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The help message for every command can be obtained with the option “-h”. The help message
brings explanation of the command, how to use, as well as its options.

Example: for the command mcep (% is the shell prompt)

> % mcep -h

>
> mcep - mel cepstral analysis

>

>  usage:

> mcep [ options ] [ infile ] > stdout

>  options:

> -a a : all-pass constant [0.35]
> -mm : order of mel cepstrum [25]

> -1 1 : frame length [256]

> -h : print this message

> (level 2)

> -1 i : minimum iteration [2]

> -j J : maximum iteration [30]

> -dd : end condition [0.001]
> -e e : small value added to periodgram [0]

> infile:

> windowed sequences (float) [stdin]
>  stdout:

> mel-cepstrum (float)

For more information related to this toolkit, please refer to http://sourcetorge.net/projects/sp-tk/.
In this site, the “Examples of Using Speech Signal Processing Toolkit” documentation file can be
downloaded. If you have any bug reports, comments, or questions related this toolkit, please use
the bug-tracker on SPTK websife. We will try to answer every question, but we cannot guarantee
it.


http://sourceforge.net/projects/sp-tk/
http://sourceforge.net/tracker/?group_id=176586
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NAME
acep — adaptive cepstral analysis(4; 5)
SYNOPSIS
acep [-mM]J[-IL][-tT][-KK][-pP]l[-s][—-<eE][-P Pa]
[ pefile ] < infile
DESCRIPTION

acep uses adaptive cepstral analysis (&), (5), to calculate cepstral coefficients from un-
framed float data from standard input, sending the result to standard output. If pefile is
given, acep writes the prediction error is written to that file.

Both input and output files are in float format.

The algorithm to calculate recursively the adaptive cepstral coefficients is

) = o _/J(n)@g(Tn)

Vel = —2e(m)e™  (r=0)

Vel = -2(1-17) ) T e(e”  (0<T<1)

@8(:1) = T@a‘(f_l) —2(1 = )e(n)e™
k

K Meg™

" = 2" + (1 - De’(n)

(n —

where ¢ = [c¢(1),...,c(M)]™, e™ = [e(n—1),...,e(n—M)]". Also, the gain is expressed
by ¢(0) as follows:

1
c(0) = 5 log g™

In Figure [, the system for adaptive cepstral analysis is shown.

LMA filter /

x(n) 1/DG) =€(’1)

[

Figure 1: Adaptive cepstral analysis system
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OPTIONS

-m M order of cepstrum

-1 L leakage factor 4

-t 7  momentum constant T

-k K stepsizek

—-p P output period of cepstrum

—S output smoothed cepstrum

—-e E  minimum value for &™

—-P  Pa number of coeflicients of the LMA filter using the Padé approx-
imation. Pa should be 4 or 5.

EXAMPLE

ACEP

[25]
[0.98]
[0.9]
[0.1]

(1]
[FALSE]
[0.0]

(4]

In this example, the speech data is in the file data.f in float format, and the cepstral
coefficients are written in the file data.acep for every block of 100 samples, and the

prediction error can be found in data.er.

acep -m 15 -p 100 data.er < data.f > data.acep

SEE ALSO
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NAME

acorr — obtain autocorrelation sequence
SYNOPSIS

acorr [-m M ][l L][infile]
DESCRIPTION

acorr calculates the m-th order autocorrelation function sequence for each frame of float
data from infile (or standard input), sending the result to standard output. Namely, the
input data is given by

x(0), x(1),...,x(L-1),

and the autocorrelation is evaluated as

L-1-k
r(k) = Z xmx(m+k),  k=0,1,..., M,

m=0

and the output is the following autocorrelation function sequence,
r(0),r(1),...,r(M)

Both input and output files are in float format.

OPTIONS

-m M order of sequence [25]
-1 L frame length [256]

EXAMPLE

In the example below, the input file data.f 1s in float format. Here, the frame length and
period are of 256 and 100, respectively. Also, every frame is passed through a Blackman
window and the autocorrelation function sequence is sent to data.acorr.

frame -1 256 -p 100 < data.f | window | acorr -m 10 > data.acorr

SEE ALSO
£2aci, levdud
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NAME

agcep — adaptive generalized cepstral analysis(9)

SYNOPSIS
agecep [-mM][—C][-1L][-tT][-KK][-pP]
[-s][—n][—e E ][ pefile ] < infile

DESCRIPTION

agcep uses adaptive generalized cepstral analysis (9) to calculate cepstral coeflicients
¢,(m) from unframed float data in the standard input, and sends the result to standard
output. In the case pefile is given, agcep writes the prediction error to this file.

Both input and output files are in float format.

The algorithm which recursively calculates the adaptive generalized cepstral coeflicients
is shown below.

(n+1) _ L) _ ()7 (1)
¢, =¢, - Vel

Vey! = —2¢,(nel”  (r=0)

Ve = —2(1 - 1) Z P (e (0<T<]1)
Vel = Vel = 2(1 - 1)ey(n)e)
k
(n) _
K= em
g™ = Ae" + (1 - Ded(n)

where ¢, = [¢,(1),...,c,(M)]", e, = [e,(n —1),...,e,(n — M)]". The signal e,(n) is
obtained by passing the input signal x(n) through the filter (1 + yF (z))_%_l, where

M

F(z) = Z ¢, (m)z".

m=1

In the case where y = —1/n and n is a natural number, the adaptive generalized cepstral
analysis system is as shown in Figure . In the case n = 1, the adaptive generalized
cepstral analysis is equivalent to the LMS linear predictor. Also, when n — oo, the
adaptive generalized cepstral analysis is equivalent to the adaptive cepstral analysis.
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x(n) 1 e,(n) e(n)
(1+yF@) " l+yF(z)
(a)-1<y<0
x(n) = e,(n) e(n)

1-F@z) [—

(b)y=-1

x(n) e(n) = e, (n)
—] exp F(z) ——

©vy=0

Figure 1: Adaptive generalized cepstral analysis system

OPTIONS
-m M order of generalized cepstrum [25]
—c C power parameter y = —1/C for generalized cepstrum [1]
-1 L leakage factor 4 [0.98]
-t 7 momentum constant T [0.9]
-k K stepsizek [0.1]
—-p P output period of generalized cepstrum [1]
- output smoothed generalized cepstrum [FALSE]
-n output normalized generalized cepstrum [FALSE]
—-e E  minimum value for ™ [0.0]
EXAMPLE

In this example, the speech data is in the file data.f in float format and the prediction error
can be found in data.er. The cepstral coefficients are written to the file data.agcep,

agcep -m 15 data.er < data.f > data.agcep

SEE ALSO

pcep, grmeep, 2lsadi
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NAME
amcep — adaptive mel-cepstral analysis(11; 172)
SYNOPSIS
amcep [-mM][-aA][-IL][tT][-KK][-pP][-s][-eFE]
[-P Pa ][ pefile ] < infile
DESCRIPTION

amcep uses adaptive mel-cepstral analysis to calculate mel-cepstral coeflicients c,(m)
from unframed float data in the standard input, sending the result to standard output. In
the case pefile is given, amcep writes the prediction error to this file.

Both input and output files are in float format.

The algorithm which recursively calculates the adaptive mel-cepstral coefficients b(m) is
shown below

e — pm _'u(n)@s(Tn)
Vel = ~2e(n)el)  (r=0)

Vel = —2(1-7) Y ey  (0<7<1)

Vel = 7Vl — 2(1 - 7)e(n)e
k
K= Mo
g = 2"V + (1 - Ve’ (n)

(n) _

l

1 ey(n) ex(n) e3(n)

Figure 1: Filter @,,(z)

where b = [b(1),5Q2),...,b(M)]", € = [e)(n), ex(n), . .., ex(M)]”, e,(n) is the output of
the inverse filter, which is obtained as shown in Figure [, passing e(n) through the filter
D,,(2).
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The coeflicients b(m) are equivalent to the coefficients of the MLSA filter, and the mel-
cepstral coefficients c,(m) can be obtained from b(m) through a linear transformation

(refer to bZmd and mcZH).
Thus, the adaptive mel-cepstral analysis system is shown in figure D.

The filter 1/D(z) is realized by a MLSA filter.

/

M
1/D() = exp ) | =b(m) @(2)
m=1

L ®,,(z)

Figure 2: Adaptive mel-cepstral analysis system

x(n)

e(n)

OPTIONS
-m M order of mel-cepstrum
—-a A  all-pass constant «
-1 L leakage factor A
-t T  momentum constant T
-k K stepsizek
—-p P  output period of mel-cepstrum
- output smoothed mel-cepstrum

—-e E  minimum value for ™
—-P Pa number of coefficients of the MLSA filter using the Padé ap-
proximation. Pa should be 4 or 5.

EXAMPLE

[25]
[0.35]
[0.98]
[0.9]
[0.1]

[1]
[FALSE]
[0.0]

(4]

In this example, the speech data is in the file data.f in float format, and the adaptive mel-
cepstral coefficients are written to the file data.amcep for every block of 100 samples:

amcep -m 15 -p 100 < data.f > data.amcep

SEE ALSO

gcep, EEeep, mc’2h, b2md, imlsadt
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NAME

average — calculate mean for each block

SYNOPSIS
average [-1L][-n N ][ infile]

DESCRIPTION

average calculates the mean value for every L-length block from infile (or standard in-
put), sending the result to standard output.

For the input data
x(0), x(1),...,x(L-1)

the output is calculated as follows:

xO0)+x(1)+...+x(L-1)
L

If L = 0, then the whole input data is used to calculate the average.

Both input and output files are in float format.

OPTIONS

-1 L number of items contained 1 frame [0]
-n N order of items contained 1 frame [L-1]

EXAMPLE

The output file data.av contains the mean taken from the whole data in data.f, in float
format.

average < data.f > data.av

SEE ALSO
histogram, wsmm, VsTal
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NAME

b2mc — transform MLSA digital filter coefficients to mel-cepstrum

SYNOPSIS
b2mc [-m M ][ -a A ][ infile ]

DESCRIPTION

b2mc calculates mel-cepstral coefficients c,(m) from MLSA filter coefficients b(m) in
the infile (or standard input), sending the result to standard output.

Input and output data are in float format.

The transformation from b(m) coeflicients to mel-cepstral coefficients c,(m) is as fol-

lows:
{ b(M) m=M
Co(m) =
bm)+abm+1) 0<m<M

The command b2mc and mc2b are in inverse conversion relationship to each other.

OPTIONS

-m M order of mel cepstrum [25]
—-a A all-pass constant @ [0.35]

EXAMPLE

The example below converts the coefficients of an MLSA filter, which are in file data.b
in float format, into mel-cepstral coefficients in file data.mcep, with M = 15 and a =
0.35.

b2mc -m 15 < data.b > data.mcep

SEE ALSO
mc?H, prcep,



10 BCP Speech Signal Processing Toolkit BCP

NAME
bcp — block copy
SYNOPSIS
bep [-1I][-LLI[-nn][-NN][-ss][-SS][-ee]l-ff]
[ +type ] [ infile ]
DESCRIPTION
bep copies data blocks from infile (or standard input) to standard output, and reformats
them according to the command line options given.
If the input format is ASCII, the basic input unit is a sequence of letters and the output
block is partitioned with carriage returns.
| nput B I,n+1 .
0 S e I-1n
Output
| £f] | FEFFF |
v S L-1LN
D LN+1 "
Figure 3: Example of the bcp command
OPTIONS
-1 [/ number of items contained 1 block [512]
-LL L number of destination block size [N/A]
-n  n order of items contained 1 block [1-1]
-N N order of destination block size [N/A]
—-s s start number [0]
-S § start number in destination block [0]
—-e ¢ end number [EOF]
—f f fill into empty block [0]
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+t data type [f]
¢ char (1 byte) C  unsigned char (1 byte)
short (2 bytes) S unsigned short (2 bytes)
i3 int (3 bytes) I3 unsigned int (3 bytes)
1 int (4 bytes) 1 unsigned int (4 bytes)
1 long (4 bytes) L unsigned long (4 bytes)
le long long (8 bytes) LE unsigned long long (8 bytes)
f float (4 bytes) d double (8 bytes)
ASCII letter sequence
EXAMPLE
Assume that a(0), a(1), a(2), ... , a(20) is contained in the input file data.f, written in float
format. If one wants to copy the array a(1), a(2), ... , a(10), the following command can
be used.

bcp +f -1 21 -s 1 -e 10 data.f > data.bcp

A different example with respect to the same input file data.f follows
bcp +f -1 21 -s 3 -e 5 -S 6 -L 10 data.f > data.bcp
In this example, the output block is

0, 0, 0, 0, 0, 0, a(3), a(4), a5, o

SEE ALSO

bend, mrergg, reversa
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NAME
bcut — binary file cut
SYNOPSIS
becut [-sS ][-eE]J[-1L][-nN ][ +type ][ infile ]
DESCRIPTION
bcut copies a selected portion of infile (or standard input) to standard output.
OPTIONS
—-s S start number [0]
—e FE end number [EOF]
-1 L block length [1]
-n N block order [L-1]
+t input data format [f]
¢ char (1 byte) C  unsigned char (1 byte)
s short (2 bytes) S unsigned short (2 bytes)
i3 int (3 bytes) I3 unsigned int (3 bytes)
i int (4 bytes) I unsigned int (4 bytes)
1  long (4 bytes) L unsigned long (4 bytes)
le long long (8 bytes) LE unsigned long long (8 bytes)
f float (4 bytes) d  double (8 bytes)
EXAMPLE

In the example below, the input file data.f in float format is cut from the 3rd to the 5th
float point:

bcut +f -s 3 -e 5 data.f > data.cut
For example, if the file data.f had the following data
1,2,3,4,5,6,7

the output file data.cut would be
4,5,6.

If the block length is assigned:

bcut +f -1 2 data.f -s 1 -e 2 > data.cut
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then, the output file would contain the following data,

3,4,5,6

If the stationary part, say from the sample 100, of the output of a digital filter excited
with pulse train is desired, then the following command can be used:

train -p 10 -1 256 | dfs -a 1 0.8 0.6 | bcut +f -s 100 > data.cut

In this case, the file data.cut will contain 156 points.

If we generate a data.f file passing a sinusoidal signal through a 256-length window as
follows

sin -p 30 -1 2000 | window > data.f

and we want to take only the third window output, we could use the following com-
mand:

bcut +f -1 256 -s 3 -e 3 < data.f > data.cut

SEE ALSO

bep, orerge, reverse
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NAME

bell — ring a bell
SYNOPSIS

bell [num]
DESCRIPTION

bell rings a bell num times.
OPTIONS

num  number of times bell rings [1]

EXAMPLE

This example rings bell 10 times:

bell 10
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NAME

c2acr — transform cepstrum to autocorrelation

SYNOPSIS
c2acr [-m M, ][-M M, ][ -1 L]][infile ]

DESCRIPTION

c2acr calculates M,-th order autocorrelation coefficients from M;-th order cepstral co-
efficients in the infile (or standard input), writing the result to standard output. Given the
cepstral coeflicients

c(0),c(1),...,c(My)

the corresponding autocorrelation coefficients are given by

r(0),r(1),...,r(M,)

Both input and output files are in float format.

The power spectrum is calculated from the logarithm spectrum, which is obtained from
the Fourier transform of the M;-th order cepstral coefficients. The autocorrelation coef-
ficients are obtained through the inverse Fourier transform of the power spectrum.

OPTIONS
-m M; order of cepstrum [25]
-M M, order of autocorrelation [25]
-1 L  FFT length [256]
EXAMPLE

In the following example, the 15-th order linear prediction coefficients are calculated
from the 30-th order cepstral coefficients in data.cep and the result is sent to the data.lpc.

c2acr -m 30 -M 15 < data.cep | levdur -m 15 > data.lpc

SEE ALSO
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NAME
c2ir — cepstrum to minimum phase impulse response
SYNOPSIS
2ir [AL][-m M, ][-M M, ][ -]l infile]
DESCRIPTION
c2ir calculates the minimum phase impulse response from the minimum phase cepstral
coefficients in the infile (or standard input), sending the result to standard output. For
example, if the input sequence is
C(O)’ C(l)’ C(2)’ ) C(Ml)
then the impulse response is calculated as
h(0) = exp(c(0))
h(n) = Ik
) h(n) = Z Zeh(n—-k) nx>1
=1
and the output will be given by
h(0), h(1), h(2), ..., h(L — 1)
Both input and output files are in float format.
OPTIONS
-m M, order of cepstrum [25]
-M M, length of impulse response [L-1]
-1 L  order of impulse response [256]
—i input minimum phase sequence [FALSE]
If the number of cepstral coefficients M, is not assigned and the order of the cepstral
analysis is less then L, then the number of coeflicients read is made equal to M.
EXAMPLE
The output file data.ir contains the impulse response in the range n = 0 ~ 99 obtained
from the 30-th order cepstral coefficients file data.cep, in float format:
c2ir -1 100 -m 30 data.cep > data.ir
SEE ALSO

£2sp, £Zaci
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NAME

c2sp — transform cepstrum to spectrum

SYNOPSIS
c2sp [-mM][-1L][-p][-o0O]l[infile]

DESCRIPTION

c2sp calculates the spectrum from the minimum phase cepstrum from infile (or standard
input), sending the result to standard output. Input and output data are in float format.

OPTIONS
-m M order of cepstrum [25]
-1 L frame length [256]
-p output phase [FALSE]
-0 O output format [0]

if the “—p” option is not assigned then

0=0 20xlog|H{)
O=1 In|H®)
O0=2 |H®)

if the “—p” option is assigned then

O0=0 arg|lH@Q)|+n [nrad]
O=1 arg|H(z)| [rad.]
O=2 arg|H(z7)| x 180 +nm [deg.]

EXAMPLE

The example below takes the 15-th order cepstrum from the file data.cep in float format,
evaluates the running spectrum, and presents it in the screen:

c2sp -m 15 data.cep | grlogsp | xgr

SEE ALSO
beTs,
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NAME

cdist — calculation of cepstral distance

SYNOPSIS
cdist [-m M ][-o0 O][-f]cfile [ infile ]

DESCRIPTION

cdist calculates the cepstral distance between the cepstral coefficients in infile (or stan-
dard input) and the ones in cfile, sending the result to standard output. For example, if
the cepstral coefficients of the infile at frame ¢ are

c140), e, (1), €1(2), ..., c1(M)
and the cepstral coefficients in cfile at frame ¢ are

€24(0), c2,(1), €2/(2), ..., c2,(M)
then the squared cepstrum distance for every frame is given by

M
d() = ) (c14(k) = e2,(0))?

k=1

and the total cepstral distance between both files is

1 T
d:T;d(t)

If the number of frames in the two files is different, then cdist will consider the smallest
number for the evaluation.

OPTIONS

-m M order of minimum-phase cepstrum [25]
-0 O output format [0]

0=0 2%~2d{@ [db]
O=1 d@

O=2 ~d@)

—f output frame by frame [FALSE]

EXAMPLE

In the example below, the squared spectral distance of the 15-th order cepstrum files
datal.cep and data2.cep, both in float formats, is evaluated and displayed:

cdist -m 15 datal.cep data2.cep | dmp +f
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SEE ALSO

[CTp, [EECTY, AIICT, [IICTP
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NAME
clip — data clipping
SYNOPSIS
CIip [ =Y Ymin Ymax ] [ _ymin Ymin ] [ —ymax yqx ] [ lnﬁle ]
DESCRIPTION
clip clips the data from infile (or standard input) between the minimum and maximum
values specified on the command line, sending the result to standard output.
Input and output data are in float format.
OPTIONS
-y Ymin Ymax ~lower bound & upper bound [-1.01.0]
—-ymin  y,,;, lower bound (ymax = inf) [N/A]
—-ymax  Vux upper bound (ymin = -inf) [N/A]
EXAMPLE

Suppose that the data in data.f is in float format and presents the following values,
1.0,2.0,3.0,4.0,5.0,6.0
If we type the command
clip -y 2.5 5.5 < data.f > data.clip
then the output data.clip will contain the following values.

2.5,25,3.0,4.0,5.0,5.5



DA Speech Signal Processing Toolkit DA 21

NAME

da — play 16-bit linear PCM data

SYNOPSIS

da [-sS][-cC][-gG][-aA][-00][-w][-HH]
[—v ][ +type ][ infilel ][ infile2 ] ...

DESCRIPTION

da plays a series of input files (or standard input) on a system-dependent audio output de-
vice. If the system does not support the specified sampling frequency, da up-samples the
data to a supported frequency. This command can be used under Linux (1386), FreeBSD
(1386 newpcm driver), SunOS 4.1.x, SunOS 5.x (SPARC).

It is possible to change the environment settings through the following options

DA_GAIN gain
DA_AMPGAIN amplitude gain
DA _PORT output port

DA_HDRSIZE  header size
DA _FLOAT set the input data to float

OPTIONS

|
7]
9]

sampling frequency, it can be used the following sampling fre- [10]
quencies 8, 10, 11.025, 12, 16, 20, 22.05, 32, 44.1, 48 (kHz).

- G gain [0]
—-a A amplitude gain(0..100) [N/A]
-0 O output port(s : speaker, h : headphone) [s]
-W execute byte swap [FALSE]
—-H H header size in byte [0]
-v display filename [FALSE]
+type  input data format [f]

¢ char (1 byte) C  unsigned char (1 byte)

s  short (2 bytes) S unsigned short (2 bytes)

13 int (3 bytes) I3 unsigned int (3 bytes)

1 int (4 bytes) I unsigned int (4 bytes)

1  long (4 bytes) L  unsigned long (4 bytes)

le long long (8 bytes) LE unsigned long long (8 bytes)

f  float (4 bytes) d double (8 bytes)

EXAMPLE

In the following example, the speech data file data.s is played on the headphone. The
sampling frequency is 8 kHz, and the input data is in short format.
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BUGS
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da +s -s 8 -o h data.s

In Linux operating systems, the output port can not be assigned.

DA
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NAME

dct — DCT-1I

SYNOPSIS
det [-1L][-1]1[-d][infile]

DESCRIPTION

dct calculates the Discrete Cosine Transform II (DCT-II) of the input data in the infile
(or standard input), sending the results to standard output. The input and output data are
both in float format, and arranged as follows.

Data bl ock 1 Data bl ock 2

size : si ze size : si ze
I nput

Real part Im. part Real part Im. part

Data bl ock 1 Dat a bl ock 2
si ze : si ze si ze : si ze

After DCT - -
(Output)

Real part Im. part Real part Im. part

The Discrete Cosine Transform II can be written as:

2 & n 1
X = \/;Ck;xlCOS{z]C(l-l-E)}, [=0,1,---,L

where
1 (1<k<L-1)
C, =
Tl yV2 k=0
OPTIONS
-1 L DCT size [256]
- | use complex number [FALSE]

-d don’t use FFT algorithm [FALSE]
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EXAMPLE

In this example, the DCT is evaluated from a complex-valued data file data.f in float
format (real part: 256 points, imaginary part: 256 points), and the output is written to
data.dct:

dct data.f -1 256 -I > data.dct

SEE ALSO
i,
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NAME

decimate — decimation (data skipping)

SYNOPSIS
decimate [-p P][—s S ][ infile]

DESCRIPTION

decimate picks up a sequence of input data from infile (or standard input) with interval
P and start number S, sending the result to standard output.

If the input data is
x(0), x(1), x(2), ...

then the output data is given by:

x(S), x(S + P),x(S +2P), x(S +3P),...
Input and output data are in float format.

OPTIONS

—-p P decimation period [10]
-s § start sample [0]

EXAMPLE

This example decimates input data from data.f file with interval 2, interpolates 0 with
interval 2, and then outputs the results to the file data.di:

decimate -p 2 < data.f | interpolate -p 2 > data.di

SEE ALSO
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NAME

delay — delay sequence

SYNOPSIS
delay [-sS 1[-f1[infile]

DESCRIPTION

delay delays the data in infile (or standard input) by inserting a specified number of zero
samples at the beginning, and sends the result to standard output. For example, if we
want to delay the following data

x(0), x(1),...,x(T)
as in
0,...,0,x(0), x(1),...,x(T).
————

S
We only need to set the “—s” option to §

0,...,0,x(0), x(1),...,x(T = S).
s

Both input and output files are in float format.

OPTIONS

-s § start sample [0]

—f keep file length [FALSE]
EXAMPLE

If we have the following data in the input data.f file
1.0,2.0,3.0,4.0,5.0,6.0

and we use the command below
delay -s 3 < data.f > data.delay

then the output file data.delay will be
0.0,0.0,0.0,1.0,2.0,3.0,4.0,5.0,6.0

As another example, if we want to keep the same size of the input file, we can use the
following command,

delay -s 3 -f < data.f > data.delay

and the output data.delay will be
0.0,0.0,0.0,1.0,2.0,3.0
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NAME

delta — delta calculation

SYNOPSIS

delta [-mM][AL][-tT][-d(fnldyld...D][-rNg Wi [W2]]

[ -R Nk Wiy Wy [Wey W11 [ -M magic | [ infile |

DESCRIPTION

delta calculates dynamic features from infile (or standard input), sending the result (static
and dynamic features) to the standard output. Input and output are of the form:

input..., x,0),...,x,(M),...
output. .., x,(0),..., (M), AVx,0),...,AVx,(M),...,A"x0),...,A"x,(M), ...

Also, input and output data are in float format. The dynamic feature vector A™x, can be
obtained from the static feature vector as follows.

Lm

A(n)xt = Z W(n)(T)xHT

T=—Lm

where 7 is the order of the dynamic feature vector. For example, when we evaluate the
A? parameter, n = 2.

OPTIONS

-m M order of vector [25]
-1 L length of vector [M+1]
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—d

(fnldyld, ..

D

Speech Signal Processing Toolkit

fn is the file name of the parameters w(7)
used when evaluating the dynamic feature
vector. It is assumed that the number of co-
efficients to the left and to the right are the
same. In case this is not true, then zeros are
added to the shortest side. For example, if
the coefficients are given by:

w(=1), w(0), w(1), w(2), w(3)

then zeros must be added to the left as fol-
lows.

0,0, w(=1), w(0), w(1), w(2), w(3)

Instead of entering the filename fn, the co-
efficients(which compose the file fn) can
be directly inputted from the command
line. When the order of the dynamic fea-
ture vector is higher than one, then the sets
of coefficients can be inputted one after the
other as shown in the example below. This
option cannot be used with the —r nor —R
options.

DELTA

[N/A]
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-r N W, [W,]

R Ng Wpy W [Wgy W]

-M  magic

EXAMPLE

This option is used when Ng-th order dy-
namic parameters are used and the weight-
ing coefficients w(7) are evaluated by re-
gression. Ng can be made equal to 1 or
2. The variables W; and W, represent the
widths of the first and second order regres-
sion coefficients, respectively. The first or-
der regression coeflicients for Ax, at frame
t are evaluated as follows.

Wi
Zr:—Wl TCrir

Ax, =
t ZWI T2
=W
For the second order regression coeffi-
. _ W 4 _ T 2
clents, ay = }.2 ., T, a1 = X2, T,

W
ap = Y.~ y, | and

W
e 232w, (@oT? = an)Xq
X, =

ardg — a%

This option cannot be used with the —d nor
—R options.

Similarly to the —r option, by using this op-
tion, we can obtain Ng-th order dynamic
feature parameters and the weighting coef-
ficients will be evaluated by regression. Ny
can be made equal to 1 or 2. The variables
Wpg; and Wp, represent the width of the i-
th order regression coeflicients in the for-
ward and backward direction, respectively.
Combining this option with the —M option,
the regression coefficients can be evaluated
skipping the magic number from the input.
This option cannot be used with the —d nor
—r options.

The magic number magic can be skipped
from the input during the calculation of the
dynamic features. This option is valid only
when the —R option is also specified.
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[N/A]

[N/A]

[N/A]

In the example below, the first and second order dynamic features are calculated from
15-dimensional coefficient vectors from data.static using windows whose width are 1.
The resultant static and dynamic features are sent to data.delta:
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delta -m 15 -r 2 1 1 data.static > data.delta
or

echo "-0.5 0 0.5" | x2x +af > delta
echo "1.0 -2.0 1.0" | x2x +af > accel
delta -m 15 -d delta -d accel data.static > data.delta

Another example is presented bellow, where the first and second order dynamic features
are calculated from the scalar sequence in data.f0, sending windows with 2 units width
and skipping the magic number -1.0E15.

delta -1 1 -R2 2 2 2 2 -M -1.0E15 data.f® > data.delta

SEE ALSO

mIpg]



DF2 Speech Signal Processing Toolkit DF2 31

NAME

df2 — second order standard form digital filter

SYNOPSIS
df2 [-sS 1[-p fi b1 1[-z f2 ba ]1Linfile ]

DESCRIPTION

df2 filters data from infile (or standard input) using a second order digital filter in standard
form, sending the result to standard output. The central frequency and frequency band
can be both assigned through the options, shown bellow. The filter transfer function is
given by:

1 - 2exp(=nba/ fo) cos2nfo/ fo)z~' + exp(=2nb,/ fo)z ™
1 = 2exp(=nb1/ fo) cos2nfi/ fo)z™" + exp(=2nbi/ fo)z™

Also, if this command is used in cascade, an arbitrary filter can be designed by using the
options —p and —z. Input and output data are in float format.

H(z) =

OPTIONS
- S sampling frequency S [kHz] [10.0]
—-p fi by center frequency f; [Hz] and band width b, [Hz] of pole [N/A]
-z f> by center frequency f, [Hz] and band width b, [Hz] of zero [N/A]
EXAMPLE

The command below gives the impulse response of a filter with a pole at 2000 Hz and a
frequency band of 200 Hz:

impulse | df2 -p 2000 200 | fdrw | xgr
40

20 200Hz ]

VN

- 20

| og magni tude (db)

o1 2 3 4 5
frequency[ KHz]
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NAME
dfs — digital filter in standard form
SYNOPSIS
dfs [-aKa(l)...aM)]1[-bb)b(1)... b(N)][-ppfile ][ -z zfile ]
[ infile ]
DESCRIPTION
dfs filters data from infile (or standard output) using a digital filter in standard form,
sending the result to standard output. The filter transfer function is given by:
N
Z b(n)z™"
n=0
Hiz) =K "
1+ Z a(m)z”"
m=1
Both input and output files are in float format.
OPTIONS
-a Ka(l)...alM) denominator coefficients, where K is the gain of [N/A]
the transfer function.
-b  b(0) b(1)...b(N) numerator coefficients [N/A]
-p pfile denominator coefficients file in float format as fol- [NULL]
lows
K,a(l),...,a(M)
-z zfile numerator coefficients file in float format as fol- [NULL]
lows
b(0), b(1),...,b(N)
If the option —a and —p specified, then both K and the denominator are set to 1. On the
other hand, if the option —b and -z are not specified, then the numerator is set to 1.
EXAMPLE

In order to visualize the impulse response of the following transfer function

1+277' +772

H(z) =
@ 1+0.9z7°!

the command below can be used

impulse | dfs -a 1 0.9 -b 12 1 | dmp +f
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For visualizing the frequency response plot of the digital filter, whose coefficients are
defined in float format by the files data.p, data.z, then the following command can be
used.

impulse | dfs -p data.p -z data.z | spec | fdrw | xgr

The files data.p and data.z can be obtained through the x2x command.
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NAME

dmp — binary file dump

SYNOPSIS
dmp

DESCRIPTION

Speech Signal Processing Toolkit

DMP

[-nN][-L][ +type ][ %form ]| infile ]

dmp converts data from infile (or standard input) to a human readable form, (one sample
per line, with line numbers) and sends the result to standard output.

OPTIONS

-n N block order (0,...,n) [EOD]

-1 L  block length (1,...,1) [EOD]

+t input data format [£f]

¢ char (1 byte) C  unsigned char (1 byte)

s short (2 bytes) S unsigned short (2 bytes)

13 int (3 bytes) I3 unsigned int (3 bytes)

i int (4 bytes) I unsigned int (4 bytes)

1 long (4 bytes) L  unsigned long (4 bytes)

le long long (8 bytes) LE unsigned long long (8 bytes)
f float (4 bytes) d double (8 bytes)

Yoform print format (printf style) [N/A]
+’ option must be placed in front of %’ option, without
whitespace.

EXAMPLE

In this example, data is read from the input file data.f in float format, and the enumerated

data is shown on the screen:

dmp +f data.f

For example, if the data.f file has the following values in float format

1,2,3,4,5,6,7

then the following output will be displayed on the screen:

S wNRR,
vl D W N =
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5 6
6 7

In case one wants to assign a block length the following command can be used.
dmp +f -n 2 data.f

And the output will be given by:

S N EFRPRSNRFRS
NO v D WN R

Some other examples are provided bellow:

Print the unit impulse response of a digital filter on the screen:
impulse | dfs -a 1 0.9 | dmp +f

Print a sine wave using the %e option of printf:
sin -p 30 | dmp +f%e

Print the same sine wave represented by three decimal points:

sin -p 30 | dmp +f%.3e

SEE ALSO
k7, Ed
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NAME

dtw — dynamic time warping

SYNOPSIS

dtw [-mM][AL][-tT][-rR][-nN][-pP]
[ —s Scorefile ][ —v Vitfile ] reffile [ infile ]

DESCRIPTION

dtw carries out dynamic time warping between the test data vectors from infile (or stan-
dard input) and the reference data vectors from reffile, and sends the result to standard
output. The result is the concatenated sequence of the test and the reference data vectors
along with the Viterbi path. If —s option is specified, the score calculated by dynamic
time warping, that is, the distance between the test data and the reference data is output
and sent to Scorefile. If —v option is specified, the concatenated frame number sequence
along the Viterbi path is output and sent to Vitfile.

For example, suppose that the test and the reference data vectors are

test : x(0), x(1),...,x(T, - 1),x(T,),
reference : y(0),y(1),...,y(T, - 1),y(Ty),

where T, and T are the length of the test and reference data vectors, respectively,p and
the following Viterbi sequences

test : x(¢x(0)), x(@x(1)), ..., X(dx(Tx = 1)), x(¢x(T)),
reference : y(¢,(0)), y(¢,(1)), ..., y(@(Ty — 1)), y(@y(T})),

are obtained, where ¢.(-) and ¢.(-) are the function which maps the frame number of

test/reference data into the corresponding Viterbi frame number, respectively. In addi-
tion, the relation ¢,(T,) = ¢,(T,) holds. Then, the following sequence

x(¢:(0)), y(¢,(0)), x(px(1)), y(py(1)), . .., X(¢:(T.0)), y(y(T}))

are sent to the standard output. If —v option is specified, the following sequence

$:(0), $5(0), ¢x(1), §y(1), . . ., ox(T), $y(Ty)

are sent to the Vitfile.

Both input and output files are in float format. However, the Vitfile which contains the
Viterbi frame number sequence is in int format.
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OPTIONS
-m M order of vector [0]
-1 L dimention of vector [M+1]
-t T number of test vectors [N/A]
-r R number of reference vectors [N/A]
-n N type of norm used for calculation of local cost (2]

N=1 Li-norm
N=2 L,-norm

-p P local path constraint [5]
candidates of constraint are shown in figure 8.

—s  Scorefile output score of the dynamic time warping to S corefile. [FALSE]

-v  Vitfile output frame number sequence along the Viterbi path to [FALSE]
Vitfile.

EXAMPLE

In the example below, a dynamic time warping between the scalar sequence from data.test
and the sequence from data.ref is carried out and the concatenated sequence are written
to data.out.

dtw -1 1 data.ref < data.test > data.out
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Figure 4: candidates of local path constraint
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ds — down-sampling

SYNOPSIS

ds [-sS ][infile]

DESCRIPTION

ds down-samples data from infile (or standard input), and sends the result to standard

output.

Both input and output files are in float format.

The following filter coeflicients can be used.

S =21
S =32
S =43
S =52,5s=54

$SPTK/share/SPTK/Ipfcoef.2tol
$SPTK/share/SPTK/Ipfcoef.3t02
$SPTK/share/SPTK/Ipfcoef.4to3
$SPTK/share/lpfcoef.5to2up
$SPTK/share/Ipfcoef.5to2dn

($SPTK is the directory where toolkit was installed.)

Filter coefhicients are in ASCII format.

OPTIONS
—-s S conversion type [21]
S =21 down-samplingby 2: 1
S =32 down-sampling by 3 : 2
S =43 down-sampling by 4 : 3
S =52 down-sampling by 5 : 2
S =54 down-sampling by 5 : 4
EXAMPLE

In this example, the speech data in the input file data. 16, which was sampled at 16 kHz
in float format, is downsampled to 8 kHz:

ds data.16 > data.8

SEE ALSO
oS, iscd, bsTA
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NAME

echo2 — echo arguments to the standard error
SYNOPSIS

echo2 [-n][ argument ]
DESCRIPTION

echo?2 sends its command line arguments to standard error.
OPTIONS

-n no output newline

EXAMPLE

This example prints “error!” in the standard error output:

echo2 -n "error!"

ECHO2

[FALSE]
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NAME

excite — generate excitation

SYNOPSIS
excite [-pP][-il][-n][-sS ][infile]

DESCRIPTION

excite generates an excitation sequence from the pitch period information in infile (or
standard input), and sends the result to standard output. When the pitch period is nonzero
(i.e. voiced), the excitation sequence consists of a pulse train at that pitch. When the
pitch period is zero (i.e. unvoiced), the excitation sequence consists of Gaussian or M-
sequence noise.

Input and output data are in float format.

OPTIONS
-p P frame period [100]
—-i [ interpolation period [1]
-n gauss/M-sequence for unvoiced [FALSE]
default is M-sequence
—s S seed for nrand for Gaussian noise [1]
EXAMPLE

In the example below, the excitation is generated from the data.p file and passed through
a LPC synthesis filter whose coeflicients are in the data.lpc file. The speech signal is
outputted to the data.syn file.

excite < data.p | poledf data.lpc > data.syn

The following command can be used for generating an unvoiced sound by using Gaus-
sian noise:

excite -n < data.p | poledf data.lpc > data.syn

SEE ALSO
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NAME

extract — extract vector

SYNOPSIS
extract [-1L][—i/]indexfile [ infile ]

DESCRIPTION

extract extracts selected vectors from infile (or standard input), and sends the result to
standard output. indexfile contains a previously-computed sequence of codebook in-
dexes corresponding to the input vectors. Only those input vectors whose codebook
index (from indexfile) matches the index given by the “—i” option are sent to the standard

output.
OPTIONS
-1 L order of vector [10]
—-i [ codebook index [0]
EXAMPLE

In the example below, a 10-th order vector file data.v in float format is quantized us-
ing a previously obtained codebook data.idx and are written to the output file data.ex
quantized to the index O codeword.

extract -i 0 data.idx data.v > data.ex

SEE ALSO
ivd, ¥q
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NAME
fd — file dump

SYNOPSIS
fd [-aA][-nN][-m M ][ -ent]|[ +type ][ %form ][ infile |

DESCRIPTION

fd converts data from infile (or standard input) to a human-readable multi-column format,
and sends the result to standard output.

OPTIONS

-a A address [0]

-n N initial value for numbering [0]

-m M modulo for numbering [EOF]

—ent number of data in each line [0]

+t data type [c]

¢ char (1 byte) C  unsigned char (1 byte)

s short (2 bytes) S unsigned short (2 bytes)

i3 int (3 bytes) I3 unsigned int (3 bytes)

i int (4 bytes) I unsigned int (4 bytes)

I  long (4 bytes) L unsigned long (4 bytes)

le long long (8 bytes) LE unsigned long long (8 bytes)
f float (4 bytes) d double (8 bytes)

Yoform print format (printf style) [N/A]
’+’ option must be placed in front of %’ option, without
whitespace.

EXAMPLE
This example displays the speech data in ‘“sample.wav” with the corresponding ad-
dresses:
fd +c -a 0 sample.wav
Results:

000000 52 49 46 46 9a 15 00 00 57 41 56 45 66 6d 74 20 |RIFF....WAVEfmt |
000010 10 60 00 00 01 00 01 00 40 1f 00 00 40 1f 00 00 |........ @..
000020 01 00 08 00 64 61 74 61 76 15 00 00 8a 8a 8f 99 |....datav..

.@...
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SEE ALSO
dmp

Speech Signal Processing Toolkit

FD



FDRW

NAME

Speech Signal Processing Toolkit

fdrw — draw a graph

SYNOPSIS
fdrw

[

DESCRIPTION

[-FFI[-RR]I[-WW][-HH][-0x0yo][-gG][-m M ]
[AL]I[-pPI[-§JI[nN][-tT ][y yminymax][-zZ][-b ]

infile ]

FDRW 45

fdrw converts float data from infile (or standard input) to a plot formatted according to
the FP5301 protocol, and sends the result to standard output. One can control the details
of the plot layout by setting the options bellow:

OPTIONS

-b

N =S T

ymin ymax
Z

factor
rotation angle
width of figure (X100 mm)
height of figure (X100 mm)
origin in mm
draw grid (0 ~ 2) (see also fig)
line type (1 ~ 5)
1: solid 2: dotted 3: dot and dash 4: broken 5: dash
line pitch
pen number (1 ~ 10)
join number (0 ~ 2)
number of samples
rotation of coordinate axis. When T = —1, the refer-
ence point is on the top-left. When 7' = 1 the reference
point is on the bottom-right.
scaling factor for y axis
This option is used when data is written recursively in
the y axis. The distance between two graphs in the y
axis is given by Z.
bar graph mode

[FALSE]

The x axis scaling is automatically done so that every point in the input file is plotted in
equally spaced interrals for the assigned width. When the —n option is omitted and the
number of input samples is below 5000, then the block size is made equal to the number
of samples. When the number of samples is above 5000, then the block size is made

equal to 5000.
When the —y option is omitted, the input data minimum value is set to ymin and the

maximum value is set to ymax.



46 FDRW Speech Signal Processing Toolkit FDRW

EXAMPLE

In the example below, the impulse response of a digital filter is drawn on the X window
environment:

impulse | dfs -a 1 0.8 0.5 | fdrw -H 0.3 | xgr

The graph width is 10cm and its height is 3cm.

The next example draws the magnitude of the frequency response of a digital filter on
the X window environment:

impulse | dfs -a 1 0.8 0.5 | spec | fdrw -y -60 40 | xgr

The y axis goes from —60 dB to 40 dB.

The running spectrum can be draw on the X window environment by:

fig -g ® -W 0.4 << EOF
TTTx 005
"""xscale 0 1 2 345
“""xname "FREQUENCY (kHz)"
EOF
spec < data |\
fdrw -W 0.4 -H 0.2 -g ® -n 129 -y -30 30 -z 3 |\
xgr

The command psgr prints the output to a laser printer in the same manner as it is printed
on the screen. Since the fdrw command includes a sequence of commands for a plotter
machine (FP5301 protocol) in the output file, its output can be directly sent to a printer.

SEE ALSO

g, xgm, psgn
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NAME

fft — FFT for complex sequence

SYNOPSIS

fit [AL][-mM][-{A[R|I|P}][infile]

DESCRIPTION

FFT 47

Jit uses the Fast Fourier Transform (FFT) algorithm to calculate the Discrete Fourier
Transform (DFT) of complex-valued input data from infile (or standard input), and sends
the result to standard output. The input and output data is in float format, and arranged

as follows.
M+1 M+1
Input sequence real part ‘ ’ imaginary part
0 M 0 M
L L
Output sequence real part imaginary part
0 L-1 0 L-1
OPTIONS
-1 L FFT size power of 2 [256]
-m M order of sequence [L-1]
-A amplitude [FALSE]
-R real part [FALSE]
| imaginary part [FALSE]
-P output power spectrum [FALSE]
EXAMPLE

This example reads a sequence of complex numbers in float format from data.f file (real
part with 256 points and imaginary part with 256 points), evaluates its DFT and outputs

it to the data.dft file:

fft data.f -1 256 -A > data.dft

SEE ALSO
fitd, speq,
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NAME

fft2 — 2-dimensional FFT for complex sequence

SYNOPSIS
fit2 [-1L][-mM M) J[-t][-c][-q][-{A|R|I[P}]

[ infile ]

DESCRIPTION

Jft2 uses the 2-dimensional Fast Fourier Transform (FFT) algorithm to calculate the 2-
dimensional Discrete Fourier Transform (DFT) of complex-valued input data from infile
(or standard input), and sends the result to standard output. The input and output data is
in float format, arranged as follows.

Data bl ock 1 Data bl ock 2
nl xn2 ! nl xn2 nl xn2 ! nl xn2
I nput
Real part Im. part Real part Im. part
size size
After read
000
000
n2
si ze 000
[ 000
00000000000000 00000000000000
Real part Im. part
| si ze xsi ze si ze x si ze | si ze xsi ze si ze x si ze |
After FFT |+ o -

(Output)
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OPTIONS

-1 L FFT size power of 2 [64]

-m M; M, order of sequence (M, X M,). If file size k is smaller than [64, M]
64>x2 and Vk + 2is an integer value, M| = M, = Vk + 2.
Otherwise, an output error message is sent to standard error
output and the command is terminated.

-t Output results in transposed form. [FALSE]
Y A Y A
X: X:
FFT resul t transposed
out put
—C When results are transposed, 1 boundary data is copied [FALSE]
from the opposite side, and then (L + 1) X (L + 1) data
is outputted.
-1 I

0 0
0 -1 0 I
transposed conmpensat ed
out put boundary
-q Output first 1/4 data of FFT results only. As in the above ¢ [FALSE]

option, boundary data is compensated and (5 + 1) X (5 + 1)
data is outputted.

-1
|/2------§ ------ | /2+1
0 : 0
0 I/21-1 0 1/2+1
FFT result Fi rst quadrant
out put

-A amplitude [FALSE]
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-R real part [FALSE]

-1 imaginary part [FALSE]

-P output power spectrum [FALSE]
EXAMPLE

This example reads a sequence of 2-dimensional complex numbers in float format from
data.f file, evaluates its 2-dimensional DFT and outputs it to data.dft file:

fft2 -A data.f > data.dft

SEE ALSO
I, Hir2, i
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NAME

fftcep — FFT cepstral analysis
SYNOPSIS

fitcep [-mM][-1L][-jJ][-kK][-eE]linfile]
DESCRIPTION

[itcep uses FFT cepstral analysis to calculate the cepstrum from windowed framed input
data in infile (or standard input), sending the result to standard output. The windowed
input time domain sequence of length L is of the form:

x(0), x(1),...,x(L-1)

Input and output data are in float format.

Also, the improved cepstral analysis method () may be used if the number of iterations
J and the acceleration factor K are given.

OPTIONS
-m M order of cepstrum [25]
-1 L frame length [256]
—j J number of iteration [0]
-k K acceleration factor [0.0]
-e E epsilon [0.0]
EXAMPLE

In the example below, speech data in float format is read from data.f and the cepstral
coefficients are output to data.cep:

frame < data.f | window | fftcep > data.cep

SEE ALSO
el
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FFTR

NAME
fftr — FFT for real sequence
SYNOPSIS
fitr [-1L][-m M][-{A[R|I|P}][-H][infile]
DESCRIPTION
Jitr uses the Fast Fourier Transform (FFT) algorithm to calculate the Discrete Fourier
Transform (DFT) of real-valued input data in infile (or standard input), and sends the
result to standard output. When the —m option is omitted and the input data sequence
length is less than the FFT size, the input data is padded with zeros. The input and output
data is in float format, arranged as below.
L
Input sequence X0, X155 X11,0,...,0
0 L-1
L L
Output sequence real part imaginary part
0 L-1 0 L-1
OPTIONS
-1 L FFT size power of 2 [256]
-m M order of sequence [L-1]
-A output magnitude [FALSE]
-R output real part [FALSE]
| output imaginary part [FALSE]
-P output power spectrum [FALSE]
-H output half size [FALSE]
EXAMPLE
In the example below, a sine wave is passed through a Blackman window, its DFT is
evaluated and the magnitude is plotted:
sin -p 30 | window | fftr -A | fdrw | xgr
SEE ALSO

I, ), 2, [ i 2 speg, phasq



FFTR2 Speech Signal Processing Toolkit FFTR2 53
NAME
fftr2 — 2-dimensional FFT for real sequence
SYNOPSIS
fitr2 [-1L][-m M, My ][-t][—c]1[-qI[-{A[R|I|P}][infile]
DESCRIPTION
Jitr2 uses the 2-dimensional Fast Fourier Transform (FFT) algorithm to calculate the
2-dimensional Discrete Fourier Transform (DFT) of real-valued input data in infile (or
standard input), and sends the result to standard output. The input and output data is in
float format, arranged as follows.
| nl xn2 | nl xn2 ] nl xn2 |
I nput
si ze si ze
After read 1
000
000
si ze 000
] 00000000000000 | 00000000000000
| size xsize . sizexsize | size xsize . sizexsize |
After FFT h > T >re l
(Output) [ |
Real part Im. part Real part Im. part
OPTIONS
-1 L FFT size power of 2 [64]
-m M; M, order of sequence (M, X M,). If the file size k is smaller [64, M|]
than 642 and Vk is an integer value, then M|, = M, = Vk.
Otherwise, output error message is sent to standard error
output and then the command terminates.
-t Output results in transposed form (see also Hf2). [FALSE]
—C When results are transposed, 1 boundary data is copied [FALSE]

from the opposite side, and then data whose size is (L +
1) X (L + 1) is output. (see also Hf?).
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-q Output first 1/4 data of FFT results only. As in —c option, [FALSE]
boundary data is compensated and data whose size is (% +
1) X (% + 1) is output (see also H2).

-A amplitude [FALSE]
-R real part [FALSE]
-1 imaginary part [FALSE]
-P output power spectrum [FALSE]

EXAMPLE

This example reads a sequence of 2-dimensional real numbers in float format from data.f
file, evaluates its 2-dimensional DFT and outputs results to data.dft file:

fftr2 -A data.f > data.dft

SEE ALSO
FEd, FEE2, I, (D )
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NAME

Speech Signal Processing Toolkit

fig — plot a graph

SYNOPSIS

fig [-FF][-RRI[-WWI][-HH][-0x0yol[-gG1[-pPI[-jJ]

[-sS 1[-f file1[ -t ][ infile ]

DESCRIPTION

FIG 55

fig draws a graph using information from infile (or standard input), sending the result in
FP5301 plot format to standard output. This command is similar to the Unix command
“graph” but includes some labeling functions. The output can be printed directly on
a printer that supports the FP5301 protocol, displayed on an X11 display with the
command, or converted to PostScript format with the psgg command.

OPTIONS
-F F factor
-R R rotation angle
-W W width of figure (x100mm)
-H H height of figure (x100mm)
-0  xo0 yo origin in mm
8% G drawgrid(0~2)
G 0 1 2
-p P pen number (1 ~ 10)
-j J join number (0 ~ 2)
- S font size (1 ~ 4)
—f  file The file assigned after this option is read before infile, that
is, this option gives preference.
-t transpose x and y axes
EXAMPLE

In the example below, data in data.fig file is plotted in an X terminal:

fig data.fig |xgr

— ———

NULL]

[FALSE]

In this example, data in data.fig file is converted to postscript format and visualized with
ghostview:

USAGE

fig data.fig | psgr | ghostview -



56 FIG Speech Signal Processing Toolkit FIG

COMMAND

The input data file can contain commands and data. Commands can be used for labeling,
scaling, etc. Data is written in the (x y) coordinate pair form. Command values can be

overwritten by entering new command values.
COMMA < £

ND LINE
X [mel @] xmin xmax [xa) Assigns x and y scalings. Marks can be specified in
y [mel @] ymin ymax [ya] x and y axes through xa and ya. If no setting of xa

and ya is done, then xa is set to xmin and ya to ymin.
If the optional “mel @”, where @ must be a number
(for example, mel 0.35), is used, then labeling is un-
dertaken as a frequency transformation of a minimum
phase first order all-pass filter.

xscale x; xp x3 ... Assigns values to the points x,xp,x3,... and
yscale y; y, y3 ... Y1,Y2, V3, ... in x and y axes. These points can be as-
signed with numbers or marks, Also, when one wants
to specify points which consist of numeric and non-
numeric characters all together (like in ’2,*.3.14),
then the following function should be used:

S draws marks with half size.
\ only writes number.
@ does not write anything

but assigns positions of marks.
none of the above only marks are written.

Whenever the character is inside quotes, it appears in
the position assigned by the string that precedes it.
Please refer to the commands for informa-
tion on special characters.

(Example)

x 05

xscale 0 1.0 s1.5 ’2 \2.5 ’3.14 "\pi” @4 ’x” 5

0 1.0 25 1 X 5

xname text”’ Labels x and y axes. text should appear between
yname “text”’ the quotes. Within fext, TEXcommands can be used.

Also, characters, such as those that can be obtained
with TgX, can be written with this command.

print x y “text” [th] This command writes text in the position (x y) as-
printc x y “text” [th] signed. The option th sets the rotation degree.
lt e |x ®|e |x
X
T ) (X ) P

print printc
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title x y “text” [th]
titlec x y “text” [th]

csize h [w]

pen penno

join joinno

line ltype [Ipt]

xgrid x; x; ...
yerid yi y2 ...

mark label [th]

This command does the same as print(c). However,
the basic unit is expressed in the mm, evaluated as
absolute value. The reference point is on the bottom-
left side.

This command sets the character width and height (in
mm), to be used in the following commands:
x/yscale, X/yname, print/c, title/c

When the value of w is omitted, w is made equal to
h. The default values for the option —s are as follows:

1 25 22
2 5 26
3 25 44
4 5 44

This command chooses the variable penno. 1 <

penno < 10 Please refer to pppendix.

This command chooses the variable joinno. 0 <
joinno < 2 Please refer to the appendiX.

This command sets the type ltype of the line which
will connect data as well as the Ipt pace. Ipt is
in mm. When ltype=0: no line is used to connect
coordinate points. 1: solid 2: dotted 3: dot and
dash 4: broken 5: dash Please refer to the appendix.

This command causes grids to be drawn in the posi-
tionsxl X2 ... V1 Y2 ...

(%Example)
x05
y06

4 xscale012345
yscale 0246

2 xgrid 1234
ygrid 2 4

0

0 1 2 3 4 5

This command draws a mark in the assigned co-
ordinate position. The option th specifies the an-
gle(degree) in which the string will be draw. If label
is assigned with \0, the mark is released. A detailed
explanation on writing marks and special characters
to graphs is provided at the label section.
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height 4 [w]
italic th

circle X y r; rp ...
xcircle x y ry rp ...
ycircle x y ry rp ...

box xoyox1 yi[x2y2... 1]
paint type

The height command defines the size of the label
through its height #(mm) and width w(mm). The la-
bels may also be written in italic by using the italic
command.

These commands write circles with radius r; r, ...
and center on the coordinate (x, y). Also, the radius
ry 1s given in mm. As for the xcircle and ycircle
commands, the units considered for the radius are the
scales of the x axis and y axis, respectively, as shown
in the figure below.

Famples-,

x05
y 020

xscale 0 5
yscale 0 20

xcircle 3 10 1.2
ycircle 1 312

@ circle 1.5 15 13

This command draws a rectangle with paint fype
connecting (xo yo) and (x; y;) through a solid line.
The line which connects (xy yo) and (x; y;) forms
the diagonal of the rectangle. Also, if x, y, ... are
assigned, a polygon is draw connecting the points (x
v0)s(X1 ¥1),(x2 ¥2),. ... In this case, Please do not set
the paint type to any value different from the default.
The default value is 1.

(Example)

x010
10 y 010

xscale 0 10
yscale 0 10

paint 18

box2.503.56
paint -18

box4058
0 paint 1

box22888247
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clip xo yo x1 y1

# any comment

DATA LINES
X y [label [th]]

eod
EOD
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This command allows for drawing only inside the
box defined by (xy yo), (x1 y1). When the coordinates
(x0 Yo), (x1 yp) are omitted, then the clip command is
skipped.

(Example)

x 010
y 010

xscale 0 10
yscale 0 10

clip2397
paint 18
box2.503.56

paint -18

box4058
0 paint 1

0 10 box22888247

10

This is used for writing comment lines. Whatever is
written after the symbol # is ignored by the fig com-
mand.

The coordinates (x y) are scaled by the values spec-
ified in the command line. If a string is written to
label, then it will be written in the (x y) position.
There should be no empty characters (e.g., space) in
the beginning of the label setting. When label is given
in the mark command, the label replacement will take
place only for this coordinate. The option th assigns
the angle.

If \n, where 0 < n < 15, is assigned to label, the
corresponding mark is draw (refer to the for
the types of marks). When a minus sign is written be-
fore mark number, then the connecting line between
marks passes through the center of each mark.

If a minus sign is not included, then connecting lines
do not pass through the center of each mark. When
n = 16(\16), a small circle is written with diameter
defined by the hight command. Also, special charac-
ter and ASCII character can be written through code
number when n > 32.

This is the end of data sign. Coordinates before and
after the eod sign are not connected.
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APPENDIX
e The following type of marks can be defined through label:

e The following types of pen and line can be defined:
[When output is obtained through the command psgx]

pen
1,3,7 2,6,8,9,10 4 5
1
D s
line-type 3 -————--- - - —mmmimim— s
4 o eeeeaiiaci-ases EmssEEsEE==EEass
5 - - ———- - e - mEEEmm===

ps:  The types of output generated by the pen command depend on the printer (Please
try printing this page).
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[When output is obtained through the command xgx]
The following colors can be used.
pen type 1 2 3 4 5 6 7 8 9 10
color | black | blue | red | green | pink | orange | emerald | gray | brown | dark blue
e The following types of joins can be defined:
join type 0 ! 2
JOMEPE 1 Miter join |Round join | Bevel join
eaple | A | A | A
e paint type:
0 1 2 3 4 5 6 7 8 9
10 11 12 13 14 15 16 17 18 19
-0 -1 - -3 -4 -5 -6 -7 8 -9
-10 -11 - -13 -14 -15 -16 -17 -18 -19

ps:

From 1 ~ 3 only a frame is draw, and for —9 and —19 the center is white and no

frame is draw.
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NAME
frame — extract frame from data sequence

SYNOPSIS
frame [-1L][-n][—-p P]linfile]

DESCRIPTION
Jframe converts a sequence of input data from infile (or standard input) to a series of
possibly-overlapping frames with period P and length L, and sends the result to standard
output. If the input data is x(0), x(1), ..., x(T"), then the output data will be given by :

0 , 0 N (1) EO x(L/2)
xP-L/2) , xP-L/2+1) , ... , x(P) , ... , x(P+L/2)
x2P-L/2) , x2P-L/2+1) , ... , x(2P) , ... , x(2P+1L/2)

OPTIONS
-1 L frame length [256]
—-p P frame period [100]
-n This option is used when, instead of having x(0) as the center [FALSE]
point in the first frame, one want to make x(0) as the first point
of the first frame
EXAMPLE
In the example below, data is read from data.f file, The frame period is of 80 and Black-
man window is used. Also, linear prediction analysis is applied. The output is written in
data.lpc file:
frame -p 80 < data.f | window | lpc > data.lpc
SEE ALSO
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NAME

freqt — frequency transformation

SYNOPSIS

freqt [-m M, ][-M M, ][-aA;][-A A, ][infile ]

DESCRIPTION

freqt converts a M;-th order minimum phase sequence from infile (or standard input) into
a frequency-transformed M,-th order sequence, sending the result to standard output.

Given the input sequence
C(ll (0)’ C(ll (1)’ ceey C(l] (Ml)
the frequency transform is given by:

a=(a—a)/(1-aa)

Co, (=) + a cP(0) m=0
Dmy =13 (1 -2 cP0) +acP() m=1