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Abstract—This paper presents a general-purpose computer
program which is capable of designing a large class of optimum
(in the minimax sense) FIR linear phase digital filters. The
program has options for designing such standard filters as low-
pass, high-pass, bandpass, and bandstop filters, as well as
multipassband-stopband filters, differentiators, and Hilbert
transformers. The program can also be used to design filters
which approximate arbitrary frequency specifications which
are provided by the user. The program is written in Fortran,
and is carefully documented both by comments and by de-
tailed flowcharts. The filter desigh algorithm is shown to be
exceedingly efficient, e.g., it is capable of designing a filter
with a 100-point impulse response in about 20 s.

I. Introduction

This paper presents a general algorithm for the de-
sign of a large class of finite impulse response (FIR)
linear phase digital filters. Emphasis is placed on a
description of how the algorithm works, and several
examples are included which. illustrate specific ap-
plications. A unified treatment of the theory behind
this approach is available in [1].

The algorithm uses the Remez exchange method
[2], [3] to design filters with minimum weighted
Chebyshev error in approximating a desired ideal fre-
quency response D(f). Several authors have studied
the FIR design problem for special filter types using
several different algorithms [4]-[13]. The advantage
of the present approach is that it combines the speed
of the Remez procedure with a capability for design-
ing a large class of general filter types. While the algo-
rithm to be described has a special section for the
more common filter types (e.g., bandpass filters with
multiple bands, Hilbert transform filters, and differ-
entiators), an arbitrary frequency response can also
be approximated.
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Il. Formulation of the Approximation Problem

The frequency response of an FIR digital filter with
an N-point impulse response {h(%)} is the z-transform
of the sequence evaluated on the unit circle, i.e.,

H(f)' = H(z) 2 h(k) e 2T,

=0

(1)

z=ed2nf

The frequency response of a linear phase filter can be
written as

H = ene (- (M5 o)

where G(f) is a real valued function and L = 0 or 1.
It is possible to show that there are exactly four cases
of linear phase FIR filters to consider [1]. These
four cases differ in the length of the impulse response
(even or odd) and the symmetry of the impulse re-
sponse [positive (L = 0) or negative (L =1)]. By
positive symmetry we mean k(k) = k(N - 1- k), and
by negative symmetry 2(k) =-h(N - 1- k).

In all cases, the real function G(f) will be used to
approximate the desired ideal magnitude specifica-
tions since the linear phase term in (2) has no effect
on the magnitude response of the filter. The form of
G(f) depends on which of the four cases is being
used. Using the appropriate symmetry relations,
G(f) can be expressed as follows.

Case 1: Positive symmetry, odd length:

(2)

G(f)= 3. a(k) cos (2nkf)
k=0
where n = (N - 1)/2, a(0) = h(n), and a(k) = 2h(n - k)
fork=1,2,---,n
Case 2: Positive symmetry, even length:

(3)

G(f)= 3 b(k)cos [2n(k- 5)f] (4)
k=1 ,
where n = N/2 and b(k) = 2h(n- k) fork =1, -- -, n.
Case 3: Negative symmetry, odd length:
G(f)y= 3. c(k) sin (27kf) (5)
k=1
where n = (N - 1)/2 and c(k) = 2h(n - k) for k =1,
2,---,nand h(n)=0
Cuse 4: Negative symmetry, even length:
G(f)= 2 d(k)sin[2n(k - 3)f] (6)
k=1

where n = N/2 and d(k) = 2h(n- k) fork =1, -
Earlier efforts at designing FIR filters concentrated
on Case 1 designs, but it is now possible to combine

1 For convenience, throughout this paper the notation H(f)
rather than H(e-'z"f) is used to denote the frequency response
of the digital filter.
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all four cases into one algorithm. This is accom-
plished by noting that G(f) can be rewritten as G(f) =
Q(f) P(f) where P(f) is a linear combination of cosine
functions. Thus, results that have been worked out
for Case 1 can be applied to the other three cases as
well. For these purposes, it is convenient to express
the summations in (4)-(6) as a sum of cosines di-
rectly. Simple manipulations of (4)-(6) yield the
expressions.
Case 2:

S b(k) cos [2a(k - 3)7]
E=1

= cos (nf) n}f b(k) cos (2nkf). (7)
k=0

Case 3:

n

> c(k)sin (21rkf) = gin (2nf) Z c(k) cos (2nkf).

k=1 k=0
(8)
Case 4:

> d(k) sin [2n(k - $)1]

k=1
= sin (nf) nzl d (k) cos (2zkf) (9)
k=0
where
b(1) = b(0) + 3 b(1)
=1 1h(b - B
Case 2 4 2B =2 [b(k - 1) + b(R)], _
k=238,---,n-1
b(n)=1b(n- 1) (10)
[ e(1)=¢c(0)- 2c(2)
c(k) =3 [c(k- 1)- c(k+ 1)1,
Case3:ﬁ k=2,8,---,n-2
e(n-1)=3c(n- 2
L e(n) -%E(n- 1) (11)
(d(1) =d(0)- 1d(1)
d(k) =L1[d(k - 1)- d(k
Case 2: 4 20 7 FLdE - D= d(B],
R=23,--,n-1
(d(n) =5d(n- 1). (12)

The motivation for rewriting the four cases in a
common form is that a single central computation
routine (based on the Remez exchange method) can
be used to calculate the best approximation in each
of the four cases. This is accomplished by modifying
both the desired magnitude function and the weight-
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ing function to formulate a new equivalent approxi-
mation problem.

The original approximation problem can be stated
as follows: given a desired magnitude response D(f)
and a pos1t1ve weight function W(f ), both continuous
on a compact subset F C [O, 3] (note that the sam-
pling rate is 1.0) and one of the four cases of linear
phase filters [i.e., the forms of G(f)], then one wishes
to minimize the maximum absolute weighted error,
defined as

TE(HI = max W(f) | D(f) - G(f)l (13)
fer

over the set of coefficients of G(f).
The error function E(f) can be rewritten in the
form

E(f) = W(F) [D(f) - G(f)]—W(f)Q(f)[ (/)

o) P(f)]

(14)

-if one 1s careful to omit those endpoint(s) where

Q(f) = Letting D(f) = D(f)/Q(f) and W(f) =
W(f) & f ), then an equivalent approximation problem
would be to minimize the quantity

HE(HI =

max W(r) 1D(f) - P(F)l (15)

by choice of the coefficients of P(f). The set F is re-
placed by F'= F - {endpoints where Q(f) = 0}.

The net effect of this reformulation of the problem
is a unification of the four cases of linear phase FIR
filters from the point of view of the approximation
problem. Furthermore, (15) provides a simplified
viewpoint from which it is easy to see the necessary
and sufficient conditions which are satisfied by the
best approximation. Finally, (15) shows how to
calculate this best approximation using an algorithm
which can do only cosine approximations. The set
of necessary and sufficient conditions for this best
approximation is given in the following alternation
theorem [2].

Alternation theorem: 1f P(f)is a linear combi-

nation of r cosine functions i.e.,

r-1

P(f)= 3> a(k) cos 2nkf,
k=0

then a necessary and sufficient condition that

P(f) be the unique best weighted Chebyshev ap-

proximation to a continuous function ﬁ( f) on

F' is that the weighted error function E(f) =

W(f) [D(f) P(f)] exhibit at least r+ 1 extre-

mal frequencies in F'.

These extremal frequencies are a set of points
{F;},i=1,2 ,r+1lsuchthat F; < F, <--- <
F.<F,. b with E(F,)=-E(F;,,),i=1,2,---,r and
|B(F,)| = max, . B(f).

An algorithm can now be designed to make the
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INPUT FILTER
SPECS

TYPE

FILTER ﬁ
BANDPASS DIFFERENTIATOR

HILBERT
TRANSFORM

DENSE GRID FOR
THE SET F

WATE
WEIGHT FUNCTION

|

EFF
DESIRED MAGNITUDE
I

FORMULATE EQUIVALENT
APPROXIMATION PROBLEM

XTREMAL FREQUENCIES

,TNITIAL GUESS FOR r+1
E |

REMEZ
SOLVE THE
APPROXIMATION PROBLEM

ONSE

CALCULATE IMPULSTEI

i RESP

PRINT OUT THE
OPTIMAL ERRGR &
IMPULSE RESPONSE

Fig. 1. Overall flowchart of filter design algorithm.

error function of the filter satisfy the set of necessary
and sufficient conditions for optimality as stated in
the alternation theorem. The next section describes
such an algorithm along with details as to its imple-
mentation.

lll. Description of the Design Algorithm

As seen in Fig. 1, the design algorithm consists of
an input section,- formulation of the appropriate
equivalernit approximation problem, solution of the
approximation problem using the Remez exchange
method, and calculation of the filter impulse re-
sponse. The flowcharts of Figs. 2-5 give details of
the exact structure of the computer program.

The input which describes the filter specifications
consists of the following.

1) The filter length, 3 < NFiLT < NFMAX (the upper
limit set by the programmer).

2) The type of filter (sryrE):

a) Multiple passband/stopband (sTyPE=1)
b) Differentiator (sryrE=2)
c) Hilbert transformer (sryrE=3).

3) The frequency bands, specified by upper and
lower cutoff frequencies (epGe array) up to a maxi-
mum of 10 bands.

4) The desired frequency response (¢x array) in
each band.

5) A positive weight function (wrx array) in each
band.

6) The grid density (Lerip), assumed to be 16 unless
specified otherwise.

7) Impulse response punch option (seuncH).

Part 3) specifies the set F to be of the form F = UB;
where each frequency band B;is a closed subinterval of
[0, % . The inputs 4) and 5) are interpreted differ-
ently by the program for a differentiator than for the
other two types of filters (see thé err and wate sub-
routines in Figs. 3 and 4). The weight specification in
the case of a differentiator results in a relative error
tolerance as is used in all other cases.

The set F must be replaced by a finite set of points
for implementation on a computer. A dense grid of
points is used with the spacing between points being
0.5/(rarip X r) where r is the number of cosine basis
functions. Both D(f) and W(f) are evaluated on this
grid by the subroutines eFr and waTe, respectively.
Then the auxiliary approximation problem is set up
by forming D( f) and W( f) as above, and an initial
guess of the extremal frequencies is made by taking
r+ 1 equally spaced frequency values. The subrou-
tine remez (Fig. 5) is called to perform the calcula-
tion of the best approximation for the equivalent
problem. The mechanics of the Remez algorithm will
not be discussed here since they are treated elsewhere
for the particular case of low-pass filters [9]. (The
flowchart of Fig. 5 gives details about the mechanics
of the Remez algorithm as implemented in this design

program.)
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Input Filter Specs:
Filter Length (NFILT)

b

Grid Density (LGRID)

Type of Filter (JTYPE)

Number of Frequency Bands (NBANDS)
Card Punch Option (JPUNCH)

ERROR

Input Filter Specs:
2.

3.
wTX ()

t. Bandedges —- Array EDGE( )

Desired Function or Desired Siope
(Differentiator) in each band -Array FX( )
weighting constant for eoch band - Array

y

Caiculate the Number of
Functions (NFCNS). This

fitter type and filter length

Approximating
depends on the

WTX'qrruy 0.5/ (LGRID) {NFCNS)

Set up a dense grid array GRID with spucmg
between grid points equal to

FX array

SUBROUTINE
WATE to
cadlculate WT

Set up two arrays DES( ) and WT( )
containing the desired function value ond
the weight function at each grid point

SUBROUTINE
EFF to
calculate DES

Type t (Multibond)

0dd Length Even Length

Types 2 and 3 (Differentiator, Hilbert Transform)
>
»-

Even Length 0dd Length

change DES and wT
DES( j 1=DES(  )/cos| 7 GRID(j 1]

WT()=WT(j) cos[76RID(j )]

DES(j )=DES(j )/sin|  GRID(] 1]

WT(j)=WT() sin[ 7 eRID(j )]

DESI j )=DES( j ¥sin[ 27 GRID(j ]
WT(j)=WT() sin[ 2mGRID(j )]

The indices are stored

index values

Maoke an initial guess for the location of

the extremal frequencies. The location is
recorded by keeping track of the index of the
frequency in the GRID array.

Initial guess is NFCNS +1 equally spoced

in IEXT array.

N

Fig. 2. Detailed flowchart for filter design algorithm.

The appropriate equations (3)—~(12) are used to re-
cover the impulse response from the coefficients of
the best cosine approximation obtained in the remEZz
subroutine. The outputs of the program are the im-
pulse response, the optimal error (min || E(f)ll), and
the r + 1 extremal frequencies where E(f) = || E(f)|.

It is possible that one might want to design a filter

to approximate a magnitude specification which is .

not included in the scheme given above, or change the

weight function to get a desired tolerance scheme. A
flowchart of such a program is given in Fig. 6. In
such cases, the user must code the subroutines err and
waTE to calculate D(f) and W(f). The input is the
same as before, except that there are only two types
of filters, depending on whether the impulse sym-
metry is positive or negative.

A detailed program listing of the generalized design
program is given in the Appendix. Representative



IEEE TRANSACTIONS ON AUDIO AND ELECTROACOUSTICS, DECEMBER 1973

l

call REMEZ exchange algorithm

Type 1 Type 2 or Type3
lodd Length Even Length Even Length 0dd Length
H{j =172 a(NFeNs+1-1)| | M(j) =174 [a(NFONS +1-1)+ H{i) =174 [@{NFCNS +1- ) - H(j) =174 [2(NFCNS +1-) -
HINFCNS) =a (i) a{NFCNS +2~j) ] Q(NFCNS +2 -] a(NFCNS +3 -]
Where a array contains .
S H(1)=1/4 Q{NFCNS) H{1) =1/4 A (NFCNS) H (1) =1/4 Q{NFCNS)
coefficients of best e H -
cosine approximation H{NFCNS)=1/2 a{{)+ H(NFCNS)=1/2 a{{)- (2) =174 A (NFCNS-1)
1/4 a(2) 174 a(2) H(NFCNS) =1/2 a (1)~
174 a(3)
H{NFCNS+1) =0

Program Qutput

. Title

. Type of Filter

. Filter Length

. Impulse Response
Bandedges

. Desired value/slope in each band
. weighting in each bond

. Deviation in each band

. Deviation in dB for Type {
.Extremal Freguencies

O©CONOOH OGN~

s}

punch impulse response if
desired, JPUNCH =1

Fig. 2. (Continued.)

SUBROUTINE EFF

10R 3 2

FX{(2)
FX{4) &
— Ao®
FX(1) FX(3) s
¥ 6\09?'\ V
o 0.5 PR
Fxu) FX{(3)

EFF (F) = FX(])

for F e j-th band .
reel an EFF(F) =FX(j)+F

Evaluates desired function at a grid point

Fig. 3. Flowchart for subroutine EFF.
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Main Iteration Loop~-Statement 100

SUBROUTINE WATE

10R3 JTYPE -2

WATE (F) = WTX ()
for £ € jth band

WATE (F) ={

wWTx(j) if FX
WTX{jI/F if FX(}))#0

(j1=0

-

!

Evaluates weight function at a grid point

Fig. 4. Flowchart for subroutine WATE.

REMEZ

Set maximum number af iterations
ITRMAX = 25
Initialize iteration count
NITER=0O
Let n=# of approximating functions

|
|
|
|
|
|
|

r NITER=NITER + 1

NITER> ITRMAX
?

Go to 400
Calculation of
coefficients of

best approximation

Calculate the abscissae for the
Lagrange interpolation

X(]) =cos [2wF(])]
where F(}) are the extremal
frequencies

Calculate Lagrange interpoiation
coefficients using Subroutine D

. n . . -
apj)s T [xtiv-xti] tiep
i

Calculate the current value of the deviation
(DEV) and r|prlnt DEV.

an(]) Des [ IexT (j1]
&1

i
i) H . . .
lg‘(-nl"Ao( Jwr[1exTi )]

DEV =

[ record sgn (0EV) & set bEv=Joev] ]

Calculote ordinates for Lagronge interpolation
¥(j )= DES[TEXT(j)]+ (1)) DEV/WT[ZEXT (1]

DEV< .
DEV last time

OUCH
error
message

———»

Fig. 5. Detailed flowchart for subroutine REMEZ.

Ge to calculation
of coefficients
of best
approximation

511
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|

KLOW =0

by o(j

For the 1st extremal frequency set upper
KUP and lower KLOW limits on the
Grid points 1o be searched

KUP = TEXT (2}

Furthermore, iet the sign of the error at
each extremal frequency be denoted
i

search Loop—

Statement 200,

Have
we done the
search for n+t

Yes

Go to endpoint search (Statement 300) o
\d

extremol
frequencies
?

Subroutine GEE at GRID (K+1) where

I Evaluate Frequency Response using

K=IEXT{]}

(i.e. the grid point adjacent

to the jth extremal frequency), Then

Y . arrays

I

SUBROUTINE GEE

calculate the weighted error
ERR=WT(K+1) [ GEE (K+1)~ DES {K+1)]

No

There is a local maximum of
the error curve where the
signed error is greater than the
present deviation. Continue
the search at K+2, K+3,
...KUP untij this focal max

is found.

le

DEVS

0 Apim) Y{m)

z
2, X=X(m)
cEE(K) =T
E AD{M)
ety X-X{m)
where

X =cos{ 2mGRID(K)]

o(j) ERR
?

I

Calculate frequency response and
weighted error at index xK—1

There is a local mox of
error curve. Search K-2,
K~-3....KLOW until this local
max is found

.

4. Chonge this extrernal frequencq
2. Update KLOW and KUP for
next iterotion

Find sucha
local mox

DEV <
@ {j)ERR
?

200

Update KLOW
and KuP and

of loop

go to beginning!

KLOW= max{new TEXT( | )-1,IEXT(j)~1}
KUP=min {IEXT(j+2), NGRID}
3. Note that one extremol hos
changed
JCHNGE = JCHNGE +1

!

Go to beginning
of the loop
{Statement 200}

Find such o
local max

continue searching K-2,K-3,
-+ KLOW for 0 local mox
where signed error is
2DEV

Don't find B

tpdate KLOW
and KUP
and ge to 200

search K+2,K+3,--KupP for
a local max where signed
error 20EV

oon't find

Go 1o 200

Fig. 5. (Continued.)
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Statement 300-Endpoints search

?000’;" r;icfl\;‘ such a search those indices less than min {IEXT (1), new IEXT (1)}
for error with sign -o (1) and greater than the error

at new IEXT (n)

Find such o
local max

rstore the index and error volue ]

search those indices greater than max {IEXT(n),new IEXT(}| ring such a
for local max of the error curve with sign -o (n) local max
and error 2 error af new LEXT (1)
and error found above

bon't find such a
local max

Yés
IEXT for next iteration IEXT (1) = new IEXT (2}
IEXT {1) = index found above :
LEXT (2) = new IEXT (1} _ IEXT (n-1} = new IEXT (n)
TEXT (1) <new IEXT (A-1) lIEXT () = new TEXT () j TEXT{N) = index just found

JCHNGE Yes

>0 Go fo {00
?

T

l

|

l

L — .
statement 400 | o

£vaiuate GEE 0f NFCNS equaily spaced
points in the interval [0,1/2]

1 n-1
{O'Zn—s T 2n-

Tnverse DFT fo obtain coefficients of 1he
best cosine approximation

Fig. 5. (Continued.)

Input Filter Specs:
NFILT, JTYPE, NBANDS, JPUNCH, LGRID,
EDGE { ), FX{ ), WTX{ )

calculate number of approximating functions

and set up the dense grid
FX array

WTX array
SUBROUTINE SUBROUTINE
EFF N ' WATE
supplied by set up the arrays DES and WT supplied by
user | User
positive Symmetry Negative Symmetry
(Type 1) (Type 2)
j‘, .
0dd tength Even Length odd Length ’ Even Length
L _/

continued das in the main flowchart

Fig. 6. Flowchart for arbitrary magnitude filter design algo-
rithm. :
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R R R N e R )

FINITS IMPULLz Re3PONSL

(FI)

LINZAX PHASE UlGLTAL FILTER 9£3LIGN
RaMEZ CACHANG: ALGOR1THM
SANUPASS FILTER

FILTER LaNGTH = <4
¥E¥ES IMPULSE RISPJINSE #xxxs
H( 1) 5 0e387409.7c-U02 = il £Z+4)
H( 2) = 0,143938299c-01 = H( 23)
H( 3) = (.1U569360c~-01 = H( <2)
HO &) = 0.,2541%4¢67c=-02 = H( 21)
H( 5) = =0,15329392£~-01 = HC  2d)
HO 6) = =0,34085343c-01 = H( 1D
H( 7)) = -0,38112177c~01 = H( 13}
HC 8) = =0,14562%1lo9c=-01 = H{ 17}
HC  9) = J3.40089541c-01 = H(  16)
HC 18) = 0.,11540713c 38 = H(C 15)
H{ 11) = 0413350752 30 = pH( i4)
H{ 12) = 0,23354006c 40 = H( 13)
BANU i BAND 2 dAND
LONER BANU ciGe D JelbUaUGLU
UPPCK BANU clbGe Us 03050Uu0 JeSUGGUUUY
DesiReD VALUE 1.00306003u Ue
We LIGHTING 1. 0030CUIL il.U0UJLGGY
UEVIATION UeU1l243354 delllenodby
DeEVIATION IN OB -33.10803413 ~34.10883413
EATREMAL FREQUENCLIES
Ue Ge03043583 0.,0077083 0.03006006¢0 3.1630808
Ge1730208 G.2008750 Go2us337 Uoecd3700usl Js30148750
0,3737500 0.,4256251 B 4751043

N L e E E E S ey

TIME= 0,7694063 SZCUNUS

Fig. 7. Output listing for an N = 24 low-pass filter.

LOWPASS FILTER
N=24

MAGNITUDE

LOG MAGNITUOE (N dB
&
o
T

ol
—s0l
_?O —
. I\ 1 | |
&% o 0z o3 Y 05

FREQUENCY

Fig. 8. Magnitude responses, on linear and log scales, for an
N = 24 low-pass filter,

input card sequences are given for the design of a
bandpass filter and a differentiator. To approximate
an arbitrary magnitude response and/or an arbitrary
weighting function, all the user has to do is change
the subroutines err and ware and use the program in
the Appendix. In the next section, representative
filters designed using these algorithms are presented.

IV. Design Examples

Figs. 7-22 show specific examples of use of the de-
sign program for several typical filters of interest. For
each of these filters, one figure shows the computer
output listing (including the run time on a Honeywell
6000 computer), and the other figure shows a plot of
the filter frequency response on either a linear or a
log magnitude scale (or sometimes both). Figs. 7 and
8 are for an N = 24 low-pass filter. For this example,
the run time was 0.77 s. Figs. 9 and 10 are for an
N = 32 bandpass filter. This example is the first ex-
ample listed in the prologue to the program in the
Appendix. The run time for this example was 0.82 s.
Figs. 11 and 12 are for an N = 50 bandpass filter in
which unequal weighting was used in the two stop-
bands. Thus the peak error in the upper stopband is
ten times smaller than the peak error in the lower
stopband. A total of 2.96 s was required to design
this filter. Figs. 13 and 14 are for an N = 31 bandstop
filter with equal weighting in both passbands. For the
design of this filter 1.61 s were required.

To illustrate the multiband capability of the pro-
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E Yy T

FINITE IMPULSE RESPUNSE (FIR)
LINEAR PHASE UIGITAL FILTER DESIGN
REMCZ EXCHANGC ALGORITHM '
BANDPASS FILTER

FILTER LENGTH = 32

¥¥¥¥x IMPULSE RcoSPONSE *+¥x*¥«

HO 1) 5 =0e57538s¢1E=02 = H( 32)

HC 2) = 0.390271982-03 = H{ 31)

H( 3) = 08.757335456~02 = H( 30)

HO &) = =0,651411926-02 = H( 29)

HC 5) = 0.13360525c~01 = H( . 28)

HC 6) = 0.22351469E-02 = H{ 27)

HE 7)) = =0,19394067:-01 = H{ 26)

HC 8) = 0.71369560E-02 = H( 29)

HE 9) = =0.39657363E~01 = H( 24)

HO 10) = 0.11260114E=01 = H{ 23)

HG 11) = 0.68233643E~01 = H( 22)

H( 12) = =0:10497223E-01 = H( 21)

H( 13) = 0,85136133£-01 = H( 20)

HO 14) = =0,12024393€ 00 = H( 19)

H( 15) = =0.29678577¢ 30 = H( 18)

HO 16) =  04304103947E 00 = H{ 17)

BAND 1 BAND 2 * BAND 3 BAND

LOWER BAND EDGE 0, . 0e20000008 0,42500000
UPPER BAND EDGE 0,10000000 0435000000 0,50000000
DESIRED VALUE 0, 100000000 0o
WEIGHTING 10,00000000 1400000090 10.00000000
DEVIATION ’ 0,00151312 0401513118 0,00151312

DEVIATION IN D8 =56+ 40254641 ~36.40254641 =56, 40254641

EXTREMAL FREQUENCIES
U 0.8273437 00527344 0.0761719 0.0937500
0,2000000 0.2000000 0,219531¢2 G.2527344 0.2839844
0.3132812 0,3386719 0.3500000 0.4250000 0,4328125
04503900 0.4796875 :

L R e R T R e Y Y]
TIME= 068245625 Sz(CONDS

Fig. 9. ' Output listing for an N = 32 bandpass filter.

BANDPASS FILTER
N=32 .

. LOG MAGNITUDE IN.dB

4] 0.2 0.3 0.4 05
FREQUENCY

Fig. 10. Log magnitude response for an N = 32 bandpass filter.
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R O R R T X

FINITE LMPULSe RESPUNSE (FIR)
cIie AR PHASE DIGLITAL FLuTek OcSIGN
ReMEZ ZXCHANGE ALGURITHM
JANOPASS FILTekK
FLlLTeR LeNoTH = 54
#rexx IMPULSE ReSPUNSE *#xexs
= H{ 54}

H{ 1} = 0Qe.idobb4ulc-de =

H{ ¢l = U0e3d38.6298E~02 = H( 43)

H{ 3} = =0.31745254c-02 = H( 43)

Hi 4) = -0.51380034c-02 = H({ 47)

H{U 5) = 0.74350685E-02 = H( 45}

H{ B) = Qe38368361c-02 = H( 453)

" 7) = =0.11103735c-01 = H{ 4&4)

H{ 8) = =0.10101927c~01 = H{ 43

HO  9) = 0.89349206c-02 = H{ 42)

He 10) = 0.28380188c-02 = H( 41)

H{ 11) = 0.26032392£-02 = n( &)

HO 12) = 0.12821358c=01 = H( 39

H{ 13) = =0.20657142c=301 = H( 338}

H{ 14) = =0.271389007c=-01 = H( 37)

A 15} = 0.32337130e~01 = H( 33}

H{ 16) = 0.2830506132-01 = H( 35)

H{ 17) = -0.,20922041c-01 = H{ 34)

H( 18) = =-0.18761153c-02 = H{ 33}

H{ 19) = =-0.22823357£-01 = H{ 32)

H{ 20) = =-0.53926217e~01 = H( 31)

HU 21) = 0.30472539&-01 = H( 30)

H( 22) = 04123157728 40 = H{ 29)

H{ 23) = -0415639221c 080 = H{ 28)

H{ 24) = =8.17733448c 00 = HC 27

H{ 25) = 0,13078165E 00 = H{ 26)

BAND 1 BAMU 2 BAND 3 BAND

LOWER BAND EDUGE 8. J.200J00C8 0.350060800
UPPER BAND EDGE 0.15000000 Je30000CU0 0.50080000
DESIRED VALUE 0. i.00030008 de
WEIGHTING 10.000600000 1000000080 i00.000006000
DEVIATION 0.003705405 0.03705048 3.00037050
DeVIATION IN OB ~48.62012214 =28.62012214 ~68.62412262

cXTREMAL FREGUENGILES
Q. 040203000 0.0408G00 0.8612500 0.0812500
0.1012500 0.1225300 0,1412500 0.1500000 8.2000000
0.214806000 6.2287500 8.2503000 0,27125010 6.2908300
4.3000000 06.3500000 0.3537500 0.36375040 003762500
J.3925000 G.4099999 B.4287493 Setd 87439 0.4687499
0.4899993

FHERBEFF SRR R ERR LRI AR IR R RFEFFERARFRFE TR R SRR ERXFERRF S LT RRBRN RN

TIMe= 2,9562969 ScCONDS

Fig. 11. OQutput listing for an N = 50 bandpass filter with un-
equal weighting in the stopbands.

BANDPASS FILTER
N=50

LOG MAGNITUDE IN dB8

-100
-0}~

~120 i 1 1 It
o] o1 0.2 03 [oX) 05

FREQUENCY

Fig. 12. Log magnitude response of an N = 50 bandpass filter
with unequal weighting in the stopbands.
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P T X T R Y Rt R A R R I S R A e e s

FlwdTe [#dPULSc ReSPONSE (FIR)
LINEAR PHASE OIGITAL F1LTER OESIGN
ReMEZ ZACHANGE ALGORITHM

BANDPASS FILTER

FILTeR LENGTH = 31
FHEXE JMPULSE RESPUONSE ¥¥¥ex

HE 1) = =0.437c5300c~0c = HO  31)

HO 2) = 0,192953933£-01 = n( 30}

HO 3) = =0.56362301=~02 = H{ ¢

Al 4) = 0,52360280c-01 = H( 28

H{ 5) = 0.31550241F-02 = H( 27)

HU 6) = 0,43481227&4-01 = HE  25)

H{ 7y = 0.11696224E-01 = H{ ¢3)

Al 8) = =0.37915416c-01 = H{ 24}

HO  9) = 0e34344146c-02 = HE 23)

HO 18) = =0.875%99027:-01 = H{ 22)

HO 11) = =0.10393063£-01 = H{ <1}

H{ 12) = 0O.e4eu55166c-01 = H( 20)

H{ . 13) = -0.089347169c-02 = H( 1

dl 14) = 0,311443245 90 = HO 13)

AC 15) = 0.90029834c=-02 = H( 17)

H{ 15) = 0,45296733c 40 = H( 15)

BAND 1 BAnD & BAND &

LOWER oAND EZUGE Oe Jel5U0dLULD Jewl0dtuod
UPPCR Bany DGz UeiGU0G0UdD Ue3504udian 0.,580600vu0C
UESIRED VALUL isUduluudl Je l.00udBd0C
Wo [GHTING LsUUdulu0 5d.000J40000 1.U0000040
DEVIATIJIN Jorbuliclsnk dsbUcdo0ui Owiuul2uly
DeVIATION IN Db ~16.83153510 ~50,810935062 ~15, 833153510
EXTREMAL FRoGUENCICS

0
1]
0
U

. Ueu33Un25 040781250 0.1000000° 0.15000600
el2f81c¢o 4.1i753300 Ue20d7820 Ueclba7i8 Je2554048
«2828125 0.3082031 0.3335938 0.3500000 0.4258594
40230843 0,50000090

BAND

R

TiMe=

146110156 ScCONDS
Fig. 13. Qutput listing for an N = 31 bandstop filter.

BANDSTOP FILTER

LOG MAGNITUDE IN dB

o 0.2 0.3 0.4 05
FREQUENCY

Fig. 14. Logmagnitude response for an N = 31 bandstop filter.

gram, Figs. 15 and 16 show results for an N = 55
five-band filter with three stopbands and two pass-
bands. The weighting in each of the stopbands is
different, making the peak approximation error differ
in each of these bands. A total of 3.81 s was required
to design this filter. '

Figs. 17-20 show typical examples of single band
approximations to a differentiator and a Hilbert
transformer. Figs. 17 and 18 show results for an
N = 32 full band differentiator (this filter is the sec-
ond example listed in the prologue to the Appendix),

whereas Figs. 19 and 20 show results for an N = 20
Hilbert transformer where the upper cutoff frequency
is 0.5 and the lower cutoff frequency is 0.05. The
peak (relative) approximation error is 0.0062 for the
differentiator and 0.02 for the Hilbert transformer.
The design times for these two examples are 1.11 s
for the differentiator and 0.48 s for the Hilbert trans-
former.

Finally, Figs. 21 and 22 show an example of an
N = 128 bandpass filter with an arbitrary weighting
function of the form
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P R R R L LT T N I 2 RS T T Y )

FINITZ IMPUL3s ReSPINSE (FIR)
CliEAR PHASE GIGITAL FliTER Je3iGA
REMEZ E£XCHANGE ALSGURITHH

3ANOPASS Faulzar

FILTIR LENSTH = 55
*xexx IMPULSC RIZPONSE *¥¥xx

HU 1) = Jeldobeaved=de = nl 23)

HU 2} = 0.637776i53=0c¢ = H(  54)

Al 3) = 0,35755010£-02 = H( 53)

HO &) = =0,233677355¢8~02 = H( 52)

H(C 5) = =0,90306379£~02 = H( 51)

HO ®) = 1.231550292-02 = H( 54)

HO 7)) = B,340374652=02 = a( 43

HC 8) = 0.11172350e~01 = n(  438)

HU 9 = 0,116467595-01 = H{  47)

HE 16) = =0,33030784c=02 = H( 46

H 11) = =0,92884245E-02 = H( 45

H( 12) = =0,20406332c-01 = H( &44&)

H( 13) = =0,19460483:5-01 = H( 43)

HO 14) = 0431243013e=~01 = H( 42)

HC 15) = 0,63045567¢=02 = H{ 61)

H( 16) = =0420482303E-01 = H{ 4d)

HU 17) = 0,057405132=02 = A( 39)

A 18) = =0,11202127e=02 = H{ 38)

HE 19) = 0,41956985E=01 = H( 37)

HC 20) = 8,35784266£-01 = H( 36)

HU 21) =  0,.34744802E-01 = H( 35)

H( 22) = 0.7149635%E=01 = H( 34)

H( 23) = =0,17138331E 60 = H{ 33

HU 24) = =0,142550442 80 = H( 32)

H( 25) = 0,7405%9024E=01 = #( 31)

H( 26) = =0.10317421: 00 = HC 3D

H( 27) = 0,25716721E=01 = H( 23)

H( 28) = D,37813547c 00 = H( &8

BANG 1 BAND 2 BAND 3 BAND &

LOWcR BAND <DGE 0 Je106GO00GY Jer8u0000u U.300060000
UPPER BAND €DGE 0.05000008 de150d000d Qec506UB000 Ve 36000600
DESIRED VALUE [t L UGHd0U0U 0. 1.00000000

WEIGHTING 1000000000 1o UUUYIN00 3.00608000 1.6060006000
DEVIATION De 00344430 Je038444899 JeBlii1484380 U.03444829
QEVIATION IN D8  =49.c5057034  =23.,25057034  =38479839549 ~¢9.¢5057 004
) BAND 5 BAND
LOWzR BAND EUGE 0.41060000
UPPLR BAND DGE 0.53000000
DESIRED VALUE Je
WEIGHTING 20.0480600000
DEVIATION 0.00172243
DEVIATION IN OB -55.27717018
EXTREMAL FREGUENCIES . )
[ 0.0167411 0.0323061 B.0440423 0.6500300
0.1000000 0.1089266 0e1207057 Goiwe107 041500000
01880000 041855804 0.1974571 Doci348il 0.230223¢
0e2836160 0.2500000 0.33000600 0.3122768 0.3323661
0.350623¢ Ue3600000 0.4100000 044155804  0,4289732
Oetst57143 0.4635714 Dets314285 De506u00D

L sy Y R TR R R R L S P R S PSR 2N

TIME= 3.8164219 SECONDS ~
Fig. 15. Output listing for an N = 55 multiband filter.

MULTIBAND FILTER
N =55

-60

LOG MAGNITUDE IN dB

-70

~80

-90 L L 1
o o3} 0.2 03 04 05

FREQUENCY

Fig. 16. Log magnitude response for an N = 55 multiband
filter.
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FINITC IMPULSE RcOPONSE

(FIR)

LINCAR PHASE UIGITAL FILTER UESIGN
REMEZ EXCHANue ALGURITHM
DIFFERENTIATOR

519

FILTER LENGTH = &2
*e¥xy IMPUUSE RcSPONSE *¥exx
H{ 1) = =~0,82713091E=03 = =~H( 32)
H{ 2) = 0+85633433E-03 = -H({ 31)
H{ 3) = =0,42418549E~03 = =H{ 30)
H{ 4) = 0.39301548:-03 = -H({ 29)
H( 5) = =0,43437273E=03 = -H({ 28)
H( 6) = 0469969450-03 = =H({ 27}
HU 7)) = =0,596364961£=-03 = «H( 26}
H{ 8) = 0.73277031c-03 = -H{ 25)
H{ 9) = =0,93002681£-03 = =H( 24)
HC 10) = 0.12270062E-02 = -H({ 23}
H( 11) = =0,17812820£-02 = =H{ 22}
H(O 12) = 0425272341E~02 = =H({ 21)
HC 13) = -0,41601159€-02 = -H( 20)
H{ 14) = 0,81294555£-02 = -H( 19)
H( 15) = =0,22539097e-01 = ~H( 18)
H{ 16} = 0.20266535t 030 = =H( L7}
BANU 1 dANU
LOWCR BAND £06GE Qe
UPPLR SAND EUGE Ue5000u000
DESIRcD SLOPE 1,00000080
WEIGHT ING 1.000000u0
DeVIATION UeOUb2l231
eXTREMAL FReQUENTSIES »
0,0019531 0.0332031 0,06064062 0.0396034 0.1328125
Jelowinen Ue1372050 0.2304087 0.2636719 0.2968750
043300781 fe303281¢ 043945312 Uett277 344 044589844
04863281 0.,5000008

LR LR R R E R R e R A L R L L R R R R R Y

TIME= 1,1072656 SSCUNDS N
Fig. 17. Output listing for an N = 32 differentiator.

DIFFERENTIATOR
N=32

{a)

MAGNITUDE

0 05

00082

—

ERROR

{c)

RELATIVE
ERROR

-00062 s

FREQUENCY

Fig. 18. Magnitude and error responses for an N = 32 dif-
ferentiator.



520 IEEE TRANSACTIONS ON AUDIO AND ELECTROACOUSTICS, DECEMBER 1973

D N N R A R R Ry Yy Yy I T R Y YN LN

FINITe IfAPULsc ReSPUNSe (FIR)
LINEAr PHASE UIGLTAL FloTes Jcd3IGN
REMIZ ZACHANG: ALGURITHH
ALLBERT TRANSFURMer

FliTeR LaNGTH = £9

FEXFX IMPULDE RUSPONSL *¥¥¥e¥

HO 1) = deaolicbrd9c-0L = =-d( 20)
H( 2) = 0.18173287c=-01 = =HA(C 13)
H( 3) = 03,20452437c-ul = -H{ 13)
H( ) = D0,237363882&=-01 = =-H( 17)
H( 5) = 0.39852580E-01 = ~H( 1i6)
HA 6) = 0.55333300c=-01 = ~4( 15)
H( 7y = 0a478542752c-01 = -H( i4)
H( 8) = 04118237552 00 = =-H( 13}
H{ 9) = 0,20664125c J0 = =H{ 12}
H(C 10) = 0.63475519E 00 = - ( 411)
BAND { BAND

LUWER BAND ciGe 0,05000000

UPPzR BAND DG Ge500000ud

DESIREY VALUL L1.000008000

We IGHTING 1400800000

DEVIATION Ve 2055604

EXTREMAL FReQUENCIeS
0.0530080 Va0B56254 UeilsL12541 Ueittb8750 041937200
8.2437500 0.2937500 Ge34o3750 0e3368751 0.4500001
32000000

Y T T T R O YT R Py T S T L L TR PN

TIME= 0,4825937 SZCANDS
Fig. 19. Output listing for an N = 20 Hilbert transformer.

HILBERT TRANSFORMER
N=20

o
n
o
1

(a)

o
o
tn

MAGN| TUDE é MAGNITUDE
[<J (o]

0.0205

(c)

ERROR
|

-0.0205

0.05 0.5
FREQUENCY

Fig. 20. Magnitude and error responses for an N = 20 Hilbert
transformer.
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A E I I AR R e Ry Y R Y T YT YR TE RN ¥

FINIYE IMPULSE RESPONSE (FIR)
LINEAR PHASE DIGITAL FILYER DESIGN
REMEZ EXCHANGE ALGORITHM
RANDPASS FILTER

FILYER LENGTH = 128

¥xx%3 IMPULSE RESPONSE *»»»»

H{ 1) = ~0,20662533E~02 = H( 128)
H{ 2) = 0.68616867E~03 = H( 127)
HU 3) = 0.48620260FE-03 = M( 126)
H{ &) = 0,67255029E-03 = H({ 125)
H{ 5) = 0.93764407E~03 = H( 124)
H{ 6) = 0.68375566E~03 = H{ 123)
H{ 7) = <«0,15411847E-03 = H( 122}
H{ 8} = -0,97912618E-03 = H({ 121)
HU 9) = ~0.10910514E-02 = H( 120)
H{ 10) = <0,35942515E-03 = H( 119)
H{ 11) = 0,74040653E~-03 = H( 118)
H{ 12 = 0.15280502E-02 = WK{ 117}
H{ 13) = 0.15296961E-02 = W( 116)
HE 14) = 0.72595198E-03 = H( 115)
H{ 15) = -~0.406411612E-03 = H{ 114)
H{ 16) = -0,11471390FE-02 = H( 113)
H{ 17) = «0,10636777E-02 = M( 112)
H{ 18) = «0,33855668E-03 = H( 111)
H{ 19) = 0,390A6916E~-03 = H( 110)
H{ 20y = 0,5¢175241€E~03 = H( 109)
H{ 21) = 0.29497579E~03 = H( 108R)
H{ 22) = 0.,14988618F-04 = H( 107)
H{ 23) = 0,28683I373E~-03 = H{ 1086)
H{ 24) = 0.10619103E~02 = H{ 105)
H{ 25) = 0,15913830F-02 = H{ 104)
H{ 26) = 0.93133046E~03 = H( 103)
H{ 27) = -0.115010853E-02 = H({ 102)
H{ 28) = -0,358161984E-02 = H{ 101
H{ 29Y = «0,44120705E~-02 = H( 100)
H{ 30) = ~-0,21995665E~02 = H( 99)
H{ 21) = 0.26225995E~02 = H({ 98)
H{ 32) = 0,73509685E-02 = H( 97)
H{ 33) = 0.84703702E~-02 = H( 96)
H{ 34) = '0,40213218F-02 = H{ 95)
H{ 3%) = «0,44717526F-02 = H{ 94)
H{ 36) = -0.12166497E~01 = H{ 93)
H{ 37) = =0.13554154F-01 = H{ 92)
Hf{ 38) = -0.62183138E-02 = H( 91)
H( 39) = (0,67914337E-02 = H( 90)
H{ 40) = 0.17947235F-01 = H{ 89)
H( 41) = 0.,19518513F-04 = H( 388)
H( 642) = 0.8?7717158€-02 = H( 87)
H{ 43) = =0.93473921F-02 = H( 36)
H{ 44) = -0,24259875E-01 = H{ 85)
H{ 45) = ~3,2590%5771E~01 = H{ 84)
H{ 45) = ~0,11425838E-01 = H( 83)
H{ 47) = 0.12021431E-01 = H( 82)
H( 48) = 0,30664341E-01 = H( B81)
H{ 49) = 0.32239440€-01 = H( 80)
H{ 50) = D,14040583F=01 = H( 79)
HU S1) = -§.14528282F-01 = H({ 78)
H{ 52) = =0.36550244F-01 = H( T77)
H{ 53) = -0,37904738E-01 = H{ 76)
HU 54) = -0,1F241339E-01 = HW( 73)
H{ .55) = £.,16669269f-01 = H{ T74)
H{ 56) = 0.41368275E~01 = H{ T73)
HU 57) = (0.42361176E-01 = H( 72)
H{ 58) = §.17925027E-01 = H{ 71)
H{ 59) = -0.18188843E-01 = H({ 70}
H{ €0) = -0.44592980E~01 = H{ 69}
H{ 61) = ~(3,45118319E-01 = H( 68)
H{ 62) = -0.18354116E~01 = H{ 67)
H{ €3) = 0.18954474F-01 = H{ 66)
H{ B84) = 0.45897002E-01 = H{ 65)

Fig. 21. Output listing for an N = 128 bandpass filter with
arbitrary weighting characteristics.
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BAND 1 RAND 2 BAND 3 BAND 4
LOWER BAND EDGE 0. 0.12000000 0.15000000 0.25000000
UPPER BAND FDGE 0.10000000 0.13000000 0.25000000 6.50000000
DESTIRED VALUE Ce 1.00000000 0. 0.
WEIGHTING 10.00000000 1.00000000 10.00000000 10.00000600
DEVIATICN 0.00500134 0.05001341 0.00500134 0.0050013%
DFVIATICN TN DR ~4€,01827145 ~26.01827145 -46.01827145 ~46.,01827145

EXTREMAL FREQUENCTIES
0. 0.0102539 g.02001a5 0.0288086 0.0371094
0.0454102 0.0532227 0.0610352 0.0688477 0.0761719
0.0834961 0.0898437 0.0952148 0.0986328 0.1000000
0.1200000 0.1248828 0.1300000 0.1500000 0.1514648
0.1548828 0.1602%39 0.1666016 0.1734275 0.1807617
0.1880859 0.1958984 0.2027109 8.2115234 0.2193359
0.227148¢4 0.2349609 0,2427734 0.2509766 0.2592773
0.26708938 0.2749023 0.28271u8 0.2910156 0.2988281
0.30€6406 0.3144531 0.3222656 0.3305664 0.3383789
0.3461914 0.3540039 0.3618164 0.3696289 0.,3779297
0.3857422 0.3935547 0.4013672 0.4091797 0.4169922
0.4252930 0.4331055 0.4409180 0.4487305 0.4565430
Be.4642555 0.u4721680 0.4804687 0.4882812 0.4960937

R S R R R s S T R

TIME= 22.7952969 SECONDS
Fig. 21. (Continued.)

RO TR user. The speed of the algorithm, as well as its gen-
10 N=128 erality, make this program an attractive one for a
0 wide variety of design applications.
-0
@
v—20
4
g-30 Appendix
E-40
g PROGRAM FOK THE DESIGN OF LINEAR PHASE FINITE IMPULSE
;'5Of RESPONSE (FIR) FILTERS USING THE REMEZ EXCHANGE ALGOKITHM
'GOl JIM MCCLELLANs RICE UNIVERSITYs APRIL 13+ 19734
8 THREE TYPES OF FILTERS ARE INCLUDED~-HBANOPASS FILLTIERS
4_70 DIFFERENTLATORSs AND HILBERT TRANSFORM FILTERS
-80 THE INPUT DATA CUNSISTS OF 5 CARUS
— i | i 4444J .
Y R E—t 03 o4 o5 CARD 1--FILTER LENGTHy TYPL OF FILTEK. 1=MULTIPLE

PASSBAND/STOPBANDs 2-0UIFFERENTIATORs S=HILBER! TRANSFORM
FILTER. NUMBER QOF BANDSs CARD PUNCH QESIREDs AND 6KID
DEWSITY,

FREQUENCY
Fig. 22. Log magnitude response for an N = 128 bandpass
filter with arbitrary weighting characteristics. CARD 2--UANDEDGESs LOWER AND UPPER EVGES FOR EACH BAND
WITH A MAXIMUM Of 10 BANUS.

CARD 3=~DESIREL FUNCTION (OR LESIREU SLOPE IF A

r DIFFERENTLATUR) FOR EACH BAND.
_10_ 0<f< 0.1
1- 9f = f\ . CARD 4--WLIGHT FUNCTION LN EACH BAND. FOR A
DIFFERENTLATUR, THE WEIGHT FUNCTION 1S INVERSELY
PRUPURTIUNAL TU Fe .
1 012</<0.13 THE FOLLOWING INPUT DATA SPECLFIES A LENGTH 32 BANDPASS
W() =< FILTER wiTH STUPBANDS G TU Dol AND D.%25 TO 0.5+ AND
10 PASSBAND FROM 0.2 TU 0435 WITH WELGHTING UF 10 IN Tht
_ 0.16 < f< 0.25 STOPBANDS AND 1 IN THE PASSBAND, THE IMPULSE KESPONSE
9f - 1.25 WILL BE PUNCHED ANU THE GRID DENSITY IS 82, IHIS IS THE
: FILTER IN FIGUKES 9 AND 10 IN THE TEXI,
SAMPLE INPUT CAlA SETULP
10 0.25< < 0.5. 5211¢511152
0104140620 043540,4204045
01140
1041410

Thus the tolerance scheme is linear in the intervals
0< < 0.1and 0.15< < 0.25. The error at the
stopband edges is 0.0005 (-66 dB), and the peak
error increases linearly to 0.005 (-46 dB). The time

THE FOLLOwING Input DATA SPECIFIES A LENGTH 32 WIDLBANU
DIFFERENTIATOR wiTH SLOPE 1 ANu WEIGHIING OF 1/F, THE
IMPULSE ReSPONSE wilt NUT e PUNCHED ANWL THE K10
DENSITY 1S ASSUMED TO BE lee THLS IS THE FILIEK 1IN
FIGURES 17 AND 18 I THt TeXT.

3212419090

OO OO0 NONCO0OOONN0NNN00A00O00ONCONAN0AN0000

required to design this filter was 23.8 s. 9iue®
1.0
Summary COMMON PIZeAULDEVeXeYouRITIUES+WT o ALPHAVIEXT «NFUNSNGRID

DIMENSION IEXT(bb)+AD(a6) 1ALPHA(EE) 4 X(EB) Y ibo)

3 s : SIMENS JUN H( )
A general-purpose linear phase FIR filter design DIMENSION DES(1045) vGRIDC1045) swT (1ubb)
] ] ] ] 1 DIMENSLIUN ELGE (20) «FX(L0) sWTIX(10) e DEVIATILO)
program is presented which is capable of des1gn11}g a PR oAt SU-RL
wide variety of standard filters as well as any desired OOUBLE PRECLSION ALLEVeX+Y

. . e ps P1226,2831890(07179580
magnitude response which can be specified by the P1=5.141592653589793
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c C
C THE PROGRAM IS SET UP FOR A MAXIMUM LENGTH OF 128« BUT C CALL THE REMEZ EXCHANGE ALGORITHM TO U0 THE APPROXIMATION
C THIS UPPER LIMIT CAN BE CHANGED BY REUIMENSIQONING THE C PROBLEM
C ARRAYS JEXTe¢ AD+ ALPHAW X¢ Ye¢ H TO BE NFMAX/2 + 2. c
C THE ARRAYS DES, GRIDy AND WT MUST DIMENSIONED CALL REMEZ(EUGE+NBANUS)
C 16(NFMAX/2 + 2). c
c . C CALCULATE THE IMPULSE RESPONSE.
NFMAX=128 c
100 CONTINUE IF(NEG) 30050043520
JTYPE=( 300 IF(NODULEG.O) 6O TO 31u
c DO 309 J=lenml
C PROGRAM INPUT SECTION 505 HIJI=0,9*%ALPRA(NL=U)
C . HINFLNS ) =ALPHAC(L)
READ * ¢NFILTvJTYPENBANUS+JPUNCH¢LGRID GO Tu 350
IF(NFILTGT,NFMAX.,OR.NFILT.LT43) CALL ERROR 310 H{1)=0.25%ALPHA(NFCNS)
IF(NBANDS.LE+0) NBANDS=1 DO 315 J=2ehMl
c 215 H(U)I=0,25% LALPHA(NZ=J) +ALPHA(WFCNS+2=4))
C GRID DENSITY 1S ASSUMED TO BE 16 UNLESS SPECIFIED FHNFCNS) S0 o 9% ALPHATL) +0 4 25%ALPHA (&)
C OTHERWISE - G0 Tu 350
c 320 IF(NULUUWEG.0) GO T0 33y
IF(LGRID,LE.D) LGRID=16 H(1)=0.25%ALPHA (NFCND)
JB=2«NBANDS : Ht2)=0,25%ALFHA(NML)
READ *4 (EDGE(J)sJ=1¢UB) DO 325 J=3eiwml
READ *¢ (FX(J) ¢J=14NBANDS) 325 H(J)Z0,25% (ALPHA (NZ=J) =ALPHA(NFCNS+3=J))
READ *¢ (WTX(J) +J=1+NBANDS) : HINFUNS) =0« 5%ALPHA (1) =0« 25%ALPHA(3)
IF(JTYPECEQeD) CALL ERROR HINZ)=0e0
NEG=1 G0 TO 350
IF(JTYPE,EQe1) NEG=0 330 H(1)30.,25%ALPHA(NFCNS)
NODD=NFILY/2 00 335 Jz=2+NM1 .
NODD=NFILT~=2%NODD 335 H(J)=0,25% (ALPHA(NZ-u)~ALPHA(NFCNS+2~J))
NFCNS=NFILT/2 HINFCNS) =0, 5*ALPHA (1) ~0+25%ALPHA(2)
IF (NODD+EQs1+ANDINEGEQs0) NFCNS=NFCNS+1 c
c L PROGRAM OUTPUT SECTION,
C SET UP THE DENSE GRID, THE NUMBER OF POINTS IN THE GRID C .
€ IS (FILTER LENGTH + 1)*GRID DENSITY/2 350 PRINT 360 .
C 360 FORMAT(1Hi+ 7O0(1H*)//25X+'FINITE IMPULSE RESPONSE (FIR) v/
GRID(1)=EDGE(1) 125X+ *LINEAR PHASE DIGITAL FILTER DESIGNt/
DELF=LGRIO*NFCNS 225X¢ "REMEZ EXCHANGE ALGORITHM'/)
DELF=0,5/DELF IF(JTYPEWEQ.1) PRINT 365
IF(NEG.EQ,0) GO TO 135 v 365 FORMAT(25Xy *BANDPASS FILTER'/)
IF(EDGE(1)sLT.DELF) GRID(1)=DELF IF(JTYPELEQ,2) PRINT 370
135 CONTINUE 370 FORMAT (25X *DIFFERENTIATOR'/)
J=l IF(JTYPEJEQ,3) PRINT 375
L=1 375 FORMAT (25X +*HILBERT TRANSFORMER'/)
LBAND=1 PRINT 378¢NFILT
140 FUP=EOGE(L+1) 378 FORMAT(15X+*'FILTER LENGTH = *,13/)
145 TEMP=GRID(J) PRINT 380
[ ] 380 FORMAT(15Xe"*%xx* IMPULSE RESPONSE #*x%x1)
C CALCULATE THE DESIRED MAGNITUDE RESPONSE AND THE WEIGHT DO 381 JZ1+NFCNS- :
C FUNCTION ON THE GRID KeNFILT+1=J
c . ) IF(NEG.EQ,0) PRINT 382+JsH(J) +K
DES(J)=SEFF(TEMP+FX+WTXyLBAND +JTYPE) IF(NEG.EQ@.1) PRINT 383¢JsH(J) ¢K
WTCJ)SWATE(TEMP o FX ¢ WTX ¢ LBAND ¢ JTYPE) - 381 CONTINUE !
NENESY ) 382 FORMAT(20X¢*H(*¢I3¢*) = "4EL5.,84' = H(TeI4s*) ")
GRIU(J)=TEMP+OELF 383 FORMAT(20Xs*H('eI31%) = *4EL15¢84" = ~H("¢J4e")")
IF(GRIU(J) «GT,FUP) 60 Tu 150 ’ IF(NEG.EQ+1.AND.NOUD.,EQs1) PRINT 384¢NZ
GO TO 145 384 FORMAT(20Xe'H(*+I34*) = 0,0")

150 GRIO(U=1)=FUP | . DO 450 K=1:NBANDS+4
DES(U~1)=EFF (FUP+FXenTX1LBAND+ITYPE) KUP=K+3 .

WT (J=1)SWATE(FUP+FXeNTX+LBAND ¢ JTYPE) IF(KUP,GT.NBANDS) KUP=NBANDS
LBAND=LBAND+1 PRINT 3850 (JeJ=KeKUP)

L=L+2 . 385 FORMAT (/24X +4(YBAND'¢I13+8X))

IF (LBAND,GT«NBANDS) GO TO 160 PRINT 390+ (EDGE(2%J»1) «J=K+KUP)
GRID(J)=EDGE(L) 390 FORMAT(2X¢'LOWER BAND EDGE*15F15,9)
GO TO 140 PRINT 395+ (EDGE(2%J) v K¢ KUP}

160 NGRID=J-1 395 FORMAT(2X.'UPPER BAND EDGE®+5F15.,9}
IF(NEG,NE.NODD) GO TO 165 IF(JTYPELNE.2) PRINT 400+ (FX(J) ¢ JSKeKUP)
IF(GRID(NGRID) +6To(0s5~DELF)) NGRIUSNGRID=~1 400, FORMAT (2Xy *DESIRED VALUE*42X45F15.9)

165 CONTINUE IF(JTYPELEQ+2) PRINT 405¢(FX(J}rJ=KeKUP)

c . . 405 FORMAT(2X¢*DESIRED SLOPE'¢2X+5F15,9}
C SET UP A NEW APPROXIMATION PROBLEM WHICH IS EQUIVALENT PRINT 410« (WTX(J) ¢ JEKIKUP)
€ TO THE ORIGINAL PROBLEM 410 FORMAT(2X+*WEIGHTING*v6X¢5F15,.9)
c ) DO 420 JsK«KUP
IF(NEG) 170+1704180 420 DEVIAT(J)SDEV/WTX(J}

170 IF(NODD.E@.1) GO TO 200 PRINT 425¢(DEVIAT(J) ¢+ JSKyKUP)

DO 175 J=1¢NGRID 425 FORMAT(2X+*DEVIATION' ¢«6X¢5F15,9)
CHANGE=DCOS(PI*GRID(V)) IF(JTYPEJNE«1) GO TO 450
DES(J)=DES(J) /CHANGE U0 430 JzKekUP

179 WT(J)=wT (J)*CHANGE 430 UEVIAT(J)=20.0%ALOGLO0(UEVIAT(J))

G0 TO 200 PRINT 4354 (BEVIAT(J) vUzKeKUP)

180 IF(NODD.EG.1) GO TO 199 435 FORMAT(2X e UEVIATION LN DBY45F15.9)
DO 185 J=1¢NGRID 450 CONTLINUE
CHANGESDSIN(PL*GRID(J)) PRINT %455¢ (GRIOCLEXT(W) ) ed=1eNZ)
DES(J)=DES(J) /CHANGE 455 FORMAT (/2X¢ *EXTREMAL FREQUENCIES'/(2X+15F1247))

185 WT(J)=WT (J)*CHANGE . PRINT . 460 .

GU TO 200 460 FORMAT(/1Xe70(1H%)/1H1)

190 DO 195 J=1+NGRID IF (UPUNCHWNESO) PUNCH %e¢ (H(J) +J=1 +NFCNS)
CHANGE=DSIN(PI2*GRID(J)) IF(NFILT,NE.0) 60 70O 100
DES(J)=DES (J)/CHANGE RETURN

195 WT(J)I=WT(J)*CHANGE END

C .
C INITIAL GUESS FOR THE EXTREMAL FREQUENCIES=-EWUALLY FUNCTION EFF (TEMPVFXeWTX¢LBANDsJTYPE)
C SPACED ALUNG THE GRID c
c C FUNCTION TO CALCULATE THE UESIRED MAGNITUDE RESPONSE
200 TEMP=FLOAT(NGRID=1)/FLUAT(NFCNS) C AS A FUNCTION OF FREQUENCY.
DO 210 J=1+NFCNS c
210 IEXT(J)=(J=1)xTEMP+1 DIMENSION FX(5) «WTX(5)
IEXT(NFCNS+1) =NGRID IF(JTYPE,EQ,2) 60 TO 1
NM1=NFLNS~-1 EFF=FX (LBAND)

NZ=NFCRS+1 RETURN
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o000

OO0OOOO0O0O0O000

1 EFF=FX(LBAND)*TEMP
RETURN
END

FUNCTION WATE(TEMP+FX+WTXsLBAND,JTYPL)

FUNCTION TO CALCULATE THt WEIGHT FUNCTION AS A FUNCTION
OF FREQUENCY.

DIMENSION FX(5)+WTX(5)
IF(JTYPE.EQ,2) GO TO 1
WATE=WTX(LBAND)

RETURN

1 IF(FX(LBAND).LT,0.,0001) GO TO 2
WATE=WTX(LBANG) /TEMP
RE TURN
2 WATESWTX(LBAND)
RETURN
END
SUBROUTINE ERROR
PRINT 1
1 FORMAT (' *kxkxxxk*xtk* ERROR IN INPUT DATA *&kkkkkkkk?)
sTOP
END

SUBROUTINE REMEZ (EDGE+NBANDS}

THIS SUBROUTINE IMPLEMENTS THE REMEZ EXCHANGE ALGORITHM
FOR THE WEIGHTED CHEBYCHEV APPROXIMATION OF A CONTINUOUS
FUNCTION WITH A SUM OF COSINES. INPUTS TO THE SUBROUTINE
ARE A DENSE GRID WHICH REPLACES THE FREQUENCY AXISs THE
DESIRED FUNCTION ON THIS GRIDe THE WEIGHT FUNCTION ON THE
GRIDs THE NUMBER OF COSINES, AND AN INITIAL GUESS OF THE
EXTREMAL FREQUENCIES, THE PROGRAM MINIMIZES THt CHEBYCHEY
ERROR BY DETERMINING THE BEST LOCATION OF THE EXTREMAL
FREQUENCIES (POINTS OF MAXiIMUM ERROR) AND THEN CALCULATES
THE COEFFICIENTS OF YHE BESY APPROXIMATION,

COMMON PI2¢ADOEVeXsY+1GRIDYDES+WTeALPHA+IEXT ¢ NFCNS+NGRID
DIMENSION EDGE(20)

DIMENSION IEXT(66) ¢AD(66) +ALPHA(66) +X(66)4Y(66)
DIMENSION DES(1045) «GRID(1045) +WT(2045)

DIMENSION A(66)+P(65)+Q(65) :

DOUBLE PRECISION PI2+DNUM+DUEN'DTEMP+AsP+Q

DOUBLE PRECISION AD+DEVsX+Y

THE PROGRAM ALLOWS A MAXIMUM NUMBER OF ITERATIONS OF 25

ITRMAX=25

DEVL==1.0
NZ=NFCNS+1

NZZ=NF CNS+2

NITER=0Q

CONTINUE
IEXT(NZZ)=NGRID+1
NITER=NITER+1
IF(NITER,GT. ITRMAX)
DO 110 J=1+NZ
DTEMP=GRID(IEXT(J))
DTEMP=pCOS{DTEMP*P12)
X(J)=DTEMP
JET=(NFCNS~1)/15+1
00 120 J=1+NZ
AD(JI=D(JINZYJET)
DNUM=0,0

DDEN=0,0

K=1

D0 130 J=1+NZ
L=IEXT(J)
DTEMP=AD(U) *UES (L)
ONUMSDONUM+OTEMP
DTEMP=K*AD(J) /WT{L)
DOEN=DDEN+OTEMP
K=+<K
DEV=UNUM/DDEN
NU=1
IF(DEV.6T.0.,0)
UEV=-NU*DEV
K=NU

DO 140 J=1eNZ
L=IEXT ()
OTEMP=K*DEV/WT (L)
Y (J)=OES (L) +LTEMP
K==K
1F(DEV,GE.DEVL)
CALL OUCH

60 TO 400
DEVL=DEV
JCHNGE=0
K1z=1EXT(1)
KNZ=IEXT(NZ)
KLOW=4

NUT==NU

J=1

100

60 TO 400

110

120

130

NU==1

14u
60 TO 159

150

o0Oo0On

SEARCH FOR THE EXTREMAL FREQUENCIES OF THE BEST

APPROXIMATION

200

210

215

239
«33

260

300

310

315
320

325

330

. 1IF(DTEMP,LE,0.0)

YNZ=COMP
60 TO 300

IF(J,EQ.NZZ)
IF(J,GE.N2Z)
KUP=IEXT (J+1)
L=IEXT(J)+1
NUT==NUT
IF(J.EG.2)
COMP=0EV
IF(L,GE«KUP)
ERR=GEE(LWNZ)
ERK=(ERR=DES (L)) *WT(L)
DTEMP=NUT*ERR~-COMP
IF(DTEMP.LE.0,0) GO TO
COMP=NUT*ERR
L=L+1
IF(L.GE.KUP)
ERR=GEE(L+N2Z)
ERR=(ERR~QES (L) ) *WT (L)
DTEMP=NUT*ERK~COMP
IF(DTEMP.LE.0,0) GO TO
COMP=NUT*ERR

60 To 210

IEXT(J)=L~-1

J=Jd+

KLOW=L=~1
JCHNGE=JCHNGE +1

60 TO 200
L=L=-1

L=L=~1
IF(L,LE«KLQOW)
ERR=GEE(L+NZ)
ERR=(ERR=-DES (L)) Wi (L)
DTEMP=NUT*ERR-COMP
IF(DTEMP,6T+0,0) GO TU
IF(JCHNGE«LE.D) 60 TU 2
GO Tu 260
COMP=NUT*ERK
L=b~1
IF(L,Li«KLOW)
ERR=GLE(L*NZ)
ERR=(ERK-DES(L) ) *WT L)
DTEMP=NUTXEKR-COMP
IF(OTEMP.LEua0) GO TO
COMP=NUT*ERK

G0 To 235
KLOW=L1eXT ()
IeXT(Ji=L+1
J=d+1
JCHNGE=JCHNGEL+1
G0 TO <00
L=IEXT(J)+2
IF(JCHNGE.GT.0)
L=L+1
IF(L.GL.KUP)
ERR=GEE(LNZ)
ERR=(ERR~DES (L) )*wT (L)
DTEMP=NUT*ERK-COMP
IF(DTEMP.LE.0.0) GO 10
COMP=NUT*ERR
GO VO 210
KLOW=1EXT (J)
NENTS Y

GO0 Yo 200
IF(JsGTWNZZ)
IF(KL.6TJIEXT (1))
IF(KNZLLT L IEXT(NZ))
NUT1=NUT

NUT==NU

L=0

KUP=K1
COMP=YNZ*(1,00001)
LUCK=1

L=b+1
IF(L.GE.KUP)
ERR=GEE(LvNZ)
ERR=(ERR-DES (L) ) *AT (L)
DTEMP=NUT*ERR~COMP

IF (DTEMP.LE.0.0) GO TO
COMP=NUT*ERR
J=Nzz

GO0 TO 210
LUCK=6

GO TO 325
IF{LUCK+GT.9)
IF(COMP.GTsY1)
K1=1EXT(NZZ)
L=NGRID+1
KLOW=KNZ
NUT==NUT1
COMP=Y1%(1,00001)
Lzl-1
IF(LJLE«KLOW)
ERR=GEE(L+NZ}
ERR=(ERR=DES (L) ) *WT (L)
DTEMP=NUT*ERR~-COMP

G0 10

Y1=COMP

GO TO 220

60 TO 215

GO TO 250

60 TO 240

GO TO 2

60 TO 2p0

GO TO 320

KNZ

G0 TO 315

60 TO 350
Y1=COMP

G0 TO 340

Jzhzz
COMP=NUT*ERR
LUCK=LUCK+10
GO TO 235
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220

215

230
25

240

15

255

K1=IEXT(1)
=1EXT (NZ)

310

330
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340 IF(LUCK.EQs6) GO TO 370
DO 345 J=1e+NFCNS

345 IEXT(NZZ-J)=IEXT{NZ=-J)
IEXT(1)=K1
GO TD 100

350 KN=1EXT(NZ2)
DO 360 J=1+NFCNS

360 IEXT(u)=IEXT(J+l)
IEXT(NZ)=KN
GO TO 100

370 IF(JCHNGE.GT,0) GO TO 100

CALCULATION OF THE COEFFICLENTS OF THE BEST APPROXIMATION
USING THE INVERSE DISCRETE FOURIER TRANSFORM

400 CONTINUE
NM1=NFCNS-1
FSH=1+0E~06
GTEMP=GRID(1)
X(NZZ)==2.,0
CN=2xNF{NS=-1
DELF=1,0/CN
L=1
KKK=0
IF(EDGL(I)-EQ'O'O-AND-EDGE(Z&NBANDS).E0.0 5) KKK=1
IF(NFCNS,LE«3) KKK—l
IF(KKK.E@.1) GO TO 405
UTEMP=DCOS(PI2%GRID(1))
DNOM=DCOS(PI2%GRID(NGR]ID))
AAZ2,0/(DTEMP~DNUM) .
B88=~(DTEMP+ONUM)/ (DTEMP=DNUM)
405 CONTINUE
00 430 J=1+NFCNS
FT=(J=1)*DELF
XT=0COS(PI2%FT)
IF(KKK.EQel) GO TO 410
XT=(XT=BB)/AA
FT=ARCOS{XT)/PI2
410 XE=X(L)
IFIXT.GTXE) GO TO 420
IF((XE~ XT)-LT FSH) GO TO 415
Lal+1
GO TO 410
415 AGJ)=Y(L)
GO TO 425
IF((XT-XE)-LT FSH) GO YO 41%
GRID(1)SFT
ACJI=GEE(1+NZ)
425 CONTINUE
IF(L.GT41) L=L=1
430 CONTINUE
GRID(1)=GTEMP
DDEN=PI2/CN
DO 510 J=1e¢NFCNS
DTEMP=0.0
DNUM=( J=1)*DDEN
IF(NM1,LT.1) GO TO 505
DO 500 K=1aNM1
500 DTEMP=DTEMP+A{K+1)*DCOS{DNUMRK)
505 DTEMP=2, 0*DTEMP+A(1)
510 ALPHA(J)=DTEMP
DO 550 J=2+NFCNS
550 ALPHA(U)=2%ALPHALJ) /LN
ALPHA{1)=ALPRHALL) /LN
IF(KKK.tG 1) GO TO 545
P(21)=2, 0%ALPHA (NFUNS) *BO+ALPHA (ML)
P(2)=2,0%AAXALPHA (WFLNS)
W(Ll)SALPHA(NF(NS=2) =ALPHA(NFCNS)
DO 540 Js2ehMl
IF(JoLTeNM1) GO TO 515
AAZ0.5%AA
BB=U.5%88

420

515 CONTINLE

P(J+2)=0,40
00 520 K=l4v
A(K)=P(K)

520 P(K)=2,0%88%n (K}
P(2)=P(2)+A(L)*%24,0%AA
GMl=d-1 .

DU 525 K=ledMi

522 P(KIZP(K)I+Q(K)+AAXA(K+1)
JPl=J+]

DL D30 Kz=3,JP}

530 P(K)=P(K)+AA*A(K=1)
IF(J,ExgeNML) GO TU 540
00 535 K=lev

535 @(KI=-aA(K)

Q(1)=Q@ (3 ) +ALPHA(NFCNS=1-J)

540 CONTINUE
DO 543 JzleNFLNS

543 ALPHA(J)=FP(J)

545 CONTINUE .
IF(NFCNS«GT.d) RETURN
ALPHA(NFCNS+1)=040
ALPHA(NFCNS+2)=0.0
RETURN
£ND

DOUBLE PRECISION FUNCTLON U(KeNeM)

525

C FUNCT1ON TG CALLULATE THt LAGRANGE INTERPOLATIUN
C COEFFICIENTS FOR USL IN THE FUNCTION brk.

[
1
2
3
[
C
[
[
1
1
Refe

COMMON PIZvALUCUEV X eYeGRIDIDES+WTeALPHAIEXT «NFCNS +NGRIG
DIMENSIUN 1EXT(66)4AD(66) 1ALPHA(66) 41X (66)4Y166)
DIMENSION DES(L1045) +6RIDIL045) +WT(1045)

DOUBLE PRECISION ADeUEVeXeY

DOUBLE PRECISION @

DOUBLE PRECISION PI2

0=1,40

@=X(K)

DO 3 L=1W

D0 2 JzLNem

IF(J=K)11+¢241

V=2 0%D*(QuX(U) )

CONTINUE

CONT INUE

D=1.0/D

RETURN

END

DOUBLE PRECISION FUNCTIUN GEE(K.N)

FUNCTION TO EVALUATE Tk FREQUENCY RESPONSE UdDING TrE
LAGRANGE INTEKPULATION FURMULA IN Trt BARYCENTRIC FOKrm

CUMMON PI2¢AUsQEVIXeY1GRIVIUES o wT o ALPHA S LEX T o WFCAS NGRID
DIMENSLUN IEXT(66) +AUl60) +ALPHA(66) + X1 66) 4 Y(Eb)
CIMENSIUN DES(1U45) +6GRID(L045) ewT (104D)

DOUBLE PRECLISION PeCoUsAF

DOUBLE PRECISLION P12

DOUBLE PRECISICN AUsUEVeXeY

P=0.0

XF=60R1IUtK)

XF=DLUS(PI2%XF )

Oz=0.0

D0 1 J=1eN

C=XFeX(J)

C=AD(U)/C

P=0+C

PIP+CXY (J)

GEozH/U

RETURN

E£NU

SUBROUTINE OUCH

PRINT 1

FORMAT(® ##xersxkkssxs FAILURE TU CUNVERGE #k*kksokkkxt/
1*0PRObBASLE CAUSE 1S MACHINE ROUNDING ERROR'/

210THE IMPULSEL RLBSPONSE MAY BE UCURKECTY/

3'0CHECK W1TH A FREWUENCY RESPONSE')

RETUKN

END
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Computer Recognition
of the Continuant
Phonemes in
Connected English
Speech

RUSSELL J. NIEDERJOHN, Member, IEEE, and
IAN B. THOMAS, Member, IEEE

Abstract—A method of phoneme recognition of connected
speech is described. Input to the system is assumed to consist
of the 24 continuant phonemes in connected English speech.
The system first categorizes each successive 20-ms segment of
the input speech utterance as either voiced fricative, voiced
nonfricative, unvoiced fricative or no-speech, utilizing a mea-
sure of the relative energy balance between low and high fre-
guencies. Next, the recognition of each 20-ms segment is per-
formed from a distribution of axis-crossing intervals of speech
prefiltered to emphasize each formant frequency range. Seg-
mentation is performed from the results of the recognition of
each 20-ms segment and from changes in categorization.
Finally, the results of the recognition of each 20-ms segment
between each pair of segmentation boundaries are combined
and the phonemic sound occurring most frequently is printed
out. The systém has been trained for a single male speaker.
Preliminary results for this speaker and for four 3-4-s sentences
indicate: a correct categorization decision for about 97 per-
cent of the input 20-ms segments, a correct recognition for
about 78 percent of the input 20-ms segments, and an overall
correct phoneme recognition for about 87 percent of the input
phonemes.

I. Introduction

Phoneme recognition of speech by machine has
been a subject of increasing interest in recent years.
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As a result, numerous techniques have been devel-
oped and applied [1]1-[14]. In these techniques, the
difficulties associated with achieving phoneme recog-
nition in total generality have forced the employment
of constraints on the input speech utterance accept-
able by recognition systems. Such constraints include
a limitation on the size of the vocabulary (number of
phonemes), a limitation on the “naturalness” of the
utterance and a limitation on the number of speakers
acceptable by the system. The employment of these
three constraints, with varying degrees of restriction,
has been universal in phoneme recognition systems.

In the system described in this paper, the input
speech utterance is constrained to consist of the con-
tinuant phonemes in connected English speech.
Hence, 24 of the possible 40 or so phonemes of En-
glish are acceptable to the recognizer. The system
recognizes: the eleven vowels, /i, I, e, 2, A,a,5,u, U,
o, &/; the four voiced fricatives, /v, 5, z, 5/; the four
unvoiced fricatives, /f, 0, s, [/; the three nasals /m, n,
n/; the two semivowels, /1, r/, and the null phoneme
(no speech). It does not presently recognize: the
vowel glides, /e, aU, al, > I, iU/; the consonant glides,
/i, w/; the affricatives, /tf, d3/; the stop consonants,
/b, d, g, p, t, k/; or the glottal fricative /h/. The
group of phonemes to be recognized was chosen pri-
marily as a result of the high accuracy achieved in an
initial study when recognizing these samé phonemes
uttered in isolation [14]. It was of interest to deter-
mine if this high accuracy of recognition could be ac-
complished for this same group of phonémes in con-
tinuous speech. The resulting recognition system is
one that vocabulary restrictions can be lessened as
methods of recognizing the remaining phonemes are
developed and applied. The constraint on the “natu-
ralness’” of the spoken utterance acceptable to the
system is not made. It is assumed that no attempt is
made to enhance recognition by other than ‘‘normal”
enunciation or ideal noise conditions. Finally, the
system as implemented is “‘trained” to accept speech
from one talker. A suitable training procedure is
therefore required prior to recognition.

Four sentences containing 107 phonemes were used
as a test of the recognition system. The system re-
sponded correctly for about 87 percent of the pho-
nemes. It responded incorrectly for about 4.5 per-
cent and failed to respond for about 8.5 percent of
the phonemes.



