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[57] ABSTRACT

A converter converts time-sequential input digital data
Q; having a sampling frequency fy, to time-sequential
digital data P; having a sampling frequency f,
(fr:fm=n:m, n>m, n, m; an integer), which comprises a
time axis compressing converter 6 receiving the time-
sequential input digital data Q; adding (n—m) dummy
data Dg every m received input data Q; and outputting
the combined data at the frequency f, and a single trans-
versal type digital filter 12 for performing filter process-
ing on output data from the time-axis compressing con-
verter 6 in which tap coefficient data B is switch
at the cycle of 1/f,. The tap coefficient data is selected
to nullify dummy data Dg which periodically appears,
based on impulse response data obtained by sampling a
sampling function for the sampling frequency f,, with a
frequency of the least common multiple of the sampling
frequencies f, and f,,,.

9 Claims, 6 Drawing Sheets
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SAMPLING FREQUENCY CONVERTER FOR
CONVERTING A LOWER SAMPLING
FREQUENCY TO A HIGHER SAMPLING
FREQUENCY AND A METHOD THEREFOR

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates generally to sampling
frequency converters, and more particularly, to a sam
pling frequency converter receiving digital data sam-
pled at a given sampling rate for converting the same to
digital data sampled at a higher sampling rate and a
method therefor.

2. Description of the Prior Art

Digital processing of signals has some advantages,
such as smaller dependency on characteristics of de-
vices and/or elements and facility of various processing
of signals, as compared to analog processing. On the
other hand, in the technical fields of video apparatus
and units and audio apparatus and units, it is desired that
analog video signals and analog audio signals are con-
verted to digital data to perform various signal process-
ing in order to improve a reproduced image and a re-
produced voice and sound in quality. In order to meet
such a requirement, digital video apparatus and units
such as a digital television receiver and a digital video
tape recorder and digital audio apparatus and units such
as a compact disc player and a digital audio tape re-
corder have been devised and put into practice.

However, in these kinds of digital video apparatus
and units and digital audio apparatus and units, different
sampling frequencies are used in converting an analog
signal to digital data in different apparatus and units or
manufacturers. For example, in digital television receiv-
ers, a sampling frequency f; of color TV signals is se-
lected to be 3f; or 4f;. in many cases, where f;. denotes
a frequency of a chrominance subcarrier of approxi-
mately 3.58 MHz. As the kind and the number of such
digital apparatus and units are increased, the connection
between the apparatus and units each having different
sampling frequencies f; provides a problem to be solved.
More specifically, as shown in FIG. 1, when a device A
processes data having a sampling rate or frequency f,
while a device B processes data having a sampling rate
or frequency fp, it is necessary that a sampling rate
(sampling frequency) of output (or input) data coincides
with a sampling rate of a supplying unit (or receiving
unit) in order to supply and receive data between the
devices A and B. Thus, a sampling frequency converter
C must be provided between the devices A and B. De-
scription is now made on the principle of an operation
and the structure of a conventional sampling frequency
converter.

It is assumed that a one dimensional signal g(t) limited
to a band W or less has a frequency spectrum shown in
FIG. 2(a). According to the sampling theorem, if sam-
ple values . . ., g(—2T), g(—T), g(0), &(T), g(2T), . ..
sampled at the interval of T=1/(2W), that is, sampled
with a sampling frequency of f;=2W, are given, the
original signal g(t) can be completely recovered from
the following equation (1):

Q . ) 1)
g =_ % giDSt— iD
i=—c0

where, T=1/2W),
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sin27rWt
27 Wt

S0 =

A sampling function S(t) indicates an output generated

when an impulse is applied to an ideal low pass filter
having the band W.

FIG. 3 shows the sampling function S(t) and one

example of a band limited waveform recovered in ac-

- 10 cordance with the equation (1).

Since a function (FIG. 2(c)) composed of only sample
values is given by the product of the original signal g(t)
(FIG. 2(a)) and a one dimensional Comb function
28(t—iT) (FIG. 2(b)), as shown in FIG. 2(c), the func-
tion can be expressed as:

g)-28¢t—iT) @

If Fourier transform is performed on the expression
(2), then:

Fle - 35(t — iD} = )

«®t, % 8(f—-’}—)=
1 2 k
T k=2 o G( ‘T)'

®in the above equation (3) denotes convolution. The
spectrum distribution of the equation (3) is shown in
FIG. 2(d).

Consideration will be given to a case in which time-
sequential digital data Qq, Q1, Q2, . . . obtained by sam-
pling the original signal g(t) with a sampling frequency
3fs. are digitally processed to be converted to time-
sequential data Pg, P1, Py, . . . obtained by sampling the
original signal g(t) with a sampling frequency 4f, as
shown in FIG. 4. In this case, theoretically, setting the
respective sample data Qp, Q1, Q2, . . . to g(0), g(T),
g(2T), . . . (where T=1/(3fs)), to be substituted in the
equation (1), then g(t) is represented as follows:

g(t)=2Q:S(t—iT) ay
Then, if the times at which the sample data Po, Pj, P,
are obtained, i.e., 0, T', 2T, . . . (where T' = 1/(4f)) are
substituted in the equation (1), sample data Py, Py, P5, .
.. having the sampling frequency 4f;. are obtained.
However, the above described operation with an origi-
nal sampling frequency and a sampling frequency after
conversion being set to arbitrary values, respectively, is
almost impossible and is not practical from a point of
view of circuit configuration or the like because the
operation includes an infinite number of times of prod-
uct and addition.

On the other hand, when the original sampling fre-
quency f, and the sampling frequency f, after conver-
sion satisfy the integral ratio of m:n, the original data Q;
and the data P;after conversion have a particular phase
relation, so that the conversion can be simplified, which
is described in, for example, an article by M. Achiba,
entitled “An approach for digitally converting a sam-
pling frequency for NTSC signals”, IECE Japan Pre-
cedings of National Conference, March 1979, the lec-
ture No. 1080.
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More specifically, as shown in FIG. 4, considering a
case in which the sampling frequency 3fs is converted
to the sampling frequency 4fy, if the data Q;is interpo-
lated by an interpolating filter which operates at the
rate of the least common multiple 12f; of the sampling
frequencies 3f and 4fs. to convert the sampling fre-
quency 3f; to the sampling frequency 12fscand then, the
interpolated data Q; is further resampled with the sam-
pling frequency 4fy, then the data P;after conversion is
obtained. When data obtained by sampling a sampling
function of T=1/(3f;;) with the sampling frequency
12f;. are represented by Sh (h=0, *1, *£2,...) as
shown in FIG. 4(a), the following equation (4) is ob-
tained as a general expression between the original data
Q;and the data after conversion Pj, based on the particu-
lar phase relation (P4x=Qj3k):

\ “
o
Py = 2 S4r- O3kt
I=—cw
fe el
Pagr1 =, 2 Sy—3- Q3+l
Iz — o0

o]
P4k+z=1 2 Sai—6- O3k+l
=—oc0

€0
Papy3 = ! 2 Sa—9 - D3kl
= )

where S; denotes an impulse response of the ideal low
pass filter (which operates at the rate of frequency 12f;.)
having the band W (=3T=3/2fy), which is given by
the following equation, as described above (see the
equation (1)):

sin27Wt sin(3fset)
5@ = “3awt Tt
®)
)
s 9= 5 (ohr )=~
4

where Sp=1.

As clearly seen from the equation (4), conversion of
the sampling frequency from 3fg to 4f. is performed by
structuring the interpolating filter using four kinds of
transversal type digital filers shown in the equation (4).

As shown in FIG. 5, the transversal type filter gener-
ally comprises a plurality of delay elements D con-
nected in series, coefficient circuits C each for multiply-
ing an output of each of the delay elements by a prede-
termined constant (tap coefficient) a1 to ap—1, and an
adder S for summing up an output of each of the coeffi-
cient circuits.

Thus, assuming that the delay time Z—! of each of the
delay elements D is 1/(3fs;) and the 4 kinds of tap coeffi-
cients a1 to a,—1 of the coefficient circuits C are {Sa/},
{S41—3},{S4s—6} and {S4;_o}, respectively, converted
data {Pat}, {Pak+1 }, {P4k+2} and {Psr43} can be
obtained from 4 kinds of filters, respectively. Thus, if
such digital filters 1a to 14 are provided in paraliel as
shown in FIG. 6 and outputs of the digital filers la to 1d
are sequentially switched at the rate of the frequency
4fs;, a converted data stream P; of the sampling fre-
quency 4f; is obtained. In FIG. 6, a terminal 3 receives
the original data stream Q;. The digital filter 1a has the
tap coefficient {S4/} and outputs the converted data Pay.
The filter 15 has the tap coefficient {S4;_3} and outputs
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4

the converted data P4x..1. The digital filter 1c has the
tap coefficient {S4;_¢} and outputs the converted data
Psj2. The digital filter 1d has the tap coefficient
{Ss;—9} and outputs the converted data Pari3 A
switch 2 sequentially switches the filters 1a to 14 at the
rate of the frequency 4f;., to supply an output from a
selected filter to an output terminal 4.

If an infinite number of times of addition is performed
to find the converted data P; as in the above equation
(4), ideal conversion is achieved, so that exact con-
verted data is obtained. However, performing an infi-
nite number of times of addition is impossible on an
actual circuit because it means that an infinite number of
delay elements D and coefficient circuits C are pro-
vided in, for example, the structure shown in FIG. 5.
The number of times of addition in the filers 1a to 1d are
generally determined from frequency characteristics of
the interpolating filter based on required accuracy for a
filter, or the like.

On the other hand, if considered in a frequency re-
gion, the interpolating filters 1 to 1d are low pass filters
for removing higher harmonic components caused by
sampling of fy=3fs and eliminating components folded
into a base band caused by resampling at the rate of
fy=4fs, as shown in FIGS. 7A and 7B. In color TV
signals, since the spectral luminous efficacy in the vicin-
ity of a direct current and f; region is high, gain in a
frequency which is integral multiple of fy must be
strictly suppressed. The above described interpolating
filters theoretically operate at the rate of the frequency
12f, so that it is required for the filters to considerably
suppress characteristics in f=n'f; (@'=0, 1, 2, ..., 6).
This is achieved by a frequency sampling filter.

A frequency characteristic H;(f) of a transversal filter
of linear phase having (2N +1) impulse responses h; is
given by the following equation (7):

™
() = { ho+ 2 ‘gl hicos(2mfTi) }X exp(—j27fTN)
i=

where h;=h_; Assuming that the sampling frequency is
12f;. in the equation (7), the following equation is ob-
tained:

N ay
Hi(f) = ho + 2 k§ . hrcos(kfmr/6fsc)

Here, the exponential component is removed in the
expression (7') for convenience. Thus, the filter, in
which the above described frequency characteristic
Hi(f) is 1 for f=0, f;; while being 0 for f=2f, 3fs, . . .,
6fsc, can be structured from the above equation (7)' by a
transversal filter having 13 taps in which N is a mini-
mum of 6, i.e., a sampling interval of a frequency is {5
(represented by a broken line in FIG. 4C). On the other
hand, when a 25th order transversal filter having 25 taps
(impulse responses) in which the sampling interval is
fsc/2 is required, the filter is found from a simultaneous
equation of 25 elements such that N=12 in the equation
(7)' (because h;=h_;is also a condition) (see FIG. 7C).

When an impulse response Si of the transversal filter
having 25 taps is calculated by using the above de-
scribed simultaneous equation of 25 elements, the fol-

- lowing equation (8) is obtained as an equation corre-

sponding to the equation (4):
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Pyje =

3
2z
I=

3 S41 - Q3+

S41-3 - Q3k+1

3
P, = X
4k -1 1=

4
Pagy2 = 1_2_1 Sa1—6 - Q3k+1

5
Papy3 = I Eo S41-9.Q3k+1

The above equation (8) is obtained if the phase relation
in the equation (4) is considered in impulse responses

10

S_12 to S12. When the equation (8) is expressed by a 15

determinant, the following equation (9) is obtained:

Py S—12 S~8 S—4 So Ss& Sz Si2 0
Pat1 0 S_11 S—7 S—3 81 S5 S O
Pajy2 1o 0 S_10 S—6 S—2 52 S¢ Swo
Pag3 0 0 0 S_o S_5 S_1 §3 §7

Thus, as obvious from the equation (9), the filters 1a to
1d can be structured by a seventh or sixth order trans-
versal filter having as tap coefficients [S_i2, S—3, . . .,
Sg, S12}, [S—11,S—-7,.. ., S5, So], [S—10, S5, - - ., S6» S10]
and [S—9, S_s, . . ., S7, S11], respectively.

FIG. 8 shows one example of an impulse response
(tap coefficient) of the 25th order transversal filter for
converting the sampling frequency from 3f; to 4f; and
respective tap coefficients of the digital filters 1a to 1d.

As described above, in the conventional sampling
frequency converter, when the original sampling fre-
quency f,; and the sampling frequency f, after conver-
sion are in the integral ratio of m:n, conversion from the
sample data Q; of the sampling frequency fy, to the sam-
ple data P; of the sampling frequency f, is performed
based on the impulse response data S;, obtained by sam-
pling the sampling function of T=1/f, with a fre-
quency which is the least common multiple of the fre-
quencies f, and f,. In the actual circuit configuration,

(=}

Si1

35

40

45

under consideration of frequency response characteris-

tics of the filter, or the like, a sampling frequency con-
verter is structured by using a parallel body of n trans-
versal type digital filters and switching means sequen-
tially and selectively passing outputs of the filters,
which operate at the rate of the frequency f,, as ex-
pressed by the equation (9).

However, in the conventional structure, n digital
filters are required. Thus, the number of parts constitut-
ing a sampling frequency converter is increased, so that
the circuit configuration becomes complicated and ex-
pensive.

SUMMARY OF THE INVENTION

An object of the present invention is to provide a
low-cost sampling frequency converter having a re-
duced number of parts and a simple circuit configura-
tion.

65
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Another object of the present invention is to achieve
a converter for converting a low sampling frequency to
a high sampling frequency in a simple circuit configura-
tion and at a low cost.

Still another object of the present invention is to
provide a method for converting a sampling frequency.

The sampling frequency converter according to the
present invention comprises time axis compression
means receiving sequential digital data Q;formed with a
sampling frequency f, for adding (n—m) meaningless
dummy data, to the received data every time the num-
ber of the received sequential digital data Q;becomes m
and reading out the same at the rate of a frequency f,
n>m, f:fp=m:n) and interpolating means, which
operate at the rate of the frequency f,, receiving outputs
from the time axis compression means for performing

- - 9
Q3k—3

Q32
O3k—1
3k

OQ3k+1
Q3k+2
Q343
Q3k+4

Q3k+5

predetermined interpolating filter processing. The inter-
polating means comprises means for storing predeter-
mined n kinds of tap coefficients and means for sequen-
tially reading out different kind of tap coefficients from
the storing means, and one transversal type digital filter
for filtering the supplied sequential data including
dummy data based on the tap coefficients. The tap coef-
ficients are set to nullify the added dummy data.

In the above described structure, data having the
sampling frequency f, is converted to data having the
sampling frequency f, by adding (n—m) dummy data
thereto. The dummy data are periodically applied to the
filter. However, the dummy data are nullified by suit-
ably selecting tap coefficients. In addition, n kinds of tap
coefficients are sequentially and circulatingly switched
at the rate of the frequency f, (cycle T=1/f;). Thus,
conversion from the sampling frequency fy, to the sam-
pling frequency f, can be made by a single digital filter.

These objects and other objects, features, aspects and
advantages of the present invention will become more
apparent from the following detailed description of the
present invention when taken in conjunction with the
accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a diagram showing diagrammatically con-
nection between devices for processing data having
different sampling frequencies;

FIG. 2 is a diagram showing diagrammatically a
system for sampling the original signal g(t) with a fre-
quency {5 (=1/T);

FIGS. 3A and 3B are diagrams showing a spectrum
of a sampling function in the case of T=4W and a
method for recovering the original signal using the
sampling function, respectively;

FIG. 4 is a diagram illustrating a method for convert-
ing the sampling frequency from 3f;. to 4f;;















