType , constfloat * tapVvals

int  numQuads, NSPlirState * statePtr );
[* complex input, real taps; single precision */

void nspdlirlnit(NSPlirType iirType , constdouble * tapVals ,
int  order , NSPIlirState * statePtr ),
void nspdlirlnitBg(NSPIirType iirType , const double * tapVals

int  numQuads, NSPIirState * statePtr );
[* real input, real taps; double precision */

void nspzlirlnit(NSPlirType iirType , const DCplx * tapVals
int  order , NSPIlirState * statePtr ),
void nspzlirlnitBg(NSPIirType iirType , const DCplx * tapVals

int  numQuads, NSPlirState * statePtr );
[* complex input, complex taps; double precision */

void nspdzlirlnit(NSPlirType iirType , const DCplx * tapVvals ,
int  order , NSPlirState * statePtr ),
void nspdzlirinitBq(NSPlirType iirType , const DCplx * tapVals

int  numQuads, NSPIirState * statePtr );
[* real input, complex taps; double precision */

void nspzdlirinit(NSPIirType iirType , const double * tapVals
int  order , NSPIlirState * statePtr ),
void nspzdlirinitBq(NSPIirType iirType , constdouble * tapVals ,

int  numQuads, NSPlirState * statePtr );
/* complex input, real taps; double precision */

void nsplirFree(NSPIlirState * statePtr );

void nspwilirlnit(NSPIlirType iirType , constshort * tapVals
int order , NSPlirState * statePtr ),

void nspwlirlnitBq(NSPIirType iirType , const short* tapVals

int  numQuads, NSPlirState * statePtr );
* real input, real taps; short integer */
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Table 8-7

iirType Specifies the filter structure to use with the filter
desciption given. Thevalue foriirType  must
currently beNSP_lirDefault . This argument is used
by thensp?lirinit() andnsp?lirinitBq()
functions.

numQuads The number of @scades of bigads (second-order IIR
sectims). ThenumQuads argument is used by the
nsp?lirinitBq() function.

order The order of the IIR filter. This argument is used by the
nsp?lirinit() function.

StatePtr Pointer to thenSPIirState  structure.

tapVals Pointer to the array which stores the filter coefficients.

Description

Thensp?lirinit() andnsp?lirinitBq() functions initialize an

infinite impulse response filter. They aréeimdedfor cyclic processing.
ThensplirFree() function frees dynamic memory associated with an
infinite impulse response filter.

Many combinations ofeal and complex input andtél coefficients are
possible. This is indicated by thec, sc, cs, d, z, dz, andzd type codes
following thensp prefix in the function naes above. For both die
functions,nsp?lirinit() andnsp?lirinitBq() , the allowed
combinations of real and complex input and filter coefficients arerities!
in Table 8-7.

Input and Filter Coefficient C ombinations for nsp?lirinit() and
nsp?lirinitBq() Functions

Type Input Filter Coefficient Output
Codes Type Type Type
S float float float
c SCplx SCplx SCplx
sc float SCplx SCplx
cs SCplx float SCplx
continued [J
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Table 8-7 Input and Filter Coefficient C ombinations for nsp?lirinit() and
nsp?lirinitBq() Functions (continued)
Type Input Filter Coefficient Output
Codes Type Type Type
d double double double
z DCplx DCplx DCplx
dz double DCplx DCplx
zd DCplx double DCplx
nsp ?lirlnit() . Thensp?lirinit() function initializes an arbitrary

order IIR filter. TheargumentirType selects the filter structure to use
with the filter description given. The filter structure is the organization of
delay elements, gaglements, and aeérs that make up the filter (common
filter structures are, for example, “direct form 1,” “direct form 2,” and so
on). Multiple structures can implement the same filter, but theeras of
the delay line will have different meaning depending orsthécture you
choose to use. Both the choice of initializationcliion and the value of
iirType  combine tcselect the desired filter implemiation. The value of
iirType  must currently be set taSP_lirDefault ~ , meaning that the
library isfree to use whichever filter structure is most natural.

The 2 * (order + 1) lengtharraytapVals/n]  specifies the filter
coefficients as discussed for the low-level IIRdtion nsp?lirlInit()

See “lirlinit” in page 8-91(for nsp?lirlinit() ) for more information on
how the filter coefficients are specified.

The delay line is initialized as i®p?lirlInitDlyl() . See
“lirlinitDIlyl” in  page 8-84for nsp~lirlnitDlyl() ) for more
information on how the delay line is initialized.

nsp?lirlnitBq (). The functiomsp?lirinitBg() initializes anIR
filter defined by acas@de of biquads. ThergumentirType describes
the filter structure to use. As described above, this must be
NSP_lirDefault . The 6 *numQuadslength arrayapValsfn]  specifies
the filter coefficients as describéar the low-level IR function
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nsp?lirlInitBq() . See “lirlinitBq” in page 8-9for
nsp?lirlInitBg() ) for more information on how the filter coefficients
are specified.

The delay line is initialized in the same way as for the low-level IIR

functionnsp?lirlInitDIy() . See “lirlinitDIyl" in page 8-84for
nsp?lirlInitDIyl () ) for more information on how the delay line is
initialized.

nsplirFree(). ThensplirFree() functionfrees all dynamic memory
associatedith afilter created byisp?lirinit() ornsp?lirinitBq()

You should calhsplirFree() after the appliation has finished filtering
with stateptr . After calling nsplirFree() , you should not reference

statePtr  again.

Application Notes: The contents ofiSPlirState s
implementation-dependent, but it does includesalirTapState

structure and aSPIirDlyState structure. In adtlon, it includes a
dynamically allocated array for the taps and the delay line. For more
information, see for the “Apjgation Notes” inpage 8-85or the “lirlinit”
and “lirlInitBg” sections (that is, for the low-level figtions

nsp?lirlInit() andnsp?lirlInitBg() ).

Related Topics

lirlinit Initializes a lav-level IIR filter. This function describes
the filter as an arbitrargrderlIR filter (seepage 8-8}.

lirlinitBq Initializes a lav-level IIR filter. This function describes
the filter as a cascade of biquads (second-order IIR
sections, sepage 8-8).
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lir, blir

Filters a signal through an IIR filter.

float nspslir(NSPIlirState * statePtr , float samp);
void nspsblir(NSPIlirState * statePtr , constfloat *
float*  outSamps , int numiters );

[* real input, real taps; single precision */

SCplx nspclir(NSPIirState * statePtr , SCplx  samp);
void nspchlir(NSPlirState * statePtr , const SCplx *
SCplx * outSamps , int numiters );

/* complex input, complex taps; single precision */

SCplx nspsclir(NSPlirState * statePtr , float samp);
void nspscblir(NSPlirState * statePtr , const float *
SCplx * outSamps , int numiters );

[* real input, complex taps; single precision */

SCplx nspcslir(NSPlirState * statePtr ,SCplx  samp);
void nspcsblir(NSPlirState * statePtr , const SCplx *
SCplx * outSamps , int numiters );

[* complex input, real taps; single precision */

double nspdlir(NSPlirState * statePtr ,double samp);

void nspdblir(NSPIlirState * statePtr , constdouble *
double *  outSamps , int numiters ),
[* real input, real taps; double precision */

DCplx nspzlir(NSPIirState * statePtr , DCplx  samp);
void nspzblir(NSPlirState * statePtr , const DCplx *
DCplx * outSamps , int numiters );

[* complex input, complex taps; double precision */

DCplx nspdzlir(NSPIirState * statePtr ,double samp);

void nspdzblir(NSPlirState * statePtr , const double *
DCplx * outSamps , int numiters );
/* real input, complex taps; double precision */
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DCplx nspzdlir(NSPlirState * statePtr ,DCplx  samp);

void nspzdblir(NSPlirState * statePtr , const DCplx * inSamps ,
DCplx * outSamps , int numiters );
/* complex input, real taps; double precision */

short nspwlir(NSPIirState * statePtr , short samp, int ScaleMode,
int *ScaleFactor );

void nspwblir(NSPIirState * statePtr , constshort * inSamps ,
short * outSamps , int numiters, int ScaleMode,

int *ScaleFactor );
[* real input, real taps; short integer */

inSamps Pointer to the array containing the input samples for the
nsp?blir() function.

numiters The number of samples to be filtered by the
nsp?blir() function.

outSamps Pointer to the array containing the output sk for
thensp?blir() function.

samp The input sample for thesp?blir() function.

statePtr Pointer to theNSPlirState  structure.

ScaleMode Refer to “Scaling Arguments” in Chapter.1

ScaleFactor

Description

Thensp?lir() andnsp?blir() functionsfilter samples through an IIR
filter. The different data types ofrfations correspond tdfterent

combinations of real/complex taps and delay line, as described by the table
undernsp?lirinit() . The data type of the function used here must
match the data type of the function used for initialization.

Previous Tasks: You mustnitialize theNSPIirState  structure pointed
to bystatePtr by calling ethernsp?lirinit() or
nsp?lirinitBq()

nsp2lir(). Thensp?lir() function filters a single samplamp
through arlIR filter and returns the result.
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8-98

nsp?blir() . Thensp?blir() functionfilters a block ofnumiters
samples in the arraySamps/n] through arIR filter and returns the
result in the arrayutSamps[n]

Example 8-10 illstrates usingsp?lirlnit() to initialize an
arbitrary-order IIR filter andhen usingisp?lir() to filter the samples.

Example 8-10 Arbitrary Order IR Filtering With the n sp?lirInit() and nsp?lir()

Functions
/*
* arbitrary order
* IR filtering
*

NSPlirState iirSt;
double taps[10], xval, yval;
int i;
[* insert code here to initialize taps */
nspdlirinit(NSP_lirDefault, taps, 4, &iirSt);
for (i=0;i<2000; i++) {
xval =/* insert code here to get the next value of x */;
yval = nspdlir(&iirSt, xval);
/* yval has the output sample */

}
Example 8-11 illatrates usingisp?lirinitBq() to initialize an lIR
filter as a cascade of biquads ahdn usingisp?lir() to filter the
samples.
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Example 8-11 Cascaded Biq uad Filtering With the nsp?li rInitBg() and nsp?lir()
Functions

/*
* cascaded biquad
* IR filtering
*
NSPlirState iirSt;
double taps[30], xval, yval;
int i;
/* insert code here to initialize taps */
nspdlirinitBq(NSP_lirDefault, taps, 5, &iirSt);
for (i=0;i<2000; i++) {
xval = /* insert code here to get the next value of x */;
yval = nspdlir(&iirSt, xval);
/* yval has the output sample */

}

Related Topics

blirl Filters a block of samples throughoav-level IIR filter
and returns the result (spege 3-8}

lirInit Initializes anlIR filter. This function describes the filter
as an arbitrarprderlIR filter (seepage 8-9).

lirinitBq Initializes anlR filter. This function describes the filter
as a cascade of bigds (second-order IIR sectiosee
page 8-9)

lirl Filters a sigle sample through a low-level IIR filter and
returns the resufseepage 8-8)h

8-99



Convolution Functions

This chapter describes the Intel Processing Librargtfans that perform

2 convolution operations. Convolution is goevation used toaline an

output signal from any linear time-invariant (LTI) processor in response to
any input signal [Lyn89].

The convolution opation is performed for one- and two-dimensional
signals.

One-Dimensional Convolu tion

The Intel Signal Processing Library providesiap?Conv() function to
perform finite linear conMation of two sequences for one-dingonal
signals.
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Conv

Performs finite,ihear convoltion of
two sequences.

void nspsConv(const float * X, int xLen, constfloat *
float *  y); /* real first signal, real second signal;
single precision */
void nspcConv(const SCplx * X, int xLen, const SCplx *
SCplx * y); /* complex first signal, complex second signal;
single precision */
void nspscConv(const float * X, int XxLen , const SCplx *
SCplx * y); /* real fist signal, complex second signal,
single precision */
void nspcsConv(const SCplx * X, int XxLen , const float *
SCplx * y); I* complex first signal, real second signal;
single precision */
void nspdConv(const double * X, int xLen , const double *
double * y); I*realfirst signal, real second signal;
double precision */

void nspzConv(const DCplx * X, int xLen, const DCplx *
DCplx * y); I* complex first signal, complex second signal;
double precision */

void nspdzConv(const double * X, int xLen, const DCplx *
DCplx * y); [* real first signal, complex second signal;
double precision */
void nspzdConv(const DCplx * X, int xLen , const double *
DCplx * y); ¥ complex first signal, real seconf signal;
double precision */
void nspwConv(const short * X, int xLen, constshort *
short* y, int ScaleMode, int *ScaleFactor );
* real first signal, real second signal; short integer */

h, int

h,int

h, int

h, int

h, int

h,int

h, int

h, int

h,int

h, x Pointers to the arrays to be cohweal.

hLen Number of samples in the array] .

xLen Number of samples in the array)] .

hLen,

hLen,

hLen,

hLen,

hLen,

hLen,

hLen,

hLen,

hLen
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y Pointer to the array which stores the result of the
convolution.

ScaleMode Refer to “Scaling Arggments” in Chapter.1

ScaleFactor

Discussion

The different types of thesp?Conv() function correspond tihe different
real/complex combinations of the inputrsads. This is indicated by the
c,sc,cs,d, z,dz, andzd type codes following thesp prefix in the
function names above. Theailed combinations of real and coey
signals are described in Table 9-1.

Table 9-1 Signal Types Combinations  for n sp?Conv() Function
Type First Signal Second Signal y(n) (or
Codes Type Type output) Type
S float float float
c SCplx SCplx SCplx
sc float SCplx SCplx
cs SCplx float SCplx
d double double double
z DCplx DCplx DCplx
dz double DCplx DCplx
zd DCplx double DCplx

§ NOTE. The data type of the function used here mustimthe data type

of the function used forsp?Fir()

ThenspscConv() andnspcsConv() functions and thespdzConv()
andnspzdConv() functions are essentiallygdtical and are siudedfor
convenience.
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Thensp?Conv() function performs single-rate convolution. Then-
length array is convolved with théiLen- length arrayh to produce an
xLen + hLen - 1 length array. The argment names, h, andy are
chosen to suggest FIR filtering. The result of the convolution is defined as
follows:
hLen-1

y[n] = z h[k] Ox[n —=k], O0<n<xLen +hLen -1

This finiteklehgth conviaition isrelated to ifinite-length by:

x[n] , 0<sn<xLen

x'(n) =
(m , otherwise

hiny = 0hln] , 0sn<hLen
(n) = B otherwise

y(n) =xm *h(n)

In the above equatis, x’(n) andh’(n) are the zerpadded
(infinite-length) versions of(n) andh(n) ; y'(n) is the infinite-length
output version of/(n) .

Theny'(n) is zero everywhere except over:
y[n] =yn) ,0<n<xLen +hLen -1

Example 9-1 shows the code for the contioh of twovectors using
nsp?Conv()

Example 9-1 Using nsp?C onv() to Convolve Two Vectors

/* convolve two vectors */
double x[32], h[16];
double y[47];/*32+16-1=47"%*/

[* insert code here to put data in x and h */

nspdconv(x, 32, h, 16, y);
I* y has the finite convolution of x and h */
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Two-Dimensional Convolution

For two-dimensional signals, the

two functions:nsp?Conv2D() andnsp?Filter2D()

Intel Signeddessing Library provides
. The functions are

basically identical for image processing except thapFilter2D()

stores the result of the corution i

nthe array that is the same as input

array, whilensp?Conv2D() stores the result of the convolution in a new

output array.

Conv2D

Performs finite,ihear convoltion of
two two-dimensional signals.

void nspsConv2D (float *x , int xCols ,int xRows, float *h,
int  hCols , int hRows, float *v);
* real values; single precision */

void nspdConv2D (double X, int xCols , int xXRows, double *h,
int hCols , int hRows, double V)
* real values; double precision */

void nspwConv2D (short *x, int xCols ,int XRows, short *h,
int hCols , int hRows, short *y, int  ScaleMode,
int *ScaleFactor );

* real values; short integer */

two-dimensional arrays to be coreal

array.

The array which stores the result of the controlu

Refer to “Scaling Arguments” in Chapter.1

h, x Pointers to the

hCols, hRows Dimensions of thesjn, m] array.
xCols, xRows Dimensions of the/n, m]

y

ScaleMode ,

ScaleFactor
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Discussion

Thensp?Conv2D() function performs a conWaion of two-dimensional
signals. ThecCols by xRows arrayx is convolved with theéCols by
hRows arrayh to produce amCols+hCols-1 by xRows+hRows-1 array
Y.

The result of the convolution is defined as follows:

hRows-1 hCols-1 )
yin ==y 3 G kD] mk)

K=o i<
0<sn<xCols +hCols =1, 0<sm<xRows+hRows-1

_x[n, M 0<sn<xCols, 0sm< xRows
x(n,m) = Ep otherwise

In the above expressiongy, m]  is a shorthand forn + nf xCols]
h[n, m] is a shorthantbr hfn + n¥hCols] ,andy/n, m] is a shorthand
for yjn + n¥ (xCols + hCols - 1)] .

This functiontreats consecutive array element addressesraohtally
adjacent samples (that is, they are in the same row), and elemeats that
distance ofcCols (or hCols ) apart as vertically adjacent (that is, tlaeg

in the same column) as shown in Figure 9-1.
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Figure 9-1 C onse cutive Array Element Ad dresses

- XCols _gp Memory Address
s .
* X Increasing
memory
xR OrVS addresses
\J x+xCols
Y
X+(2*xCols)
| |
Filter2D
Filters a wo-dimensional signal.
void nspsFilter2D (const float *x, int xCols ,int XRows,
const float *h, int hCols , int hRows, float *v);
* real values for line and taps; single precision */
void nspdFilter2D (const double *x , int xCols , int XRows,

const double *h, int hCols ,int hRows, double *v);
[* real values for line and taps; double precision */

void nspwFilter2D (const short *, int xCols ,int XRows,
const short *h, int hCols , int hRows, short ",
int ScaleMode, int *ScaleFactor );
[* real values for line and taps; short integer */

9-7



9 Intel Signal Processing Library Reference Manual

X Two-dimensional eray (input image) to belfered. The
size of the input image isCols by xRows andxCols
by xRows.

h Two-dimensionahrray of filter coefficients. The size of
the image iscCols by xRows andhCols by hRows.

y The array which stores the result of the filtering (output
image). The size of the input imagexiSols by xRows.

ScaleMode Refer to “Scaling Argaments” in Chapter.1

ScaleFactor

Discussion

Thensp?Filter2D() functionfilters two-dimensional signak using
coefficients in the array. It is intendedor image processing and is

identical to the functionsp?conv2D() , except that it returns an output
array that is the same as the input array. This prevents image dimensions
from being dfected by fitering.

The argumentsCols andxRows specify the width and height,
respectively, of the input imageand output image. The arguments
hCols andhRows specify the width and height, respectively, of the
coefficient matrixh.

The input and cefficients are convolved aslli@vs:

hCols hRows |O
L 3 J,m—k{—z JB

hCols—1 hRows-1

0
Anem=- % - 3 "Uk1xm—/ +
i k=0

0<sn<xCols, 0sm<xRows

ox[n, ni 0s<sn<xCols, 0sm< xRows
x(n, m) = " otherwise

In the above expressiongy, m]  is a shorthand for/n + nf xCols]
h[n, m] is a shorthantbr hfn + n¥hCols] ,andy/n, m] is a shorthand
for yjn + n¥ xCols]
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This functiontreats consecutive array element addressesraohtally
adjacent samples (that is, they are in the same row) lemd s that are a
distance of«Cols (or hCols ) apart as vertically adjacent (that is, tlaeg

in the same column) akiscussed fonsp?Conv2D .
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Library Information

This chapter describes a filionthat can be used taery the version

2 number and the name of the current Signal Processing Library. A¢teofu
returns a pointer to the data structiPLibVersion containing the
required information.

GetLibVersion

Returns a pointer to the library version
data structure.

const NSPLibVersion *nspGetLibVersion (void);

Discussion

This function rettns a pointer to a static data structdE&PLibVersion
that contains information about the current version of the Signhal Processing
Library. This strature is defined as follows:

typedef struct {
const int major ;
const int minor ;
const int build
const char * Name
const char * Version
const char * InternalVersion
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const char * BuildDate ;
const char * CallConv ;
} NSPLibVersion;
where:
major The major number of the current library version.
minor The minor number of the current library version.
build The build number of the current library version.
Name The name of the current library version.
Version The library version string.
Internal Version The library version detail.
BuildDate The library version actual build date.
CallConv The library calling convention: DLL, Micenft,
or Borland.

For example, if the library version is 3.0, build 14, then the fields in this
structure are set as

major = 3, minor = 0,build = 14.

Any of the fields inNSPLibVerion is returned as -1 if there is an error in
retrieving the information.

Example 10-1 shows how to use the functiepGetLibVersion()

Example 10-1 Using the GetLibVersion Function

NSPLibVersion *p

p = nspGetLibVersion ()

printf (“Library Name: %s\n”, p->Name);
printf (“library Version: %s\n”, p->Version);
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Fast Fourier Transforms

This appendix provides notes andtBion using fast Fourieéransforms.
For a more complete discussion, see Chapter 8 of 3Mitdhd the
references cited there.

The standard fast Fourier transform preéednn most textbooks is a
complex FFT; that is, its input is a complex vector and its output is a
complex vector. However, typical signal processingiagtions need to
take the FFT of real time-domain sgis, notcomplex sigals. While it is
possible to promotthe real signal to a corfgx signal by setting the
imaginary part to zero and then apply a standard complex FFT, this
approach is not efficient. A large family of real FFTs have begsldped
which operate directly oreal inputs. The factions in the Intel Sital
Processing Library which operate on real inputshape@Real Ftl() (see
page 7-2% nsp?CcsFftl() (seepage 7-3% nsp?RealFft() (seepage
7-39; nsp?CcsFft()  (seepage 7-4% nsp?Real2Fft() (seepage 7-4Y,
andnsp?Ccs2Fft()  (seepage 7-5).

The FFT of a real signal produces complex conjugateysstnc (CCS)
values, and the FFT of a CCSreddprodices real values. @&n tlis, there

are four possible combinations of real input versus CCS input and
time-domain versus frequency-domain:

FFT

1. realx(n) ———® CCSX(k)
IFFT

2. realxtky —————® CCSx(n)
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FFT
3. CCSx(n) ——» realxk

IFFT
4, CCSXk) ———» realxn)

wherex(n) is a time-domain signal andk) is a frequency-domain
signal.

Operations 1 and 4 are the most commonly used in typical signal
processing. Operations 2 and 3 are much less common, but do appear in
some filter design algithms.

The functionsisp?RealFft() (and the other functions witkeal in their
names) implement opation 1 (with theflags valueNSP_Forw) and
operation 2 (with thélags valueNSP_Inv ), while the functions
nsp?CcsFft()  (and the other functions withcs in their names)
implement operation 3 (with th&ags valueNSP_Forw) and operation 4
(with theflags  valueNSP_Inv ).

One consequence of this arrangement isrthaiR eal Ft() is not its

own functional inverse. Hat is, compsing operation 1 with operation 2 is

not meaningful. Instead, operation 1 must be composed with operation 4 to
get an iderity operation. Similarlynsp?CcsFft()  is not its own

functional inverse. While it would be natural to define rcfion that

combines operations 1 and 4, this is not done by the Intel Signal Processing
Library because the type declarationigeons that arise with such an
arrangement cannot be adequately resolved.

ForReal andCcs functians, refer taChapter 7



Digital Filtering

This appendix provides background about information on digital filtering

and introduces the concepts of thédwiing filters used by the Intel Signap

Processing lbrary:

* Finite impulse response (FIR) amdinite impulse response (IIR)
filters

®  Multi-rate filters

* Adaptive FIR fiters using the least@an squares (LMS) algorithm

A digital filter is a system with frequeg-selective capaliity. It can be

used to modify, reshape, or manipulate a digital signakdowpto a

specified requirement. Thus a specified range of frequencies can be

attenuated, rejected or isolated frosignal. This capabilitgnsures the use

of digital filters in the flowing areas:

®* Noiseremoval

®* Compensation for signal distortion due to channetatharistics

® Separating signals

®* Demodulation

* Digital to analog conversion

®* Rate Conversion
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FIR and IIR Filters

The filters implemented in the Intel Signal Processing Library belong to a
class known as linear time-invariant (LTI) systems. A general LTI system is
described byhis differential egation:

M- 1 i N-1 j
W) =- S & dy), S 5 d_x(t)
j; gl 5 ar!

wherex(t) is an input signaly®) is an output signal, and, , b, are
constants.

A corresponding digital LTI system is described by thisagipn:

M- 1 N-1
y(nT) = - a;y((n—j )1+ b; x((n—i)T) (1),
j; / /'ZD :

whereT is the sampling step(n7) is the sample of the input signal,
y(nT) is the sample of the output signal, and, b, are costant
coefficients (taps).

Equation (1) describes an IIR filter. In thisuatjon, output valueg(nt)
depend on input valueg(n-i)T) andy((n-)T) , the latter Bing a
feedback value of the previotime-step. In ther words, the IIR filter uses
a feedback loop. Such a filter is called an arbitrary order IIR filter. Figure
B-1 provides amrxample of an IIR filter sticture.
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Figure B-1 Example of an IIR Filter Structure

IR filter

g
b\, mY N/ b3

+

A\AA V\(‘[

0SD2090

An FIR filter does not use a fdeakck loop. Assuming in equati¢h)
aj = 0, the equation for the FIR filter is

N-1
y(nT) = ZO bj x((n =i )7T) (2).

I

Figure B-2 illstrates an example of an FIR filter structure.
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Figure B-2

Example of an FIR Filter Structure

x(nT)

FIR filter

zt—> z71—> z1
bo% b1 bz% b3

0SD2091

To compute a new output couniiT) , it is necessary to savepart of the
previoustime-step input((n-i)T) (for an IIR filter, also output

y((n4)T)) . The previous signal safeg are saved in anray called a

delay line. In equations (1) and (2), the length of the output signal delay line
is M-1, and the length of the input signal delay line/is.

Each of the FIR and IIR filters have their advantages andwdistabes.
FIR filters do not reque feedback, they are more stable and used more
often thanIR filters due to their stality. However,lIR filters provide
higher performance because they do muchdakslation than FIR filters.

When implementing various versions of equations (1) andifgtty, the

filter is known as a direct-form filter. Wén usingnathematical
transformations of equation (1), a different form of an IIR filter known as a
biquadratic form (or @as@de form, or biquads) can be obtained. The
implementation of cascade foffifters consists otas@ded second-order
sections. Wien properly implemented, the cascade fiRs have better
noise immunity than the direct-form filters.
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Multi-Rate Fi Iters

Most signal pocessing systems use signals of varying frequencies. In order
to align or use signals with varying sampliages, it is necessary to
transform the sampling rate of signals to a common value. This
transformation is known as sampling rate alteration. An example of such
samplingrate alteation is that of an audio signal from 16 KHz t&igz,

that is, from frequency, = -ITll to fregncyf, = Tiz .
The Intel Signal Processing Library implementpacial FIR filter in
which the sampling ratalteration ofthe input signal asell as the output
signal alteration is performeduéh filter is called a multi-rate filter. (For
more details on multi-rate filters, sé@pendix Q.

A multi-rate filter can be thought of asristing of hreesequential
elemets: the up-sampler to increase sampliaig, the FIR filter, and the
down-sampler to decrease sampling rate. litiaddto the miti-rate FIR
filter, the library provides thesp?UpSample() andnsp?DownSample()
functions to up-sample and down-sample theadggmespectively. Figure
B-3 shows amxample of a multi-rate FIR filter structure.

Figure B-3  Example of a Multi-Rate FIR Filter Structure

Multi-rate FIR filter

xnf)——>{ A FR[—> v [>T,
‘ UpSample () DownSample () :

0SD2092

Adaptive Filters

In some signal processing applicasothe taps can be changed at each
time-step to provide an optimal control effect. Filters with changeable taps
are called adaptive filters.

B-5
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Figure B-4 provides a scheme of a simplagtile fiter implementation.
The scheme shows a delay line with two branches and a summing unit.

Figure B-4  Simple Adaptive Fi Iter Implementation

FIR filter

Z'l

0SD2093

In Figure B-4x, is the input signaly, is the output signaly, \ are filter
taps,z* is the delay that delays input signal by one clogks the desired
signal, andk, is the errosignal.

In a typical system control appdition, the filter tap values are updated at
each iteration so as to reduce the mean squaiattbn of the output filter
signaly from the desired signalwithin a desirable error range.

B-6
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LMS Filters

The least mean squar€sMS) filter is an adaptive filter which is based on
the least mean squaredgorithm torecalculate taps. The LMS filte(see

the “Lmsl, bLms' section in Chapter 9) are computesing a gradient
method. According tthis method, each next tap vector is equal to the sum
of the previous tap and a component proportional to the gradikm. \he
estimated gradient componeat® functions of the partial derivatives of the
current vector. Although the agthm includes the computation of mean
square gradients of the erronfion,the actual implementation eliminates
the sa@iaring and differentiationpgrations which improves performance.

High- and Low-Level F ilters

The Intel Signal Processing Library implements two filteelsvhigh and
low. Functionally the high- and low-levélters are identical. However, the
high- and low-level FIR filters differ in their implementation as shown in
Table B-1 The low-level filter functions allow you to design your own
adaptive filters with the ¢drol algaithms of your choice.

Table B-1

Low- and High-Level Filters Implementation

Area of

Difference  Low-Level Filters

Data Implement two

structure structures: taps and
delay line arrays.

Data Application defines

owner taps and delay line
count arrays.

Memory Use taps andelay

usage line count arrays of

minimal length:n and
N1, respectively. No
more memory is
allocated.

High-Level Filters

Implement a single structure that
provides an access to both taps and
delay line arrays.

Application has noidect access to
the taps and delay line count arrays
which are stored in the dgmic
memory. To acess these arraythe
application uses
nsp?FirSet/GetT aps()
nsp?FirSet/GetDlyl()

Not restricted in memory use either
for delay line or for taps or for any
other purpose. This condition
allows implemention of other
computatioal means, for example,
fast Fourier transforms.

and
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Using Adaptive Filters

The following sections provide sorbasic examples ofsing the adaptive
filters.

System | dentification

The adaptive filters can estimate system parameters with unknown transfer
characteristics tmentify a system. Figure B-5 shows a scheme of
computing an adaptive filter in agertification mode. In this scheme, while
reducing the error signal to zero, theefi is emating the transfer
characteristics of an unknown device.

Figure B-5 Using an Adaptive Filter For System Identification
X Plant
w
Equalizing

An adaptive filter can be used for an inverse system paraneatehs In
this case, the filter serves as a deconvolver of input signal and a polynomial
that describes filter panaeters.

Figure B-6 shows a scheme of using an adaptive filter for equalizing. In this
scheme, the filter restores the delayed input signal version, in pertite
one that has passed through a communication channel.
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Figure B-6 Using an Adaptive Filter for Equalizing

\

Plant

w

Delay

0OSD2095

Disturbance compensation

Figure B-7 presents a scheme of an adamtisturbance congmsator.

Figure B-7  Using Adapt ive Filter as Disturb ance Compensator

S+n0

0SD2096
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Multi-Rate Filtering

This appendix provides a brief overview of multi-rate filtering and the
polyphase structure. It also includes a detailsdugsion of the number of
samples consumed and produced, and théreztidelay line lengths for
finite impulse response (FIR) filtetricture and the structure for the finite
impulse response filter that uses the least mean squares adaptsitg)n (L

Multi-rate filtering and the polyasestructire are not caceptually simple
and cannot be adequately described here. Instead, se8][\it@pter 14,
Multirate Signal Processing

Defining Multi-Rate Filtering

Simple signal processing systems andraigms proess sigals that are all

at the same sampling rate. That is,|éregth oftime between consecutive
samples is theamefor all sigrals. Such systems are called single-rate.

More advanced systems often tain sigrals that have different sample

rates. Thatis, the length of time between consecutive samples varies. Such
systems are called multi-rate.

The sample rate for multi-rate filters can be increasedaedsed by

up-sampling or down-sampling. These ms&es are defined adldavs:

* Up-samplingsee UpSamplé& for a description ofisp?UpSample() )
increases the sample rate by an integer factord®rtingzero samples
between samples dfie original signal. An up-samplingeration is
often followed by filtering to “smooth” ouhe samples; this is called
interpolation.

C-1
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®* Down-sampling (seeDownSamplé for a description of
nsp?DownSample() ) decreases the sample rate by an inteaggtor
by discarding samples. A down-sampling operation is often preceded
by filtering to prevent aliasing; this is calledcdeation.

Multi-rate filtering, then, can be defined asarpolation and/adecimation;
that is, filtering comimed with up-sampling and/or down-sampling.

Multi-rate filtering (concetually) follows this geneal scheme:

1. Up-sample aignalx(n) by the factonpFactor to produce a signal
x(n)

2. Filter the signak(n) by the transformh(n) to produce the signal
y(n)

3. Down-sample the signatn) by the factoriownFactor to produce
the signaly(n) .

When bothupFactor anddownFactor are 1, the filter degergtes into a

single-rate filter. Note that up-sampling and down-damg@ach have an

extra degree of freedom due to thePhase anddownPhase arguments.

Polyphase FIR

In the multi-rate filtering operations described above, two sources of

inefficiency may arise. Therigin of thesdnefficiencies is described

below.

Consider a direct implemtation of the multi-rate filtering operations

described above. In the implementation et upFactor *

downFactor .

1. FirstdownFactor samples of the signaln) are up-samipd to
produceNPsamples of a signal(n ).

2. ThesevPsamples are filtered to produsesamples of a signai(n)

3. These samples ateenh down-sampled to produggFactor samples
of the signal/(n) .
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Note thatdownFactor (notupFactor ) samples are osumed to pradte
upFactor samples of(n) , and thatvPsingle-rate filtering operations are
required. There are two sources of inefficiency in thieedt
implementation:

* OftheNPinputx'(n) samples, only everypFactor 'th sample is
non-zero, the rest are zero.

®* Of theNPoutputy(n) samples, only everyownFactor th sample
will be kept and the rest discarded.

To optimize these two inefficieras, the polyphasstructure must perform
the following tasks:

®* The polyasestricture applies the filteli(n) only to those input
samples which are non-zero.

®* The polyhasestricture applies the filteli(n) only to those output
samples which are non-zero.

In order to perform these two optimizations, the polyphase structure makes
upFactor passes, each passmputing one of thepFactor output

samples of(n) . Each pass is a dot product between a subset of the filter
tapsh(n) and the inpuk(n) .

The length of each dot product on epelss is called the phase lengt)(
Then if the number of taps is denotedasLen , the minimum phase
length can be defined a&apsLen lupFactor [Jand the maximum is
OtapsLen lupFactor [

Thesevalues dfer wheneverapsLen is nota multiple ofipFactor . For
the purposes of this discussiorfide PL = OtapsLen [upFactor [

This is a valid bound for all up-sampling and down-sampling phases. The
filter may be more efficientlymplemented whempsLen is a multiple of
upFactor .

Also of interest is the delay line length. Since the zero samptesLined

by up-sampling are never actually stored, the delay line length is closely
related to the phase length. litieely, if x©) is used in the dot products,
thenPL - 1 previous samples would bequired. However, for the correct
combination of phases, tfiest output value/0) may not depend on any

of the inputsx(n) at all; instead, it depends only on previous values stored
in the delay line (for examplepFactor = 3,upPhase = 2,

downFactor =1). Thus the delay line must hold at least the maximum
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phase length of samples.. However, the implemeation of a filtering
operation might be directed to platbe newdownFactor samples from
x(k) into the delay line éfore computing the dot prodsg this requires a
delay line of lengthPL + downFactor .

Compare this multi-rate delay line leng#L(+ downFactor ) to the
single-rate delay line length ofpsLen . The single-ratease is not a

trivial reduction of the miti-rate case; instead, it is smaller by one sample.
This is because the multi-rate formula does nositer the pase
parametersipPhase anddownPhase. For example, whemoFactor =1,

all outputs depend on the input sanfglewhile his is not true forpPhase

not equal tapFactor - 1.

Polyphase LMS

A polyphase structure can also be used to more efficiently implement
multi-rate LMS filters. The filter peration itself can be implemented
exactly as described alm and the¢ap-update algorithroan take

advantage of the kmvn zero input samples when up-sampling. However,
thereare some practicalfticulties. Even though the LMS filter is
mathematicalldefined for up-sampling and @a-sampling, th&MS filter
functions in the Intel Signal Processing Library do not suppesanphing

for the following reason.

Up-samplingusing a polyphase structurauses output samples to be
produced ina block afpFactor samples, which introduces additional
delay in the error feedback signal.

If your application requires up-sampling in combination with LMS filtering,
you can avoid this problem by making an letpcall to
nsp?UpSample()
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Glossary

adaptive filter

Bq

causal filter

CCs

An adaptive filter varies its filter coefficients (taps)
over time. Typically, the filter's coefficientzre
varied to make its output match a prototype
“desired” sighal as closely as possible.
Non-adaptive filters do not vary their filter
coefficients over time.

One of the flag values, which indicates theckl
variety of the function. The bloclaviety of a
function is equivalent to multiple invocationstbge
non-block (salar) variety of the faction. For
example, theisp?Fir()  functionfilters a single
sample through an FIR filter. Tlhep?bFir()
functionfilters a bock of cansecutive samples
through a sinig-rate or multi-rate FIR filter.

One of the “mods,” which indicates that the IIR
initialization function nitializes a cacade of
biquads (second-order IIR sections).

A filter whose response to input does not depend on
values of future inputs.

See comnpx conjugate-symmetric.
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companding functions The functions that perform an operatidataf
compression by using a logarithmic
encoder-decoder. Companding allows you to
maintain the percentage error constant by
logarithmicallyspacing the quantization levels.

complex A kind of symmetry thatises in the Fourier

conjugate-symmetric transform of real sigals. A complex
conjugate-symmetric signal has the property that
x(-n) =x(n) * where “*" denotes conjugation.

conjugate The conjugate of a complex numberbj is a - bj.
conjugate-symmetric See complex conjugate ragtnic.

DCplx A C data structure which defines a double-precision
complex data type.

decimation Filtering a signal followed by down-sdimg. The
filtering prevents aliasingistortion in the
subsequent den-sampling. See down-sampling.

down-sampling Down-sampling noeptually dereases aigral’s
sampling rate by removing samples from between
neighboring amples of a signal. See decimation.

element-wise Arelemerwise geration performs the same
operation on each element of a vector, or tises
elements of the samegition in multiple vectors as
inputs to the operation. For example, the
element-wise adtion of the vectors fq, x1, x5}
and {yq, v1, vo} is performed as follows:

{x0, x1, X2} + {yo, y1, v2} =
{x0+ v, X1+ y1, X2+ 2}

FIR Abbreviation for finite impulse respee filter.
Finite impuseresponse filters do nefry their
filter coefficients (taps) over time. For more
information, see Chapter 8.
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fixed-point data format A format that assigns one bit for a sign anchell ot

gradient method

IIR

in-place

interpolation

leak

LMS

bits for fractional part. This format is used for
optimized comersion operations with signed, purely
fractional vectors. For example, S.31 format
assumes a sign bit and 31 fraction#d;55.16
assumes a sigrit, 15 integer bits, and 16 fractional
bits.

A methatat assumes that each next tap vector is
equal to the sum of the previous tap and a
component proportional to the gradient value. The
estimatedyradient components are functiongfué
partial derivatives of the current vector.

Abbreviation for nfinite impulse response filts.
For more information, see Chapter 8.

A functiorthat performs its operation in-place,
takes its input from an array and returns its output to
the same arraySee ntin-place.

Up-sampling a signal followed by filtering. The
filtering gives the inserted satep avalue close to
the samples of their neighting samfes inthe
original signal. Seepasampling.

A parameter for the LMfiiter functions which
indicates hownuch the filter coefficients “leak”
(decay) towards zero on each iteration of the
function.

Abbreviation for last nean square, an algorithm
frequentlyused as a measure of the difference
between two signals. Also used asrshand for an
adaptive FIR filter employing the LMS algorithm
for adaptation. For more information, see
Chapter 8.
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LTI

Mr
multi-rate
Na

Nip
not-in-place
polyphase

r

RCCcs

Glossary-6

Abbreviation for linear time-invariant systems. In
LTI systems, if an input gwists of the sum of a
number of signals, then the output is the sum of the
system’s responses to eachsilgconsidered
separately [Lyn89].

One of the “mods,” idicating the multi-rate variety
of the function. For more formation on mods, see
“Function Name Conventions” in Chigp 1.

An operation or signal processingteyn involving
signals with mulple sample rges. Decination and
interpolation are exantgs of multi-rate perations.

One of the “mods,” indicating a non-adaptive filter
function. For examplepsp?LmsINa() . See
adaptive filter. For more information on mods, see
“Function Name Conventions” in Chizp 1.

Not-in-place. One of the “mods,” indicating a
function whichperforms its operation ixn-place.
That is, the functiomakes its input from a source
array and puts its output in a second, destination
array. For exampleysp?FftNip() . For more
information on mods, see “FunctitName
Conventions” in Chapter 1.

A function that performs its operation not-in-place
takes its input from a source array and puts its
output in a second, destinatiarray.

A compatiorally efficient method for multi-rate
filtering. For example, interpolation or decimation.

One of the flag values which indicates that ribal
and imaginary parts of an FFT function are stored in
separate arrays. For examplep?rFt()

A representation of a complex conjugate-symmetric
sequence which is easier to use than the RCPack or
RCPerm formats. See Table 7-6 in Chapter 7.
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RCPack

RCPerm

SCplx

sinusoid
step

tone

up-sampling

window

A compact representation of a complex
conjugate-symmetric sequence. The disenthge

of this format is that it is not the natural format used
by the real FFT algorithm@natural” in the sense
that bit-revesed order is natural foadix-2 complex
FFTs). See “RCRX” in Chapter 7.

A format for storing the values for the FFT
algorithm. RCPerm format stores the values in the
order in which the FFT atgithm uses them. That
is, the real and imawgary parts of a given sample
need not be adjacent. See “RCPerm” in Chapter 7.

A Cdatastructure which defines a single-precision
complex data type.

See tone.

A parameter for the LM8ter functions which
indicates the convergence step size of the filter
function.

A sinusoid of a givefnequency, phase, and
magritude. Tmes are used as test signals and as
building blocks for more complex signals.

Up-sampling conceptually increases the signal
sampling rate by inserting zero-valued samples
between neighboring samples of a signal.

A mathematical faction by which a signal is
multiplied to improve theharacteristics of some
subsequent atysis. Windows are commonly used
in FFT-based smral analysis.
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FirFree| 8-2f
FirGetDlyl,[8-32
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Firl,
FirlGetDlyl,
FirlGetTaps| 8-14
Firlinit, B-4
FirllnitDlyl,
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Primitives Library| 1-1F
FIXED_SCALE mode} 1-14
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NO_SCALE mode], 1-14
NSP_OVERFLOW modg, 1-]
NSP_SATURATE mode, 1-15
Output vector scaling contr 14

integer scalind, 1-13
compatibility with the Recognition Primitive

Librar,[1-15

L

Least mean squares filtgr, B-7

Library Information Functiorf, 10}thruf10-2
GetLibVersion| 1041

linear time-invariant processor, 8-1
Linear time-invariant systen{s, B-2

Lms,[8-67

LMS filter. See least meaguares filter

LMS functions[ 8-59 thr{1 8-80
bLms,
bLmsDes| 8-75
Lms,|8-67
LmsDes| 8-7
LmsFree| 8-62
LmsGetDlyl[8-7]
LmsGetErrVal
LmsGetlLeak], 8-13
LmsGetStep, 8-13
LmsGetTaps, 8-10
Lmslnit,|8-62
LmsInitMr, [8-62
LmsSetDlyl|8-71
LmsSetErrVall 8-79
LmsSetLeak|, 8-713
LmsSetSteq, 8-73
LmsSetTaps, 8-70

LmsDes| 8-7b

LmsFree[ 8-62
LmsGetDIyl,[8-71
LmsGetErrVal[ 8-79
LmsGetLeak| 8-73
LmsGetSter], 8-13

LmsGetTapd, 8-70
Lmslnit,[8-62
LmslnitMr, [8-62
Lmsl,[8-48
LmslGetDlyl,[8-44
Lms|GetLeak| 8-47
LmsiGetStep], 8-47
Lms|GetTaps], 8-42
Lmslinit,
LmslInitDlyl,
LmslinitMr,
LmsINa,[8-53
Lms|SetDlyl[8-44
LmslSetLeak| 8-47
LmslSetSted, 8-47
LmslSetTapd, 8-42
LmsSetDlyl[8-71L
LmsSetErVal[ 8-79
LmsSetLeaK, 8-13
LmsSetStey, 8-13
LmsSetTapd, 8-70

Low-level FIR functions] 8J2hru[8-19

bFirl, |8-8
Firl, |8-§
FirlGetDlyl,

FirlGetTaps| 8-14

Firllnit, B-4]

FirllnitDlyl, 8-4
FirllnitMr, 8-4
FirlSetDlyl,[8-16

FirlSetTaps| 8-14
Low-level IR functions| 8-§thru-9d

Low-level LMS functions| 8-34hru[8-59

bLmsl,[8-48
bLmsINa, 8-5B
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Lmsl,[8-48
LmslGetDlyl,[8-44
LmslGetLeak| 8-47
LmslGetStep)|, 8-47
LmslGetTapd, 8-42
Lmslinit,[8-37
LmslinitDlyl,
LmslInitMr, |8-3
LmsINa[8-58
LmslSetDlyl[8-4k
LmslSetLeak, 8-47
LmslSetSteg, 8-47
LmslSetTapg, 8-42

LTI system. Se&near time-invariant systems

M

Manual organizatior}, 1-3

Mathematical symbol conventiors, 1-9
Max,|3-32

Mean]|3-3B

Memory Reclaim Function§, 7-BBru[7-55
Memory reclaim functions

FreeBitRevThls, 7-34
FreeTwdTbls] 7-54

Min,

Mpy,
MpyRCPack2] 7-30
MpyRCPack3] 7-30
MpyRCPerm2, 7-32
MpyRCPerm3, 7-32
Multi-rate filter,[B-5

Multi-rate filtering

Described] Cl1

N

Notational conventions, 1-5 thru 1-9

NSP Library macros, 1-1rul1-12
compiler macros, 1-12

Constant macrop, 1410
Control macrod, 1-10
control macrod, 1-10

nsp.h header file

Contents of] 1-10
nsp?Add()See Add
nsp?AutoCorr()SeeAutoCorr
nsp?b2RealToCplax(). See b2RealToCplx
nsp?bAbs1()SeebAbsl
nsp?bAdd1()SeebAddl
nsp?bAdd2()SeebAdd2
nsp?bAdd3()SeebAdd3
nsp?bALawToLin(). See bALawToLin
nsp?bCartToPolar(). See bCartToPolar
nsp?bConj1()SeebConj1
nsp?bConj2()SeebCon;j2
nsp?bConjExtend1(). See bConjExtendl
nsp?bConjExtend2(). See bConjExtend2
nsp?bConjFlip2()SeebConjFlip2
nsp?bCopy()SeebCopy
nsp?bCplxTo2Real(). See bCpIxTo2Real
nsp?bExpl()SeebExpl
nsp?bExp2()SeebExp2
nsp?bFir() SeebFir
nsp?bFirl() SeebFirl
nsp?bFixToFloat()SeebFixToFloat
nsp?bFloatToFix()SeebFloatToFix
nsp?bFloatTolnt(). See bFloatTolnt
nsp?bFloatToS1516
nsp?bFloatToS15Fix(). See bFloatToS15Fix
nsp?bFloatToS31Fix(). See bFloatToS31Fix
nsp?bFloatToS7Fix(). See bFloatToS7Fix
nsp?bGoertz(SeebGoertz
nsp?blir().Seeblir
nsp?blirl().Seeblirl
nsp?blmag()Seeblmag
nsp?bintToFloat(). See bintToFloat
nsp?binvThreshl(). See binvThreshl
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nsp?blnvThresh2(). See binvThresh2
nsp?bLinToALaw(). See bLinToALaw
nsp?bLinToMuLaw(). See bLinToMuLaw
nsp?bLms(). See bLms

nsp?bLmsDes(). See bLmsDes
nsp?bLmsl(). See bLmsl

nsp?bLmsINa(). See bLmsINa
nsp?bLnl(). See bLnl

nsp?bLn2(). See bLn2

nsp?bMag(). See bMag

nsp?bMpyl.See bMpy1l

nsp?bMpy2(). See bMpy2

nsp?bMpy3(). See bMpy3
nsp?bMuLawToLin(). See bMuLawToLin
nsp?bPhase(). See bPhase
nsp?bPolarToCart(). See bPolarToCart
nsp?bRandGus(). See bRandGaus
nsp?bRandUni(). See bRandUni
nsp?brCartToPolar(). See brCartToPolar
nsp?bReal(). See bReal

nsp?brMag(). See brMag
nsp?brPhase(). See brPhase
nsp?brPolarToCart(). See brPolarToCart
nsp?bS15FixToFloat(). See bS15FixToFloat
nsp?bS31FixToFloat(). See bS31FixToFloat
nsp?bS7FixToFloat(). See bS7FixToFloat, 4-25
nsp?bSet(). See hSet

nsp?bSqrl(). See bSqrl

nsp?bSqr2(). See bSqr2

nsp?bSqartl(). See bSqrtl

nsp?bSqrt2(). See bSqrt2

nsp?bSubl. See bSubl

nsp?bSub2. See bSub2

nsp?bSub3. See bSub3
nsp?bThreshl(). See bThreshl
nsp?bThresh2(). See bThresh2
nsp?bTone(). See bTone

nsp?bTrngl()SeebTrngl
nsp?bZero()SeebZero
nsp?Ccs2Fft()SeeCcs2Fft
nsp?Ccs2FftNip()SeeCcs2FftNip
nsp?CcsFft()SeeCcsFft
nsp?CcsFftl()SeeCcsFHtl
nsp?CcsFftINip()SeeCcsFftINip
nsp?CcsFftNip()SeeCcsFftNip
nsp?Conj()SeeConj
nsp?Conv()SeeConv
nsp?Conv2D()SeeConv2D
nsp?CrossCorr(seeCrossCorr
nsp?Dft().See Dft

nsp?Div().See Div

nsp?DotProd). See DotProd
nsp?DownSample(). See DownSample
nsp?Fft() See Fft

nsp?FftNip() SeeFftNip
nsp?Filter2D()SeeFilter2D
nsp?Fir() See Fir
nsp?FirFree()SeeFirFree
nsp?FirGetDlyl() SeeFirGetDlyl
nsp?FirGetTaps(). See FirGetTaps
nsp?Firlnit().SeeFirlnit
nsp?FirlnitMr().SeeFirlnitMr
nsp?Firl().SeeFirl

nsp?FirlGetDlyl() SeeFirlGetDlyl
nsp?FirlGetTaps(). See FirlGetTaps
nsp?Firlinit().SeeFirlinit
nsp?FirlinitDlyl(). SeeFirlInitDlyl
nsp?FirllnitMr(). SeeFirlinitMr
nsp?FirlSetDlyl()SeeFirlSetDlyl
nsp?FirlSetTaps(peeFirlSetTaps
nsp?FirSetDlyl()SeeFirSetDlyl
nsp?FirSetTaps(peeFirSetTaps
nsp?FreeTwdTbls(). See FreeTwdTbls
nsp?Goertz()SeeGoertz
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nsp?Goertzinit(). See Goertzlnit
nsp?GoertzReset(). See GoertzReset
nsp?lir(). See lir

nsp?lirinit(). See lirlnit

nsp?lirinitBq(). See lirlnitBq

nsp?lirl(). See lirl

nsp?lirlinit(). See lirlinit

nsp?lirlinitBq(). See lirlInitBq
nsp?lirlinitDlyl(). See lirlInitDlyl
nsp?Lms(). See Lms

nsp?LmsDes(). See LmsDes
nsp?LmsGetDlyl(). See LmsGetDlyl
nsp?LmsGetErrVal(). See LmsGetErrVal
nsp?LmsGetLeak(). See LmsGetLeak
nsp?LmsGetStep(). See LmsGetStep
nsp?LmsGetTaps(). See LmsGetTaps
nsp?Lmsinit(). See Lmslnit
nsp?LmsInitMr(). See LmslInitMr
nsp?Lmsl(). See Lmsl
nsp?LmsIGetDlyl(). See Lmsl|GetDlyl
nsp?LmslGetLeak(). See LmsIGetLeak
nsp?Lmsl|GetStep(). See LmslGetStep
nsp?LmslGetTaps(). See LmslGetTaps
nsp?Lmslinit(). See Lmslinit
nsp?LmslinitDlyl(). See LmslinitDlyl
nsp?LmslinitMr(). See LmslInitMr
nsp?LmsINa(). See LmsINa
nsp?LmslISetDlyl(). See Lms|SetDlyl
nsp?LmslSetLeak(). See LmslSetLeak
nsp?LmslSetStep(). See LmslSetStep
nsp?LmslISetTaps(). See LmsISetTaps
nsp?LmsSetDlyl(). See LmsSetDlyl
nsp?LmsSetErrVal(). See LmsSetErrVval
nsp?LmsSetLeak(). See LmsSetLeak
nsp?LmsSetStep(). See LmsSetStep
nsp?LmsSetTaps(). See LmsSetTaps
nsp?Max(). See Max

nsp?Mean()SeeMean

nsp?Min().See Min

nsp?Mpy() See Mpy
nsp?MpyRCPack2(). See MpyRCPack2
nsp?MpyRCPack3(). See MpyRCPack3
nsp?MpyRCPerm2(). See MpyRcPerm2
nsp?MpyRCPerm3(). MpyRPPerm3
nsp?RandGaus(). See RandGaus
nsp?RandGauslnit(). See RandGauslInit
nsp?RandUni()SeeRandUni
nsp?RandUnilnit(). See RandUnilnit
nsp?Real2Fft()SeeReal2FftNip
nsp?Real2FftNip(). See Real2FftNip
nsp?RealFft()SeeRealFft
nsp?RealFftl()SeeRealFftl
nsp?RealFftINip(). See RealFftINip
nsp?RealFftNip(). See RealFftNip
nsp?rift() SeerFft

nsp?rFftNip() SeerFftNip
nsp?StdDev()SeeStdDev

nsp?Sub()See Sub

nsp?Tone()SeeTone
nsp?Tonelnit()SeeTonelnit
nsp?Trngl()SeeTrngl

nsp?Trnglinit() SeeTrnglinit
nsp?UpSample(BeeUpSample
nsp?WinBartlett(). See WinBartlett
nsp?WinBlackman(). See WinBlackman
nsp?WinHamming(). See WinHamming
nsp?WinHann(). See WinHann
nsp?WinKaiser(). See WinKaiser
NSP_ASSERT, 2-7

NSP_ERRCHK, 2-7

NSP_ERROR, 2-6

NSP_RSTERR, 2-7
nspbALawToMuLaw(). See bALawToMuLaw
nspbMuLawToALaw(). See bMuLawToALaw
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NSPErrCallBack (function typedef), 2[6, 2113
nspError(). See Error

nspErrorStr(). See ErrorStr
nspFreeBitRevTbls(). See FreeBitRevTbls
nspGetErrMode(). See GetErrMode
nspGetErrStatus(). See GetErrStatus
nspGetLibVersion(). See GetLibVersion
nsplirFree(). See lirFree

nspLmsFree(). See LmsFree
nspRedirectError(). See RedirectError
nspSetErrMode(). See SetErrMode
nspSetErrStatus(). See SetErrStatus

O
One-dimensional convolution functiofis,|9-1 thru

-4

Conv,[9-2
Optimized data type conversion functigns, 4#-16

thru 4-26
bFloatToS1516Fi
bFloatToS15Fi ]
bFloatToS31Fi
bFloatToS7Fix| 4-24
bS1516FixToFloaf, 4-
bS15FixToFloat, 4-23
bS31FixToFloal, 4-19
bS7FixToFloat, 4-25

Output vector scaling control, 1{14
output vector scaling control, 1{14

0

1

P

Platforms supportefl, 1-2

Polyphase FIR filtering
Described] CR2

Polyphase LMS filtering
Described] Cl4

R

RandGaug, 5-23
RandGauslnif, 5-24
RandUni[5-1p
RandUnilnit[5-2p

RCPack formaf, 7-26, 780
RCPerm formaf, 7-26, 7-B0
Real2Fft[ 7-4F7
Real2FftNip[7-4ff
RealFft[7-3B
RealFftl[7-2B
RealFftINip,[7-23
RealFftNip[7-3B
RedirectError, 216

Related publication§, 1-5
rFft, [7-17

rFftNip,

S

Sample manipulation functiorfs, 3l8¢ru[3-44
DownSamZ
UpSample} 3-39

Scaling argument, 1114 t15
Integer overflow contro 5
ScaleFacto 5

ScaleModd, 1-14
Scaling control, 1-14

SetErrMode] 2J4
SetErrStatug, 2+3

Signal name conventiorfs, 1-9
StdDev[3-3B

Sub[3-h

-
Tone[5-5
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Tone-generating functiors, b-1 tfiru5-7
bTone| 5-4

Tone[5-5
Tonelnit| 5-¢

Tonelnit,[5-6

Triangle-generating functiorfs, 5-7 tfru §-15
bTrngl,|5-1
Trngl,|5-12
Trnglinit,

Trngl,[5-12

Trnglinit,[5-14

Two-dimensional convolution functiors, p-5

thru[9-9
Conv2D/9-5
Filter2D,|9-7

U

Uniform distribution funcitond, 5-16ru ??
Uniform distribution functions, ?? thfu 5]21

RandUnilnit{ 5-2
UpSample[ 3-39
Using adaptive filter§, B8
Vv

Vector arithmetic functiong, 3hru3-31

binvThresh1, 3-71
binvThresh2, 3-42

bThresh1} 3-17

bThresh2| 3-119

DotProd
Vector conjugation functionf, 3134ru3-39

bConj1| 3-3F

bConj2| 3-3F

bConjExten7
bConijFlip2,[3-38

Vector correlation function§, 3-4#ru3-49
AutoCorr,
CrossCort| 3-47

Vector initialization functions, 3lhru[3-7
bConjExtend1] 3-36

StdDev/ 3-3B

=

WinBartlett6-4
WinBlackman[ 656

Windowing functions] 6]1 thrlu 6-9
WinBartlett,|6-4
WinBlackman| 6-5
WinHamming| 6-

WinHann [ 6-8
WinKaiser, 6-9
WinHamming[6-f
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WinHann[6-B
WinKaiser[6-D
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