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time’input signal having a sample rate q-f; by means of a system filter having an
jMipulse response h(t) and, besides, for converting the discrete-time input signal having
/" a sample rate q-f; to a discrete-time output signal having a sample rate p+f;, p and q
3 5 being unequal positive integers greater than or equal to one, the sample rate coﬂverter
comprising a cascade combination of a partial filter and an equalizer for equalizing the
frequency characteristic of the sample rate convettér, the input of the cascade
combination being coupled to the input of the sample rate converter ahd the output of
the cascade combination being coupled to the output of the sample rate converter.
10
' A sample rate converter of this type is known from the journal amcle
enutled " Area-Efficient Multichannel Oversampled PCM Voiceband Coder" in IEEE
Journal of Solid State Circuits, Vol. 23, No. 6, December 1988.
| | Sample rate converters of this type are used, for example, in analog-to-
15 digital converters and digital-to-analog converters operating according to the sigma-delta
principle. In a sigma-delta analog-to-digital converter the analog input signal is
converted to a digital 1-bit signal that denotes the sign of the difference between a
sample of the analog input signal and a sample of suitably filtered preeeding, 1-bit
signals. - |
20 - The sample rate of the sigma-deita analog-to-digital converter is many
' times higher than the minimum required sample rate according to Shannon’s sampling
theorem. The advantage of this is that the anti-aliasing filter which is to reduce the
bandwidth of the analog input signal to half the sample raté may now be arranged in a
much simpler manner in that the passband and the stopband of this anti-aliasing filter
25 are much wider apart than in the case where the sample rate were about equal to the
minimum sample rate required according to the sampling theorem.
| However, in many cases a digital output signal is ultunately desired to:”
have a sample rate which is about equal to the minimum sample rate required accordufg
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arranged |%{|ﬁ much sinpler manner in that the passband and t he stopband of
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A known property (known, for example, from aforementioned article) of
10 sigma-delta modulators is that the 1-bit signal comprises quantizing noise with a
frequency-dependent spectral power density, which spectral power density strongly
increases with frequency. If the conversion of the 1-bit signal to a PCM signal having a
reduced sample rate is effected, for example, by adding bits over a specific time
interval, the high-frequency quantizing noise in the 1-bit signal will be aliased to the
15 baseband in which the desired signal is situated. Consequently, the signal-to-noise ratio
of the PCM signal is degraded considerably.

In order to avoid this degradation of the signal-to-noise ratio, the noise of
the 1-bit signal, which noise has frequencies exceeding the maximum frequency of the
desired PCM signal, is to be eliminated with the aid of a filter to be termed reference

20 filter hereinafter, before the sample rate is reduced.

A similar problem occurs when the sample rate is increased from a first
sample rate f; to a second sample rate f5. Once the sample rate has been increased, the
frequency spectrum of the discrete-time signal having the second sample rate continues.
to be periodic with a period f; that corresponds to the first sample rate, whereas a

25 signal is desired which has a frequency spectrum that is only periodic With a period f,
that corresponds to the second (higher) sample rate. In order to realise this, a system
filter is required which also eliminates the undesired frequency components between 1%
fl and % fz .

- For a reduction of the complexity of the system filter, a system filter

30 having an impulse response h(t) which is simple to realise is chosea for the known
sample rate converter. As a result, the frequency characteristic of the system filter in
the passband is not flat, so that the frequency spectrum of the baseband signal will :
change. In order to realise a flat frequency characteristic in the passband of the whole
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processing rate. Also for the transm ssion of such a signal by, for
exanpl e, anmplﬁdrmth?némalﬁ&eéarmle rate of the digital signal is desired

not to be higher th I . . aining a
reduction of the sa%nﬁhéﬁﬂgp{g, &#h(é {l]s%ﬁ?f@;‘é‘n%d ﬂe%%rewgg&r so?.ti’é
5 reduction of the complexity of the sample rate converter, the need for reducing this
complexity still continues to exist.

It is an object of the invention to provide a sample rate converter
mentioned in the opening paragraph, whose complexity is further reduced.

10 For this purpose, the sample rate converter is characterized, in that the
inpui of the equalizer is coupled to a first input of combining means, in that an output
of the combining means is coupled to the input of a feedforward path and in that the
output of the feedforward path is coupled to the output of the equalizer and, by way of
the equalization filter, to a second input of the combining means.

15 By arranging the equalizer as a feedback system which comprises an
equalization filter in the feedback path, there is achieved that the partial filter and the
equalization filter show a strong resemblance. Hereinbelow it will be shown that the
partial filter and the equalization filter show such a strong resemblance that a
minimization of the complexity of the partial filter likewise leads to a minimization of

20 the complexity of the equalizer.

Let it be assumed that the partial filter has a transfer Heyss the transfer of
theequa]izerHegistobeequalto:

1 .
H =—
g H"

¢))
Assuming further that the combining means comprise an adder, and that the transfer of
the feedforward path is equal to 1, for Hg may then be written:

) p—

2
" TTE @

25 In@@H egf is the transfer function of the equalization filter. Let (1) and (2) be equal,
then:

From (3) it now follows that Hegr and Hsys indeed show a strong
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a sanple rate converter which derives a reduced sanple rate PCM signal from
the 1-bit signal. A known property (known, for exanple, from
af orenent i oned artlcle) of sigma-delta nodulators is that the 1-bit signal

conpr i seﬁgﬁu@ ¢ing noise with a freqyency-dependent spectral 20Q421992
density, h''spectral power density strongly increases with frequency. If

the conversion of the 1-bit signal to a PCM signal having a reduced sanple
rate is effected, for exanple, byliagds 1g- tﬂ;ws over a specific time )
interval, the high-frequency quantizing noise in the 1-bit signal wll be
aliased to the baseband in which the desired signal is situated.
Consequeassdmpblancge signal -t o-noi se ratio of the PCM signal is degraded

consi derably. iSed] t he

?l gnal -t o- noi se rd:n;)mb geﬁgiggkgf&?ﬁ?ﬁti?&s&gza qﬂ\kﬁ&:hé(ggﬁéie_mhais _
requen Sk lire a e ndmnmga delay! Kigisa S
to be elcul(ﬁI tZ)(glgl%vmththe aldlm,m éter to be ter referencefllter
her ei nafpresent betwsee ﬂ!ﬂ"l@“‘-'ﬁ'éh%ﬁ the partial dagjinput of the equalizer, jn thapthe,,

Plerrs tigod seiholl fife b eSaliBcri #ﬁa‘aﬁ%?@ﬁé‘*géhp?‘@"# RIS e
I ncr easqfe paial ﬁ&teﬂiseequgl wpic tn that dfe inpet sintpie eate-ofithe equatizatiorh filtemis t he
cor r 6poRitBl 9cb ipeint PR S SSHgH GARleae, P ine AGUAIBRGR J1F 35 64BE 1 & i ch has
a frequepQying REforWard lisa{h dotnptiNe¥ aHest Mtk haVirg arPinpét wﬁpﬁ Zate f, and an
output sample rate f; and summating transforming means having an input sample rate fg
10 and an output sample rate p-f;, the input of the feedforward path being coupled by way
- of the rest filter to a first input of the summating transforming means, in that the output

.of the partial filter is coupled to a second input of the summating transforming means
and in that an output of the summating transforming means is coupled to the output of
the feedforward path. _

15 In this embodiment part of the partial filter and a corresponding part of
the equalization filter are included in the feedforward path of the equalizer by way of
the rest filter, so that part of the partial filter and the equalizer are combined resulting
in a still further reduction of the complexity of the sample rate converter. Hereinbelow
there will be explained that part of the partial filter and part of the equalizer may be

20 combined to form the rest filter.

Let 1/f; be equal to T and the input signal consist of samples a, having a
sample rate q-f;, there may then be derived for the response y; at instants _]T ofa
system having impulse response h(t) to these samples:

yl":" hGT-22 ) @

nsl

For the response y, at instants jT of the system having impulse response
o) .
35 h@®Wwo samples by having the sample rate p-f;, there may be derived:

[
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that corresponds to the second (higher) sanple rate. In order to realise
this,  a systemfilter is required which also elimnates the undesired
frequency conponents between [err] f[err] and [err] f[err].

For a reduction_of the conplexity of the systemfilter, a systemfilter
having an PHNILddPesponse h(t) which is Sinple to realise is chozens 1962
the known sanple rate converter. As a result, the frequency

characteristic of the systemfilter i t he passband is not flat, so that
t he frequency spectrum of the basehan ' | Il change. In order t
realise a flat frequency char acteriqgt - %Fﬂt}?.lh (%)

? assband of the whole
3 sanple rate converter, the sanple rate converter is arranged as a
cascade configurati dfrom (4) and (5) the®d n | fd.lter _and an equali zer,
whil e the whole systemfilter or part Fﬁ?r&eo ef‘lsf& S'1 ané‘YZ' I ncor por at ed
in the partial filter,

~ geem BT, & . q
% -Z; a, h(IT-.;) -?._; aw.h((,-l)r_"TT),, “ e ,g 8 g1y BT - n?T) 6
» .
= (i -k_T 3 o : ] kT 2

If the samples a, and by are representative of the same signal, yl(j'I') and
¥2(T) are to be equal. By utilizing this equality as well as the property of

h(t; +t)=g(t)) - h(ty)(=g(tp) -h(t;), where f is independent of % and g is independent of
5 ty, it follows from (6) and (7):

P
kT q
h(o) kg‘ bw -1)+k 3(1.- ?) = h(O) ngl a«’_ Den g(T—%I:) +

q
+ (D A ¥ kT
§ aw.z)on 2(T q ) kgl b’a_z) +b?(T';)] (8)
q nT P
WaDL 3 oy 5., 8T-20)- ) bﬂ-3)+k3(T'H)]"' '
sl q k=1 p
(8) may also be written as:
h(O)i b g(T-H) =h(0)ia oo g(T-2T L)
k=) 20-1+4 P =] w-l)ﬂg( -?) +Sj.l ?

In (9) it holds for Sj-l:

q »
Sa=hDL 3 0y, 07-20)- 5 oMy
A=l q ksl 4 (10)
q
h2T) Ty« kT,
[ §a¢q-3)..'g(r q) glbw_g)‘g'g(r‘7)] o
For §. 1
j-1 the followmg recurrent relationship may be derived:
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For this purpose, the sanple rate converter is characterized, i'n that the
i nput of the equalizer is coupjed to a fianst ‘jnput of C(ﬁlbi ning nmeans, in
that an out put = COMpynindg _ S | ’] tp the (pput
of a feedforward pégt"ﬂ 5%".’@ . g’ﬁ“‘?’ ) g%:(i-” utpgﬁckt"ﬁg f eedf orward
path is coupled to the output of the equa?i zer and, by way of

the equalization fi t i n O Rfal :
By arranging the eqtg ?grgr&atgegﬁﬁg@g@tﬁﬂgg‘g{%ﬁmﬁ\iﬁﬁg%?ﬁgﬁe@@# g 1s
equal i zat ideverrhined dry mearistof the aitiat filtent The sumiof the samplesbgdwhithtsutrhiz
partial filter and th . . equalization filter show a strong
r esembl aneighted by mfeﬁmpw Ewid deteranised, by the,equaligation filter, whereas the £esy|

filter an ?#\?el | id. ter show such a strong resenbl ance that a
m ni m zat ?%ttﬁpg?& elt?an%:‘-@% ygl'df the partial filter likew se |leads to a
m ni m zqti on of The summing transformingxhéans deterinénecthe suhzef the output signals

Let it be ssumedlihat the partial filter has a transfer Herr], the
transfer g? the rest filter and the partial filter. Furthermore, the summing transforming means

transform this sum into a suitable sequence of samples by for which it holds in the best
way possible that the sum weighted by a function g is equal to the sum of the two input
signals of the summing transforming means.

10 If the impulse response h(0) is equal to 0, a singularity arises in formula
(9) because various factors are multiplied by 0. If h(0) is equal to 0, there may be
derived for the samples by;. 1)+

} 4 q
MDY b *g(r-%.?')-m))_; aw_n,,g(r-”f:')a,s,_z (12)
with
q | 1 4
§ 2 EDUDLY, 094 8T-2D-F b 0 3T-T0145, 1 03
A=l .

A further embodiment of the invention is characterized, in that the sample

15 rate converter further comprises at least one combination which includes g further
partial filter, a further delay element, further combining means, a funhet equalization
filter and a further rest filter, in that the input of the further partial fiiter is coupled to
the input of the sample rate converter, in that the output of the further partial filter is
coupled to a first of an additional pair of inputs of the summing transforming means and

20 coupled, by way of the further delay element, to a first input of the further combining
means, in that the output of the summing transforming means is coupled to the second
input of the further combining means by way of the further equalization filter, and in
that the output of the further combining means is coupled to the second of the additional
pair of inputs of the summing transforming means by way of the further rest filter.

23 In this embodiment a plurality of equivalent sections is added to the
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furtfher that the conbining means conpri se an the transfer
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From (3) it now follows that Herr] and Her] indeed show a stron
sample rate converter. This is &[1dvan geous m[that]a system filter may be obtam%d

‘having a steeper filter curve. This is often necessary for sufficiently suppressing noise
in the input signal, for example, noise coming from aforementioned sigma-delta
modulator.

5 A further embodiment of the invention is characterized, in that the partial
filter comprises in addition to first Table means a serial-to-parallel converter for
converting q serial input samples to q parallel output samples, in that the input of the
partial filter is coupled to the input of the serial-to-parallel converter, in that the q
outputs of the serial-to-parallel converter are coupled to q inputs of the first Table

10 means and in that an output of the Table means is coupled to the output of the partial
filter.
These measures provide a simple embodiment for the partial filter while
only the serial-to-parallel converter operates at a high frequency.
A further embodiment of the invention is characterized, in that the
15 impulse response of the combination formed by the partial filter and the rest filter and
also the impulse response of the combination formed by the equalization filter and the
rest filter comprises at least an exponential function.
An exponential function is a function that can be implemented in a simple
manner and has the property of h(t; +t3)=g(t;) - h(tp) for t;,t = 0.
20 A further embodiment of the invention is characterized, in that the ratio of
two successive samples of the impulse response is a power of two.

As a result of this choice, multiplications necessary for determining the
weighted sums may be replaced by much simpler shift operations which lqus toa
further reduction of the complexity of the sample rate converter. -

A preferred embodiment of the invention is characterized, in that the

combination of the partial filter and the rest filter comprises at least two imaginary
zeros.

25

Since zeros are situated on the imaginary axis, zeros are developed in the
frequency characteristic of the filter, so that the suppression of out-of-baseband signals
13 enhanced without a more complex circuit being necessary for this purpose.

The invention will now be further explained with reference to the drawing
Figures, in which like elements will be denoted by like reference characters, in Which:
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Fig. 4-a shows a delay unit in which, besides, the input signal is
multiplied by a factor of 0.25; and
Fig. 4-b shows a delay unit in which, besides, the input signal is
10 multiplied by a factor of 0.5.

In the sample rate converter as shown in Fig. 1 a partial filter 2 is
supplied with an input signal a having a sample rate q-f;, where q equals 3. The output
of the partial filter 2 is connected to the input of an equalizer 3.

15 The input of the equalizer 3 is formed by a first input of combining means
constituted in this case by an adder 4. The output of the adder 4 is connected to the
input of the feedforward path in this case formed by a sample rate increasing filter 6.
The output of the sample rate increasing filter 6 forms the output of the sample rate
converter. The output of the sample rate increasing filter 6 is connected to a second

20 input of the adder 4 by way of an equalization filter 7. The input of the equalization
filter 7 is connected to the input of a sample rate reducer 8 and to the input of a sample
rate reducing filter 10. The output of the sample rate reducer 8 is connected to a first
input of a subtractor 12, the output of the sample rate reducing filter being connected to
a second input of the subtractor 12, The output of the subtractor 12 likewise forms the

25 output of the equalization filter 7.

~ The input signal a, having sample rate 3f,, is filtered in the sample rate
reducing filter 2 having a low-pass characteristic and its sample rate is reduced by a
factor of 3. The output signal of the sample rate reducing filter 2 is filtered in the
equalizer 3 so that the effect of the filter 2 on the frequency spectrum of the desired

30 part of the input signal is compensated. In addition, the equalizer 3, increases the
sample rate by a factor of 2. The compensation of the low-pass character of filter 2 is
effected by the equalization filter 7 in the equalizer. According to the inventive idea,
this filter has a transfer function equal to:

This Sheet Has Been Replaced
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5 signal by a factor of 2 and likewise provides that spectral components in the input signal
situated between 2 f; and f; are eliminated. The latter will be further explained with
reference to the Figs. 2-a to 2-d. |

Fig. 2-a shows the spectrum of an input signal a of the sample rate
converter. This spectrum may be divided into two frequency ranges, i.e. the frequency
10 range accommodating the desired signals and the frequency range accommodating the
undesired signals. The latter range is shown in grey. At the output of the sample rate
-reducing filter 2 the spectrum shown in Fig. 2-b is present. From this drawing Figure it
may be noticed that the cut-off frequency (for example, the 3 dB point) of the filter 2 is
much lower than the maximum frequency occurring in the signal a. In addition, it may
15 be noticed that the frequency spectrum is periodic with a rate f; due to the reduction of
the sample rate. Furthermore, it may be noticed that the undesired Signal components
exhibit a much stronger attenuation than the desired signal components.
The influence of a change of the sample rate on the frequency spectrum of
a sampled signal is described, for example, in the title of "Multirate Digital Signal
20 Processing” by R.E. Crochiere and L.R. Rabiner, published by Prentice-Hall (1983),
ISBN 0-13-605162-6.
If it is assumed that the frequency spectrum of the output;igﬁnald in the
interval between -f; and f; is to be equal to the desired part of the input signal a
between -f; and f,, the frequency spectrum of the signal e may be determined in a
25 simple fashion. This frequency spectrum displays a high-pass characteristic and is
furthermore periodic with a rate f;. The frequency spectrum of signal ¢ is now found by
adding the frequency spectrums of the signals b and e together. The frequency spectrum
of signal ¢ is now flat, but is still periodic with a rate f;. The sample rate increasing
filter 6 eliminates the frequency components situated between '4f; and f;, so that the
30 desired output signal d is obtained. From the frequency spectrum of the signal d it is
clearly noticeable that the undesired components in the signal d are strongly reduced.
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If the bandwidth of the desired part of the signal a exceeds f/2, the
sample rate conversion may not be effected in the manner described hereinbefore,
because the desired part of the output signal b of the partial filter then no longer
satisfies the sampling theorem.

In that case the equalizer and the pértial filter have to change places, so
that the sample rate is first increased by the equalizer and then reduced by the partial
filter. Because the signal processing is now to take place at a highet frequency, the
sample rate converter will generally be more complex.

In the sample rate converter as shown in Fig. 3 the input signal is applied
to a serial-to-parallel converter 20. The output of the serial-to-parallel converter 20 is
connected to an input of first Table means formed in this case by a ROM 22 (32). The
combination of serial-to-parallel converter 20 and ROM 22 (32) forms the partial filter
(further partial filter). The output of the ROM 22 (32) is connected to an input of a
delay element 24 (36) and to a first and a second input respectively, of an adder 29.

The output of the delay element 24 (36) is connected to a first input of an
adder 26 (38). The output of the adder 26 (38) is connected to the input of a multiplier-
cum-delay element 28 (40). The output of the multiplier-cum-delay element 28 (40) is
connected to a second input of the adder 26 (38) and to a third and a fourth input
respectively, of the adder 29. A combination of adder 26 (38) and the multiplier-cum-
delay element 28 (40) forms the rest filter (further rest filter).

The output of the adder 29 is connected to a ROM 31 which produces
parallel output samples for each input sample q. The adder 29 and the ROM 31 form
the summing tmnsfofming means. The outputs of the ROM 31 are connected to inputs
of a parallel-to-serial converter 33 and to inputs of second Table means, aROM 30 (34)
in this case. The output of the ROM 30 (34) is connected to a negative input of the
adder 26 (38). The ROM 30 and the ROM 34 form the equalization filter and the
further equalization filter respectively.

In the sample rate converter as shown in Fig. 3 the serial-to-parallel
converter 20 converts q input samples to a word of p parallel output samples. These
parallel output samples are converted to a single output sample by way of the ROM 22
(32). The number of values the input samples may assume is limited to 2P, due to
which also the number of different input words of the ROM 22 or 31 respectively, will
be limited. If the input symbols of the serial-to-parallel converter are equal to a;, the



‘sanples a[err] and b[err] are represent at| aﬁrre si gnal ,

y[er®](jT) and y[err](jT) are to be equal. |s equality as

o R RN | \T
= err err err

i s iindep 3]%)’f§gt2 and g I s 1 ndependen gf t[err] It fol[le:‘)\r/v@i‘%\gﬂﬁzg) _

and (7 [err I tt
) ROM 52 generates the summaf q ?ucscgssg/% %ﬁt saglri)lgswex[gﬁted by the function g(t).

In the serial-to-parallel converter as shown in Fig. 3 the impulse response h(t) is equal
to a sum of exponential functions of time in which each exponential function is realised
by its own partial filter and rest filter. In the example shown in Fig. 3 the impulse

5 response is equal to:

_‘.
h) = (—)’ s (= )r 1s

For the output signal S; of ROM 22 then holds:

q a-%
Si=3, aq(i-l)ou{'l') ' (16)
asl 2
For the output signal S3 of ROM 32 then holds:
1,0-9 an

q
S0 -El aq(l-l)ou( =)

The rest filter constituted by the adder 26 and the delay element 28 has an impulse
10 response h(t) = (%)UT and the further rest filter constituted by adder 38 and delay
element 40 has an impulse response h(t) = (%)"T.

The adder 29 now determines the total response of the various sub-
responses. The ROM 31 determines p output samples on the basis of the single samples
at its input, the response of the system filter to the p output samples matching the input

1S sample in the best way possible. For the relation between input samples and output
samples of the ROM 31 the following is to hold: '

2 a-h  q.0-5H
S hgaalp 7+ Q71 as)
i

On the basis of formula (18) the contents of ROM 31 may be determined in a simple
manner,

The number of possible values that can be assumed by the output samples
0 s always limited. This means that a number of values of the input samples of the ROM
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it holds for Slerr]:

[err]

For Sf[err]

recuirent rel ationship may be derived:
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31 are represented by the same output sample. In that case the input samples of ROM

31 are quantized to the number of possible values for which (18) holds exactly.

Hereinbelow, an example of this quantization and the associated relation between the
input signals and output signals of the ROM 31 will be given for p equal to 3 and the
number of possible values of the input samples of ROM 31 equal to 2 (+1 and -1).

by by by S5 v [16] Ss

-1 -1 -1 4.45 Ss < -3.42

1 -1 -1 2.40 -3.42 < S5 < -2.00
-1 1 -1 -1.60 -2.00 < Sg < -1.03
1 -1 1 -0.45 -1.03<Sg< 0

1 1 -1 0.45 0 < Sg < 1.03

1 -1 1 1.60 1.03 < Sg < 2.00
-1 1 1 2.40 2.00 < Sg < 3.42

In this Table the fourth column shows for which values of S5 formula (18) holds
exactly. For different values of Sg these values are quantized to the nearest value
according to column 4. Column 5 denotes at which values of Sg the various output
samples by,b; and by are generated. The parallel-to-serial converter 33 coifverts the
parallel output signal of the ROM 31 to a serial output signal. '

The equalization filter is arranged as parallel operating sections, as is the

partial filter. The equalization filter constituted by the ROMSs 30 and 32 determines on

the basis of the q parallel output signals of ROM 31 the desired feedback signals which
are applied to the rest filters.
The following holds for the output signal of the ROM 30:

il
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ghted by the function g, is
| filter. The sum of the sanples bk, vvh| ?

fu is determ ned by the uaI|
’]ﬁ.hlﬂ ?%er recursively determ?ﬂ [err

nm ng transform ng neans determ ne the sum of the output signals

rest filter and the parti al flj,ter Furt m)re, t he summ ng

orm ng neans trans hi s .F yh to a suitable sequgdffe of
s blerr] for which it holds? )?Z;n Ealds}:is

um wei ghted by a function g is equal to the sumof the two input

The sum of the sarrpl es a[err] V\hl ch sum

lﬁirq vvel ght ed
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way possi bl e that

signdl s of the summ ng transform ng neans. If the

i mpul

Se I

thsigdal iof ROME34 § @:singularity arises in fornula

(9) Qecause various factors are multiplied by 0. If h(O is equal to O,
may be derived for the sanpl es b[kerr](l 1)+k: [err]

there
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20
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In the adder 29, the ROM 31 or in the ROMs 30 and 34 respectively, a
multiplication by a factor of 4 is still to be performed to determine the sum of the
samples b which sum has been weighted by the function g, due to the mulitiplication by
h(0) (=2) in formula (9).

A first particular situation occurs if ¢ = 1 withp = 1.

In this situation the ROM 31 and the serial-to-parallel converter 33 may
be omitted, so that the output signal of the adder 29 likewise forms the output signal of
the sample rate converter. The ROM 30 and the ROM 31 then produce an output signal
which depends on no more than a single input sample, which results in a simple
embodiment. Furthermore, it can be noticed that except for the serial-to-parallel
conversion at the input, all opérations may be performed at the low 6utput sample rate,

This situation occurs, for example, when there is a conversion from a 1-
bit signal coming, for example, from a sigma-delta modulator, to a p-bit PCM signal.
The system filter is then to suppress the quantization noise which enhances with
increasing frequency, so that the system filter no'longer has any influence on the sample
rate converter output signal outside the baseband. In order to maintain the’noise power
caused by out-of-baseband noise of the sample rate converter output signal below a
specific value N, the frequency characteristic of the system filter is to meet the
following requirement:

zl“ £ Sw)|H@)[* do s N @D

In (21) Sy(w) is the quantization noise spectrum of the input signal of the sample rate
converter and | H(w) |2 is the squared absolute value of the transfer function of the
system filter. (21) proves that a steep decline of the system filter past £/2 yields good



A further enbodi nent of the invention
acterized, in that the sanple rate converter further
ses at | east one conbi nati on which includes a further

filte further delay el enent, further conbining neang, t her
|zaIP 571? filter and a furlf‘her rest filter, in th%?ﬁé%put

e further partial filter is coupled to the i nput of the
e raoiee P08r, in that the output of the further partial fllter is

ed to a firsty goémgqg@ﬁrbf}?ﬁh &@nga%new&%?&hﬁm@x ;ﬁﬁg‘g

f or m ng neans an
, Witfout enharding ﬂmnomplemtyaof thetdysuem:ﬁmm lny giving the u'ansferrmncmn | n that

ut put of the sunm ransform ng neans_ i s .cou to the second
of mmm&aﬁlw&ef% F‘ﬁg Offiﬁ’ét‘?magﬁéms ogssiblez dei on

r, t: t t i ns is
ed F’Bg lglerslte%:hg n mfF%% '33@???%?}%] Et féLst ?W %la@éro%e%sﬂt‘@glgf he
Ng f{f fis Seetiohs grodue a riegativeyoutputt dignal tins theccase @fta positiverinput signal.

An example of an impuise response corresponding to such a transfer

function is:

wo = H7 - 18d? .+ 7 @
In Fig. 4-a the multiplying delay circuit comprises a delay circuit in which

10 all the bits except for the two least significant bits are transported to a memory circuit

42. The output bits of the memory circuit 42 are extended by two most significant bits

.having a logic value "-1". The effect of this is that the most significant bits are shifted

two places to a less significant position, which narrows down to a multiplication by a

factor of %. In the circuit as shown in Fig. 4-b a shift by one bit position is realised in
15 similar fashion, which narrows down to a multiplication by a factor of %.
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Inghis enbodiment a plurality of equivalent sections is added to the 9
7 anple rate converter. This is advantageous in that a systemfilter may
;.be pbtained having a steeper filter curve. This is often necessary for

sufficie H# ressi ng noise in the i ut signal, for exanple i

cong ng f?’ a't? menti oned signma-delta duI ator. Z%&uﬁaﬁer
e di me helnventlonls_char_a,cl_eu_zed——l—n—that the partial filter
conor i Ses=H ition to first Table mea ?ﬁ’lﬂ er aI-to paral |l el converter

for{ converting q serial input - s out put sanples, in that
thgl i nput of the partial f||ter | H
serjal -to-parallel converter, puts of the

he |nput of the
serj al -to-parallel converter are coupled to g inputs of the first Table

1. Sample rate converter for filtering a discrete-time input signal having a
sample rate q-f; by means of a system filter having an impulse response h(t) and,
besides, for converting the discrete-time input signal having a sample rate q-f; to a
discrete-time output signal having a sample rate p-f;, p and q being unequal positive

5 integers gr&tet than or equal to one, the sample rate converter comprising a cascade
combination of a partial filter and an equalizer for equalizing the frequency
characteristic of the sample rate converter, the input of the cascade combination being
coupled to the input of the sample rate converter and the output of the cascade
combination being coupled to the output of the sample rate converter, characterized in

10 that the input of the equalizer is coupled to a first input of combining means, in that an
output of the combining means is coupled to the input of a feedforward path and in that
the output of the feedforward path is coupled to the output of the equalizer and, by way
of the equalization filter, to a second input of the combining means.
2. Sample rate converter as claimed in Claim 1, characterized, in that the

15 impulse response h(t; +t5)(ty,ty = 0) equals g(t;) -h(ty), in that a delay element having
a delay 1/f; is present between the output of the partial filter and the input of the
equalizer, in that the input sample rate of the partial filter is equal to q-£,, in that the
output sample rate of the partial filter is equal to f;, in that the input sample rate of the
equalization filter is equal to p+f;, in that the output sample rate of the eqi:\alimtion

20 filter is equal to f, in that the feedforward path comprises a rest filter having an input
sample rate f; and an output sample rate f; and Summating transforming means having
an input sample rate f; and an output sample rate p-f;, the input of the feedforward
path being coupled by way of the rest filter to a first input of the summating
transforming means, in that the output of the partial filter is coupled to a second input

25 of the summating transforming means and in that an output of the summating
transforming means is coupled to the output of the feedforward path.
3. Sample rate converter as claimed in Claim 2, characterized in that the
sample rate converter further comprises at least one combination which includes a

A




nmeafs and in that an out put of the Table means is coupl ed to the output of
thelpartial filter. ‘SSheetHaSBeenReplﬁqése measures provide a sinple

wenbedi ment for t he pa”"H |Ie only the serial-to-parallel
con erte e:;% gs at nc A further_enbodi ment
of ASi's characterized in tlﬁat the inmpul se responsetdf4d

co |nat|on formed by the partial filter and the rest filter and also the

i npyl se fusthes pagiab filtenca d&hﬂcﬁkmqﬁnﬁuﬂwyopmhémmmma fusther | ter and

- expongiiplizftont ARR! 4T ctiher 9 1A, Y RF A ot I e paria Gt in

manner agghpl@ptd the lﬁpar&rtha saﬁplb(xh{eeédrﬂvéﬁéxe i kaat%é Bﬁl‘{gﬁi of {ﬂérmhhé:t ﬁﬁaﬂ )

for t[errl ,tlerr] [err] O. further enbodi ment of
i nvent i ofiltesiscieupledttora ﬁmof an addmpnalmamai inputsfoft the summing gtansfogamgl es of

choi oo TR SR &bl by LG8 e PortbEP e elomantfo,a, et iy F A B "

repl acedcpibaitg mehns) liff that fthe am?ﬁﬁéﬁmb%ﬁxm; Q&nkﬁﬁﬁﬁagt fedhs is ¢bbpied to

reduction of the conplexity of the sanple rate convert
pr ef ar r etheesebontl input of thet ﬁuethenmbmmg meansby way of |ttmaﬁmhen eqwizaudma

COm Nt e a3 ol o U e b5 bty b B 67
i Magi nar thesaddftionaAPpaie of ifp e ¥E tiePRthrhing [thsforming means by way of the further
10 rest filter.
4, Sample rate converter as claimed in Claim 2 or 3, characterized in that
~ the partial filter comprises in addition to first Table means a serial-to-parallél converter
for converting q serial input samples to q parallel output samples, in that the input of
the partial filter is coupled to the input of the serial-to-parallel converter, in that the q
15 outputs of the serial-to-parallel converter are coupled 10 q inputs of the first Table
means and in that an output of the Table means is coupled to the output of the partial
filter.
5. Sample rate convertér as claimed in Claim 2, 3 or 4, characterized in that
the equalization filter comprises second Table means, in that the input of the
20 equalization filter is coupled to the input of the second Table means and in that the
output of the Table means is coupled to the output of the equalization filter.
6. Sample rate converter as claimed in Claim 2, 3, 4 or §, characterized in
that the impulse response of the combination formed by the partial filter and the rest
: filter and also the impulse response of the combination formed by the ethzauon filter
25 and the rest filter comprises at least an exponential function.

7. Sample rate converter as claimed in Claim 6, characterized in that the
ratio of two consecutive samples of the impulse response is a power of two.
8. Sample rate converter as claimed in one of the preceding Claims,

characterized in that the combination of the parnal filter and the rest filter comprises at
30 least two imaginary zeros.

‘) 0 A



cy characteristic of the filter, so that the suppression of

- baseband signal s I s enhanced without a nore conplex circuit being

ary for this purpose. - The invention will now be

r expl ai q with reference to the draw ng Figures, in which |ike
133 denoted by |ike refererdde characters, in which:23.04.1992

Fig. 1 shows a block diagramof a sanple rate converter

i ngmvention; Fig. 2 shows frequency spectruns

1I O'u§ar§bﬁrﬁtesc(ﬁﬁemﬁyﬁf@¥ occur in a sanple rate converter as shown in

A sample rate converter comprises a cascade conﬁguration of a partial
filter (20,22,32,26,28) and an equalizer (26,28,30,34) for equalizing the transfer of the

system filter. For obtaining a minimum-complexity equalizer when the complexity of
the partial filter is minimized, the equalizer is arranged as a feedback system

5 comprising in the feedback path an equalization filter that is substantially equal to the
partial filter. '

Fig. 3.
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F| ! hﬂs/mteaﬁaﬁdaokhth of the sarrpl e rate converter according to the

|nven I on; Fig. 4-a shows a delay unit in which, besides, the
nput Slg ed by a factor of 0.25; and : Fig. 4-b
shows i ch, besides, the input signal is multiplied by a
factor of 0.5. n the sanple rate converter as sh I n

sanple rate q [err] f[err],]{where g equals 3. Thg out put of thelpartial
filter 2 is connectgd to thf of an equal i Z8r The
- H f

I nput of th ‘ firg of combinin qfans
&%é of the aaﬂer S
| Tﬁrg‘CHSE‘?UTige'by a

constituted
: hel sanpl e raje fncreasing
filter 6 forns the output o the sanple rate converter. The putput of the
sanpl e rate increasing fl|tf ijs conn €Ut T a Secumt-iTPpR ¢f the adder
filtg Wf

Fig. 1 a partial filter 2 L;—supﬁlhad.uLLh.an‘annf S lgal A.ha1t a

i nput

4 by way of an equalization r 7.7The input of a,8qual | gation filter
7 is connected to the inputjof a i%nple rate reducd and tp tre i nput of
a sanple rate reducing filter 10.[ Th . pte—+f el reducer 8
I's connected to a first
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| npugg of a subtractor 12, the output of the sanple rate reducing filter
bei ng! connected to a second input of the subtractor 12. The output of the

subtractor 12 |likewi se forns the output of the equalization filter 7.

The input signal a, having sanple rate 3f[err], is filtered in the sanple
rate reducing filter 2 having a | ow characteristic and its sanple rate
is reduced by a factor of9p. The output signal of the sanple rate reducing
filter 2 is filtered i Syqualizer 3 so that the effect of the filter 2

on the frequency sp I nput signal is
conpensated. | n addi]ti gﬁlizer 3, increases|the sanple rate by a
factor of 2. T} co t he | ow pass character of filter 2 is
effected(ﬂfﬂ ./ 1 n the equalfzer. According to the
i nventiveg P bt Ej‘er f -QL pqual to: 10
‘ B 81 e L.
10 % B |8 3 B
(fs) 7"
{ C P
32 )3 Ss S
Tl (% (s
[ 8 Bz S‘ - *; Z rl" _L
% T
e
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FIG.4a FIG.4b
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'If t he bandW| t§h of the desi red part of the signal a exceeds f[erH}:a3-4v
sanple rate c nt/e.ﬂ_‘ﬁ BEBN®YP7nat be effected in the manner descri bed

her ei nbef or e, becau le the desired part of the output signal b of
the partial f{lter—thén no 1 onger 1 satlsflesthe sanpl i ng

t heorem In that casgthg; : ‘“Gﬁ‘@ﬁ"fhe”“pﬁf-{“l"cl

filter hav hat - e < Bl ot
i ncreased Mf eq zer arﬁst hen reduced Jy:?j T o pags -'Lg!'r

filter. Because the signal processing is nowty: "f‘; i e’%--‘-‘--
frequency, the sanpl e rate conver ev}’“ &t} Jaﬁe e
conpl ex. In the sanp| e ra%"e:-@onv&t‘é# T do eeh-1n
Fig. 3 the input signal is applied to a serial-to-parallel

converter 20. The output of the serial-to-palaDkeR conRECEST 2817 ... _
connected to an input of first Table means fornmed in tnl s case by a ROV22

(32). The onbi nation of serial araIIeI erter .20 and ROM
. 22 (32) forns the paflf‘Fé’F"ef‘ pp Iylates t0'd sample 'FHLJ) rng; 3 discrpte- e

out put of t[{]@%m GgndlhavirgSa Sanple Fhey tfobi“indaﬂi’kbfa% stém filter havmgfande' ay

eI enment 24 d'to a f| rst and a second input reSpectively, an adder
impulse response h(t) andﬂbeslden, for converting meuhs,cmeenmmpnmgmmamg

fﬁQ”SEEE? sceafrg ik acEriben Blrr® gunmyp ol ey eéraf?l?eem“e AL Ty
cum del ay ojefrigeutieqedl ;(oéﬁi?ve ﬂt& e:@tgtréutér @hn P eqial! thidak! e GHip r?)gg:??and

28 (40) is connected to second |nput of the der
to a third comprisinga.easpadergombination of a pamaleﬁhmndm 9quahzertm eqdﬂmngzenc A

combi nat i Orhe%er?c‘}dﬁ{at&?erfsag of %‘é’ sirﬁ\ﬂe %téom/ér?er fiie mput of the cascade
: combination being coupled to the input of the sample rate converter and the output of
the cascade combination being coupled to the output of the sample rate converter.

_ A sample rate converter of this 'type is known from the journal article
entitled "Area-Efficient Multichannel Oversampled PCM Voiceband Coder” in IEEE
Journal of Solid State Circuits, Vol. 23, No. 6, December 1988.

Sample rate converters of this type are used, for example, in analog-to-
digital converters and digital-to-analog converters operating according to the sigma-delta
principle. In a sigma-delta analog-to-digital converter the analog input signal is
converted to a digital 1-bit signal that denotes the sign of the difference between a
sample of the analog input signal and a sample of suitably filtered preceding 1-bit
signals. |

, The sample rate of the sigma-delta analog-to-digital convester is many
times higher than the minimum required sample rate according to Shannon’s sampling
theorem. The advantage of this is that the anti-aliasing filter which is to reduce the
bandwidth of the analog input signal to half the sample rate may now be arranged in a
much simpler manner in that the passband and the stopband of this anti-aliasing filter
are much wider apart than in the case where the sample rate were about equal to the
minimum sample rate required according to the sampling theorem.

However, in many cases a digital output signal is ultimately desired to
have a sample rate which is about equal to the minimum sample rate required according
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Icy._e.l-enent 28-- ) forns the rest filter (further rest filter).
e fout BUt of theladider 29 is connected to a ROM 31 which produces
rdl | 2B BEB P87 sampl es for each input sanple g. The adder 29 and the ROM
florm . fhe summing transform gg means. The outputs of the ROM
are connected tolinputs of parall el -to-serial converter 33
o lnputs—of-sedond Tabl e_ne a ROM 30 in this.case.

The out put tofthe SRMPEDS @907(3514)'“}1 Wr?éﬁ’l?@d%“a"@ébm for, firthep proggssing
fgger 26 (38) . fc,} %Jap tlﬁsl %h&rm%wag@m&%ﬁﬂ@ws{gmﬁr and

r respectiv
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out put sanp (32). The nunber of val ues
s‘i{"%ﬁ n&‘?% ® H fo ictly Jecessay,

t he i nput es maya une s rr], due to whi ch

al so the nunber of ledr@bﬁiﬁmgWumncbf thé sampleaw 2he devitxignat spappliedady,

Wil | be limted the i nput synbols of the serial-t L1 el
converter ot samplesatetcenyeriarywhich |dgnves a redu)éed sample rate PcM srxlgnal froom %?é f-bit”

signal.
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A known property (known, for example, from aforementioned article) of
sigma-delta modulators is that the 1-bit signal comprises quantizing noise with a
frequency-dependent spectral power density, which spectral power density strongly
increases with frequency. If the conversion of the 1-bit signal to a PCM signal having a
reduced sample rate is effected, for example, by adding bits over a specific time
interval, the high-frequency quantizing noise in the 1-bit signal will be aliased to the
baseband in which the desired signal is situated. Consequently, the signal-to-noise ratio
of the PCM signal is degraded considerably.

In order to avoid this degradation of the signal-to-noise ratio, the noise of
the 1-bit signal, which noise has frequencies exceeding the maximum frequency of the
desired PCM signal, is to be eliminated with the aid of a filter to be termed reference
filter hereinafter, before the sample rate is reduced.

A similar problem occurs when the sample rate is increased fromaﬁrst _
sample rate f; to a second sample rate f5. Once the sample rate has been increased, the
frequency spectrum of the discrete-time signal having the second sample rate continues
to be periodic with a period f; that corresponds to the first sample rate, whereas a
signal is desired which has a frequency spectrum that is only periodic with a period f;
that corresponds to the second (higher) sample rate. In order to realise this, a system

* filter is required which also eliminates the undesired frequency components between '
f; and % f,. | B

For a reduction of the complexity of the systeni filter, a system filter
having an impulse response h(t) which is simple'to realise is chosen for the known
sample rate converter. As a result, the frequency characteristic of the system filter in
the passband is not flat, so that the frequency spectrum of the baseband signal wiil
change. In order to realise a flat frequency characteristic in the passband of the whole
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This transfer is realised according to the

_n subtracting the out put signal of the sanple rate
du&i&ngﬁh{jg@?r 14, having transfer Herr], fromthe output si gnal
t & rate reducer 8 having a trapsfer function equal to 1.

‘ncreasing filter 6 increases the sanple rate of its input

cghv&%pwa%@ﬂ rowr&%s that%ﬁpect ral fo{'@l %?atnsoni n

el i m nat edB f alparad Fller and bh eqealizer.! Wifle mephmle%gs:&mtmter or part f3k&rgace Lo

the Figs a‘to asovvst spectrumof an
i nput  Si gnaicospomted matrmmnal fikere converter This spectrum may be

accomodati ng i ne deuioiph e SE B o oefig ler ahd 4 Etidiipes deads B8 at i ng ¢ ne
undesired $4du6EE of ii&ecdn@ﬁléﬂg dls?eéure ?lesﬁié’\ébdvErtSf Qe néid fd}%&ﬁ&ggm&’f the

sanple rate reduci ng he spectrumshown in Fig
present. prnpkm%sfelu&mwemtgsxrétut may be noticed that the cut-off
frequency (for exanple, the 3 dB point) of the filter 2 is

- It is an object of the invention to provide a sample rate converter
mentioned in the opening paragraph, whose complexity is further reduced.

For this purpose, the sample rate converter is characterized, in that the
input of the equalizer is coupled to a first input of combining means, in that an output
of the combining means is coupled to the input of a feedforward path and in that the
output of the feedforward path is coupled to the output of the equalizer and, by way of
the equalization filter, to a second input of the combining means.

By arranging the equalizer as a feedback system which comprises an
equalization filter in the feedback path, there is achieved that the partial filter and the
equalization filter show a strong resemblance. Hereinbelow it will be shown that the
partial filter and the equalization filter show such a strong resemblance that a
minimization of the complexity of the partial filter likewise leads to a minimization of
the complexity of the equalizer.

Let it be assumed that the partial filter has a transfer Hsys’ the transfer of
meequalizerHegxstobeequalto

1 _
H,‘ = H— §))
Assuming further that the combining means comprise an adder, and thit the transfer of

 the feedforward path is equal to 1, for H,g may then be written:

1

H =
«TTTH, @

In (2) Hygy is the transfer function of the equalization filter. Let (1) and (2) be equal,
then:
From (3) it now follows that Hegr and I-Isys indeed show a strong



much | ower than the maxi mum frequency occurring in the signal a. In

addition, it may be noticed that the frequency spectrumis periodic
Wwth a rnfﬂf[grl_r] % o the reduction of the sanple rate.
Furth rﬂE?Lé«ﬁEﬁﬁt?sW‘rgt hoti ced that the undesired signal conponents

exhi bt ra—mmochi Strongger} attenuati on than the desired signal conponents.
The i nfl uegg r% mphange of the sanpl e4ate on the frequency spectrum of
a sanyl ed 3 I's des¢ribed, for exanple, in the title of "Miltirate

| s

Di git br pcessi ng" byyR E.q Crgchiere and L. R Rabiner, (3
publ i ghed by Prentice-Hall (1983), e I 0- 13- 605162- 6.

If it bs—assUMEd (hat the frequency spectrum of the output signal d in the
interval hetfwoen.eflerr] and flerr] is to be equal to the desired part of
the input signal a between -f[err] and f[err], the frequency spectrum
of the signal e mayAmembedigtant o the igvention is charaganzed qinhthahtheiynetdn equency

er i odi ¢ WrHaR s B Py Al B RIGE R ihA Sl Praribns paving aiaV 1 IS,

found by present Peaweaqné Batpht Bf R WartiFItdr dnd5the inpul Of thd) Blatizer, AR GhA the

;
t oget her. requency spectrum of signal ¢ is now flat, but is
still perinpoi sample rate of Abepartial filter iSrequabtopq of s it Hat therauputisgmple rate of | t er

Plorr] " obemapmal aer 'Sl of 8RR e e ook ol it & s eahAA SR A .
fr equency@gﬁﬁf}% ,?] gﬂg{ ff thab theSoutpa safhpilé rdt® of the equalieRidn/fiké iseqadll ® £at the

undesi red s in the signal 'd are strongly reduced.

that the feedforward path comprises a rest filter having an input sample rate f; and an

output sample rate f; and summating transforming means having an input sample rate fg
and an output sample rate p-f;, the input of the feedforward path being coupled by way
of the rest filter to a first input of the summating transforming means, in that the output
.of the partial filter is coupled to a second input of the summating transforming means
and in that an output of the summating transforming means is coupled to the output of
the feedforward path.

In this embodiment part of the partial filter and a corresponding part of
the equalization filter are included'in the feedforward path of the equalizer by way of
the rest filter, so that part of the partial filter and the equalizer are combined resulting
in a still further reduction of the complexity of the sample rate converter. Hereinbelow
there will be explained that part of the partial filter and part of the equalizer may be
combined to form the rest filter.

Let 1/f; be equal to T and the input signal consist of samples a, having a
sample rate qlo fs, there may then be derived for the response y; at instants jT of a

system having impuise response h(t) to these samples:

i _
Y=y 4.-1,(,1._"1') @
[ L1} q .
For the response ¥ at instants jT of the system having impulse response
h(s) to samples by having the sample rate p-f,, there may be derived:



ROM 22 generates the sum of g successive input sanples weighted by the
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LY | Ay lerial -to-parall el converter as shown in Fig. 3 the
@E_g_é'{o%ﬁsi ﬁ%i,

ilfs equal to a sum of exponential functions of tine in

ach exponenti gl {function is realised by its own partial filter and

torg FEB 1992 gxanple shown in Fig. 3 the inpul se response is equal

ryl

For the] gutput signal S[err] of ROM 22 then hol ds:

ir
=3 bhGT-55) ®
ksl b4

From (4) and (5) there may be derived for y; and y,: S

e | ol T
y1=2': a.-h(iT-E‘-}‘ﬁE amﬁ((i-l)r-%'),, e {; a w-n...h(r-l';) (6)
n=l asl B=
2. kT & kT, 4 oy 7 ¢ %))
= AGT-22)+ Y b, R(G-DT-==)+ * * « +3_ b, o HAT-—)
Vs kE_lbkh(lT p)§m (G-1) P)* Z:l;ant ?

If the samples a,, and by are representative of the same signal, y;(T) and
yo(T) are to be equai. By utilizing this equality as well as the property of
h(t; +t2) =g(tp) - h(t)(=g(tp) - h(ty), where f is independent of t) and g is independent of
t;, it follows from (6) and (7):

P : ¢
MO S by a8T-D)e bO) 3y . 2T-20)
k=l p asl q
1 4

P DL Yt pn®T-2D by w50 ®)
asl E q ksl p

- q 1 4 kT

el Y a,(,-,,..xcr-l'}'» 3 by 8T
n=l =

(8) may also be written as:

| 4 q T
oY b,a_l),,-g(T-k-pZ)J(O)Zl a'a_n”g(T-ﬁq-)-rsj_‘ ©)
k=l ns=
In (9) it holds for S.;:
u T, <« kT,
S).1=h T-2)- Y by pu8T-—1 +
j-4=HDL 'Z_;a,q-,,..x( Y g PDEE p 10

q } 4 kT
A2 -8 S e(r-XD - -
@D ?_:la,q.,)..x( = ?:_; -9+ 8T~

For §; ) the following recurrent relationship may be derived:
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Tﬁgﬂlﬂ;&;{iﬁgﬂ:@ﬁgghe output signal S[err] of ROM 32 then holds: [err] The
r est—t+-t-er—consti tuted by the adder 26 and the del ay el ement 28 has an
fﬁp'ul se response h(t) = ()[err] and the further rest filter constituted by
aﬁdeﬁﬁfiﬁﬁa Ide| ay el ement 40 has an inpugse response h(t) = ([err])[err].
Thie adder_ 29 et erm nes the total response of the various sub-
responses. The ROM 31 determ nes p output sanples on the basis of the

L singl-e—sarples—at! i ts i nput, t§ response paf gue system il ter to the p
out put sanpl es mat cﬁ,—.gﬂ&é{h(ﬂ)i ds@m‘&(Tr#—Dh bgpi,.,\z(?'-pyﬂs-ﬁpile. For (ldhe
rel ati on between input sanpl es*and out put $antkes of the A/ROM 31 the
following is to hold: . . . . .
The sum of the samples a,, which sum is weighted by the function g, is

determined by means of the partial filter. The sum of the samples by, which sum is
weighted by the function g, is determined by the equalization filter, whereas the rest

filter recursively determines S; ;.

The summing transforming means determine the sum of the output signals
of the rest filter and the partial filter. Furthermore, the summing transforming means
transform this sum into a suitable sequence of samples by for which it holds in the best
way possible that the sum weighted by a function g is equal to the sum of the two input
signals of the summing transforming means.

If the impulse response h(0) is equal to 0, a singularity arises in formula
(9) because various factors are multiplied by 0. If h(0) is equal to 0, there may be

derived for the samples Bogi-1)+k*

4 kT, g nT, (12)
h(nkz b -l)*g(r-?) 'h(z)zl aw-l)ou'g(r.?) +s]-2 -
) ™ .
‘with
9 P
5,2 =8DUADIY. a5y x(T.-"—:) P> b,a.,,..x(T-k{)] ARSI £
R=]l

A further embodiment of the invention is characterized, in that the sample
rate converter further comprises at least one combination which includes a further
partial filter, a further délay element, further combining means, a further equalization
filtler and a further rest filter, in that the input of the further partial filter is coupled to
the input of the sample rate converter, in that the output of the further partial filter is
coupled to a first of an additional pair of inputs of the summing transforming means and
coupled, by way of the further delay element, to a first input of the further combining
means, in that the output of the summing transforming means is coupled to the second
input of the further combining means by way of the further equalization filter, and in
that the output of the further combining means is coupled to the second of the additional
pair of inputs of the summing transforming means by way of the further rest filter.

In this embodiment a plurality of equivalent sections is added to the
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—R~the {basis of fornula (18) the contents of ROM 31 may be
termned in a gi npl e manner. The nunber of possible val ues
aR 8cBRBp8Y4squred by the output sanples is always limted. This means
at_a nunber df {values of the input samples of the ROM
5 . :

sample rate converter. This is advantageous in that a system filter may be obtained
‘having a steeper filter curve. This is often necessary for sufficiently suppressing noise
in the input signal, for example, noise coming from aforementioned sigma-delta
modulator.

| A further embodiment of the invention is characterized, in that the partial
filter comprises in addition to first Table means a serial-to-parallel converter for
converting q serial input samples to q parallel output samples, in that the input of the
partial filter is coupled to the input of the serial-to-parallel converter, in that the q
outputs of the serial-to-parallel converter are coupled to q inputs of the first Table
means and in that an output of the Table means is coupled to the output of the partial
filter. '

These measures provide a simple embodiment for the partial filter while
only the serial-to-parallel converter operates at a high frequency.

A further embodiment of the invention is characterized, in that the
inipulse response of the combination formed by the partial filter and the rest filter and
also the impulse response of the combination formed by the equalization filter and the
rest filter comprises at least an exponential function.

An exponential function is a function that can be implemented in a simple
manner and has the property of h(t; +t)=g(t}) - h(tp) for t,tp = 0.

A further embodiment of the invention is characterized, in that the ratio of
two successive samples of the impulse response is a power of two.

As a result of this choice, multiplications necessary for determining the
weighted sums may be replaced by much simpler shift operations which leads to a
further reduction of the complexity of the sample rate converter.

+ A preferred embodiment of the invention is characterized, in that the
combination of the partial filter and the rest filter comprises at least two imaginary
zeros.

~ Since zeros are situated on the imaginary axis, zeros are developed in the
frequency characteristic of the filter, so that the suppression of out-of-baseband signals
is enhanced without a more complex circuit being necessary for this purpose.

F The invention will now be further explained with reference to the drawing
'gures, in which like elements will be denoted by like reference characters, in which:
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31 r%:*ﬁép‘r E‘S“ED,\ 1" byl the same output sanple. Ir that case the input

sanmpl FS of ROM 31 afr e quantized to the number of possible values for which-
(18} holxy FEREIITy.| Her ei nbel ow, an exanple of this quantization and the
ass¢citated rel ationl bpt ween t he i nput siggals and output signals of the ROM

31 ¢ M—be—girven for p equal to 3 and the nunber of possibLe val ues g{ thf
' f RO\ I + 1 an - err err
Ingr’;] sanp) esSE)er rl 13 q 4 f %%vs a 8loclsfdgfgﬁm a samplq: rate conver;e[g accc]rding_tg the
-4.45 . ; .S[err] [err] -3.42 -1 _ -1

_2.40 Ve > < Sterr]” : -2.00 1 1 1

-1.60 - 2. 00 Exﬁ[leshdws frequeﬁej spectrums-of various 51gnéls as they mky oceur in
-0. 45 o 235 2er a_l 1

0. 45 a sampléyale’ %‘f‘b sheyen i Fig. 1;

__ Fig. 3 shows an embodiment of the sample rate converter accordmg to the
invention;
Fig. 4-a shows a delay unit in which, besides, the input signal is
multiplied by a factor of 0.25; and _
Fig. 4-b shows a delay unit in which, besides, the input signal is
multiplied by a factor of 0.5.

In the sample rate converter as shown in Fig. 1 a partial filter 2 is
supplied with an input signal a having a sample rate q-f;, where q equals 3. The output
of the partial filter 2 is connected to the input of an equalizer 3. ,

The input of the equalizer 3 is formed by a first input of combining means
constituted in this case by an adder 4. The output of the adder 4 is connected to the
input of the feedforward path in this case formed by a sample rate increasing filter 6.
The output of the sample rate increasing filter 6 forms the output of the sample rate
converter. The output of the sample rate increasing filter 6 is connected to a second
input of the adder 4 by way of an equalization filter 7. The input of the equalization
filter 7 is connected to the input of a sample rate reducer 8 and to the input of a sample
rate reducing filter 10. The output of the sample rate reducer 8 is connected to a first
input of a subtractor 12, the output of the sample rate reducing filter bemg connected to
a second input of the subtractor 12. The output of the subtractor 12 likewise forms the
output of the equalization filter 7. :

The input signal a, having sample rate 3f;, is filtered in the sample rate
reducing filter 2 having a low-pass characteristic and its sample rate is reduced bya
factor of 3. The output signal of the sample rate reducing filter 2 is filtered in the
equalizer 3 sothattheeffectoftheﬁlteerﬂlefrequencyspecuumofthedgsired
part of the input signal is compensated. In addition, the equalizer 3, increases the
sample rate by a factor of 2. The compensation of the low-pass character of filter 2 is
effected by the equalization filter 7 in the equalizer. According to the mvenuve idea,
this filter has a transfer function equal to:
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REPLACEIAENT S ot 1,60 1.03 < Slerr]  :2.00

1 2.40 2.00 < S[err] 3.42 1

4. 45 3.42 < Glerr] In this Table the
)u“tl?&gk@rﬂ?gghows for which val ues of err] fornmula (18) holds exactly.

_.dJ.i_f_er.e_uL,.yalJue:s of S[err] these valUes are quantized to the nearest

‘al ue according to ﬁ&%ﬁ%&ﬂ@f’g% éeéden%%é ﬂ&?‘@“@g‘ﬁ #@%fﬁh‘&e”] t he

paral | el - t%mz,&waaé corveyston afay%t«beremeu ih ife MahAdr describedhireinberosd, of the

ROM 31 to eri al output mg The e quallzatlonfllter IS
arranged agecmsehe destmpepaaw e ouiput sigaal b of ithe partiabfilter then mp|lppger The

equal i zation filter by the ROVs 30 and 32 deternines on the
basi s of tﬁgéf p‘é?éf"ﬁ@llﬁ B’Fﬁ 'signal s of ROM 31 the desired feedback
signals which are aHﬁ'M%@ﬂk"&uﬂ%& aﬁd'tﬁ@b&ual'rﬂkerfﬁ’i\ﬂe%dhﬁni@ﬂﬂd&sf% the
out put signal of the ROM 3

that the sample rate is ﬁrst increased by the equalizer and then reduced by the partial
filter. Because the signal processing is now to take place at a higher frequency, the

SS Tl b
Lol

‘sample rate converter will generally be more complex.

In the sample rate converter as shown in Fig. 3 the input signal is applied
to a serial-to-parallel converter 20. The output of the serial-to-parallel converter 20 is
connected to an input of first Table means formed in this case by a ROM 22 (32). The
combination of serial-to-parallel converter 20 and ROM 22 (32) forms the partial filter
(further partial filter). The output of the ROM 22 (32) is connected to an input of a
delay element 24 (36) and to a first and a second input respectively, of an adder 29.

The output of the delay element 24 (36) is connected to a first input of an
adder 26 (38). The output of the adder 26 (38) is connected to the input of a multiplier-
cum-delay element 28 (40). The output of the multiplier-cum-delay element 28 (40) is
connected to a second input of the adder 26 (38) and to a third and a fourth input
respectively, of the adder 29. A combination of adder 26 (38) and the multiplier-cum-
delay element 28 (40) forms the rest filter (further rest filter).

The output of the adder 29 is connected to a ROM 31 which produces
parallel output samples for each input sample q. The adder 29 and the ROM 31 form

- the summing tmnsfofming means, The outputs of the ROM 31 are connectg,d to inputs
of a parallel-to-serial converter 33 and to inputs of second Table means, @ ROM 30 (34)
in this case.’ The output of the ROM 30 (34) is connected to a negative input of the
adder 26 (38). The ROM 30 and the ROM 34 form the equalization filter and the
further equalization filter respectively.

In the sample rate converter as shown in Fig. 3 the serial-to-parallel
converter 20 converts q input samples to a word of p parallel output samples. These
parallel output samples are converted to a single output sample by way of the ROM 22
(32). The number of values the input samples may assume is limited to 2P, due to
which also the number of different input words of the ROM 22 or 31 respectively, will
be limited. If the input symbols of the serial-to-parallel converter are equal to a,, the
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”RE?LAC?’L‘&#EMT SRR qutput signal of ROVI 34 is equal to: [err]
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Hy=1-H, 3)

This transfer is realised according to the inventive idea by subtracting the
output signal of the sample rate reducing filter 10, having transfer Hsys, from the output
signal of the sample rate reducer 8 having a transfer function equal to 1.

The sample rate increasing filter 6 increases the sample rate of its input
signal by a factor of 2 and likewise provides that spectra.l components in the input signal
situated between %2 f; and f; are eliminated. The latter will be further explained with
reference to the Figs. 2-a to 2-d.

| Fig. 2-a shows the spectrum of an input signal a of the sample rate
converter. This spectrum may be divided into two frequency ranges, i.e. the frequency
range accommodating the desired signals and the frequency range accommodating the
undesired signals. The latter range is shown in grey. At the output of the sample rate
-reducing filter 2 the spectrum shown in Fig. 2-b is present. From this drawing Figure it
may be noticed that the cut-off frequency (for example, the 3 dB point) of the filter 2 is
much lower than the maximum frequency occurring in the signal. a. In addition, it may
be noticed that the frequency spectrum is periodic with a rate f; due to the reduction of
the sample rate. Furthermore, it may be noticed that the undesired signal components
exhibit a much stronger attenuation than the desired signal components.

The influence of a change of the sample rate on ihe frequency spectrum of
a sampled signal is described, for example, in the title of "Multirate Digital Signal
Processing” by R.E. Crochiere and L.R. Rabiner, published by Prentice-Hall (1983),
ISBN 0-13-605162-6.

“ If it is assumed that the frequency spectrum of the output ugr;al d in the
interval between -f; and f; is to be equal to the desired part of the input signal a
between -f; and f;, the frequency spectrum of the signal e may be determined in a
simple fashion. This frequency spectrum displays a high-pass characteristic and is
furthermore periodic with a rate f;. The frequency spectrum of signal ¢ is now found by
adding the frequency spectrums of the signals b and e together. The frequency spectrum
of signal c is now flat, but is still periodic with a rate f;. The sample rate increasing
filter 6 eliminates the frequency components situated between Y4f; and £, so that the |
desired output signal d is obtained. From the frequency spectrum of the signal d it is
clearly noticeable that the undesired components in the signal d are strongly reduced.



. bus WAL TREes Goakd
I n{the adder 29, tjhe ROM 31 or in the ROV 30 and 34 respectively, a

mul t | phiggERoPYPY ja ffactor of is still to be performed to determnine the
Sum pf the slanpl es b whi ch sum has been wei ghted by the function g,
dug to-ttremuttTpti cati on by h( 0) =2) in formula (9).

A first particular sfituation occurs if q1 1 with p[err]. 1.

be on & + SHOVE g2 ebobedles gl B it it SRt SiigBeed BY S kbl o
out put si gngk seﬁat-to-panuéleoﬁaéﬁ!reasrsnbanqa@igrstﬁe 1O€Iﬂ?§%§%e?ﬁ§' RgudtOM 31

then produce an out put signal whi ch depends a‘single
i nput  sanpl aasummf@npom functions ef timedn Wthh wtbnpormﬁa.l fanctidneis realised i t

can be not | ced that t for t [l el conver5| on at
the i nputbY 4f E‘ﬁ%‘rﬁ%r‘ﬁ% °‘F’B\H‘Jﬂ¥p§11‘h%‘é?&ﬂ$ rate.-

Thi s situ?k’ qge&&ﬁtofor exanple when there is a conversion froma 1-
bit signa om ng, for exanple, froma sigma-delta nodulator, to a p-bit
PCM si gnal . The systentfllter i's then to suppress t he quantlzatlon
noi se whi ch enhances with rea31 fr ency,. so that the sy m
filter no | onger has any |anuencé bﬁ'f np ﬁ?qF rate convertef]'tss
out put signal outside the baseband. rder o0 maintain the noi se power
caused by out - of - baseband noi se of the sanpl e rate converter output signal
bel ow a specific value N, the frequency characteristic of the system

filter isFépthermitputiiignal ) of ROM 22 then holds:

1.0-3

q
5,0 'E‘ a,o-n..(a‘) (16)
For the output signal S3 of ROM 32 then holds:
q a-3
S;N=Y aw-l)ou(l) ¢ . a7
as]

The rest filter constituted by the adder 26 and the delay element 28 has an impulse
response h(t) = (1)U and the further rest filter constituted by adder 38 and delay
element 40 has an impulse response h(t) = (%)YT.

The adder 29 now determines the total response of the various sub-
responses. The ROM 31 determines p output samples on the basis of the single samples
at its input, the response of the system filter to the p output samples matching the input
sample in the best way possible. For the relation between input samplu and output

~ samples of the ROM 31 the following is to hold:

-3) 1.0 -k

, .
g bﬁ-l)o!{('%) ’ (—) ?1=5, (18)

On the basis of formula (18) the contents of ROM 31 may be determined in a simple
manner,

The number of possible values that can be assumed by the output samples
'8 always limited. This means that a number of values of the input samples of the ROM
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*rtzﬁ %%}} efr]) [err] is the squared absol ute value of the

nt: [err] In (21) S[err]([err]) is the
spectrum of the input signal of the sanple rate

tr dnsf.er. f.uneie-kea-aaf t he systemfilter. (21) proves that a steep
dedl i ne of the syste‘nfilter past f[err]{® yields good

14

31 are represented by the same output sample. In that case the input samples of ROM

- 31 are quantized to the number of possible values for which (18) holds exactly.

Hereinbelow, an example of this quantization and the associated relation between the
input signals and output signals of the ROM 31 will be given for p equal to 3 and the
number of possible values of the input samples of ROM 31 equal to 2 (+1 and -1).

by b, by Sg v [16] Ss

-1 -1 -1 | 445 Sg < -3.42

1 -1 -1 -2.40 342 < S5 < -2.00 “
| 1 -1 -1.60 -2.00 < S5 < -1.03

-1 -1 1 -0.45 -1.03<Sg< 0

1 1 | A 0.45 0 <Sss1.03

1 -1 1 1.60 1.03 < Sg < 2.00

-1 1 1 2.40 2.00 < Sg < 3.42

In this Table the fourth column shows for which values of S5 formula (18) holds
exactly. For different values of Sq these values are quantized to the nearest value
according to column 4. Column 5 denotes at which values of Sg the various output
samples by,by and by are generated. The parallel-to-serial converter 33 cofiverts the
parallel output signal of the ROM 31 to a serial output signal. |

The equalization filter is arranged as parallel operating sections, as is the
partial filter. The equalization filter constituted by the ROMs 30 and 32 determines on
the basis of the q paraliel output signals of ROM 31 the desired feedback signals which
are applied to the rest filters.

The following holds for the output signal of the ROM 30:
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noi se suppr essi on. According to a preferred enbodi nent

of t %cpm({ent—lﬁnpt_,mrs may be realised wi t hout enhanci ng the .
conpll ‘".stemfilter by giving the transfer function t wo

I magji y > freal poles are retaiqned. In.order to make this

possji inbodi nent shown in Fig. 3 is to conprise at |east 3.
par &l el ns, while one or two sections produce a

neg in the case of g positivg_ gnput signal.

An se responses@egsbp(pgcy-(&g t® such a transfer (19

function is: [err] n2Zig. 4-a the multiplying
delay circuit conprises a delay CIrCUIt I n mhlch all the bits except
for the two least significant bits are transported to a nmenory circuit

42. The outyetoutputsignal bHROM B4ris equalatoi t 42 are extended by two nost
significant bits having a logic value "-1". The effect of this is
that the nmost significant bits are Shl ted ,,tvvo pl aces to a |l ess

significant position, which narro&s@q gﬂrﬂ plication by a (20)
factor of [err]. In the circuit a mﬂﬁ’ b a shift by one bit

position is realised in

In the adder 29, the ROM 31 or in the ROMs 30 and 34 respectively, a
multiplication by a factor of % is still to be performed to determine the sum of the
samples b which sum has been weighted by the function g, due to the muluphcanon by
h(0) (=2) in formula (9). .

A first particular situation occurs if @ = 1 with p #= 1.

In this situation the ROM 31 and the serial-to-parallel converter 33 may
be omitted, so that the output signal of the adder 29 likewise forms the output signal of
the sample rate converter. The ROM 30 and the ROM 31 then produce an output signal
which depends on no more than a single input sample, which resuits in a simple
embodiment. Furthermore, it can be noticed that except for the serial-to-parallel
conversion at the input, all operations may be performed at the low output sample rate.

This situation occurs, for example, when there is a conversion from a 1-
bit signal coming, for example, from a sigma-deita modulator, to a p-bit PCM signal.
The system filter is then to suppress the quantization noise which enhances with
increasing frequency, so that the system filter no longer has any influence on the sample
rate converter output signal outside the baseband. In order to maintain thé’noise power
caused by out-of-baseband noise of the sample rate converter output signal below a
specific value N, the frequency characteristic of the system filter is to meet the
following requirement:

1 L_J
> L Sy@)|H@) do s N @

In (21) Sy(w) is the quantization noise spectrum of the input signal of the sample rate
converter and | H(w) |2 is the squared absolute value of the transfer function of the
system filter. (21) proves that a steep decline of the system filter past £J2 yields good
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,L.gn? vx}n Lh narrows down to a nmultiplication by a factor of

-a~t-a

: 1. Sanpl e rate converter for filtering
'>cr26ﬁé'Eﬁiﬂ97| signal having a sanple rate q [err]f[err] by neans of
stem filter halw ng an inpul se response h(t) and, besides, for

qoise suppression.
According to a preferred embodiment of the invention this may be realised

without enhancing the complexity of the system filter by giving the transfer function

two imaginary zeros while real poles are retained. In order to make this possible, the

embodiment shown in Fig. 3 is to comprise at least 3 parallel filter sections, while one

or two sections produce a negative output signal in the case of a positive input signal.
An example of an impulse response corresponding to such a transfer

function is:
- hH? C s P L (P (22)
M) = DT - 18T + ()

“In Fig. 4-a the multiplying delay circuit comprises a delay circuit in which
all the bits except for the two least significant bits are transported'to a memory circuit
42. The output bits of the memory circuit 42 are extended by two most significant bits
havmg a logic value "-1". The effect of this is that the most significant bits are shifted
two places to a less significant position, which narrows down to a multiplication by a
factor of '%. In the circuit as shown in Fig. 4-b a shift by one bit position is realised in
similar fashion, which narrows down to a multiplication by a factor of %.
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di screte-tine output [Sy gnal -Navi ng..a, slarrple rate p [err] f[err], p and q
bei ng unequal positi rj ntggé'h&greater than or equal to one, the-sarrpl e
fate converter conprising a cascade ;co,r’rbl nation of a partial filter and an
equal i zer for equaliZing 2&1<FBBWen§cy chgracteristic of the sanple rate
converter, the inputjof the cascade £ I nation being coupled to the input

of the san%&e C()nverter and the o tput of the cascade conbination

bei ng coupTe 0 the _Q_u_t_py_I__Q]‘___Lh_e__ﬁ_a_[‘&ﬂ e rate converter, characterized in
that the input of the equalizer is coupled to a first input of combining
means, in that an output of the conbining neans is coupled to the input of
a feedforvvard path and in that the output of the feedforward path is
coupled to the output of the equalizer and, by way of the equalization

filter, to a second input of the conbining neans. 2. Sanmpl e rate
converter as clainmed in Caim1l, characterized, in that the inpul se

response h(t[err] +t err],tf[err err] 0) equals t[err
[ er P] h(t] eﬁ'r][) , } n heﬂﬂg) (‘%‘g ]@T"Lérféh : ] ghs)srﬁ&ua;e m%gl{ [uznql]h)asxqgraasent

between th f L&l al.i zer n
that the |%put£2§%rp f t’gte 0 Bfﬁesy%tg#tlgﬁrﬁ er |@H% %ngg&ﬂ?u ?’ifz[erri
in that thbesidespfor Qcam:mﬂgrthe disofets-time[inputisignal hiving aisamplsifite gof ftbay r], in
that the inpput,K sa te of the equaljzation filter is equal t p.
[err]f[er rﬁrﬁp W’?ng ﬂgﬂpﬂ‘aﬁ"@ BY stnén@qm&a@mal positive i s

| to f
having an Iegets s“?n‘..ﬁ*?*’%“at‘“% ERPDAY MK Sacigle e RBRULRE Tt & padlle

sunmmat i ng GQ@M&W&Q pastiah §iltenand)an equalizer forssqualizing iecfréquency and an
out put sangy e dhéiskic of[tﬁé rslmplle tre] éonwt%erl, e“hpﬁi o} Qx% éagwea%fe %\&%;nczlmon being
coupled to the input of the sample rate converter and the output of the cascade
combination being coupled to the output of the sample rate convetter characterized in
that the input of the equalizer is coupled to a first input of combining means, in that an
output of the combining means is coupled to the input of a feedforward path and in that
the output of the feedforward path is coupled to the output of the equalizer and, by way
of the equalization filter, to a second input of the combining means.
2. : Sample rate converter as claimed in Claim 1, characterized, in that the
impulse response h(t; +ty)(t;,ty = 0) equals g(tp <h(ty), in that a delay element having
a delay 1/f; is present between the output of the partial filter and the input of the
equalizer, in that the input sample rate of the partial filter is equal to q-f;, in that the
output sample rate of the partial filter is equal to f,, in that the input sample rate of the
equalization filter is equal to p-f,, in that the output sample rate of the equalization
filter is equal to fg, in that the feedforward path comprises a rest filter having an input
sample rate f; and an output sample rate f; and summating transforming means having
an input sample rate f; and an output sample rate p-f;, the input of the feedforward
path being coupled by way of the rest filter to a first input of the summating
transforming means, in that the output of the partial filter is coupled to a second input
of the summating transforming means and in that an output of the summating
transforming means is coupled to the output of the feedforward path.
3. Sample rate converter as claimed in Claim 2, characterized in that the
sample rate converter further comprises at least one combination which includes a
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pat h bei ng coupl ed By vvay *0? tYEEFebt filter to a first i nput of the _
sunmat i ng transform]’ng means, i n {hht the output of the partial filter is
coupl ed to a secondii UFEq 19§';e suhmat i ng transform ng nmeans and in that
an out put of the qunms |ng ransforiing means is coupled to the output of
the feedforward p3t Sappl e 1 te converter as claimed in Caim
2, characterized ijn that t he sarrple rate~converter further conprises at

| east one | i n es a
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means, a fequaliestionCfiiedr ahaltd futtbiet h'és?rﬁlt@f‘%f’thiﬂtg ut'of the firtte ?Partinai' s the
I nput of the further partial filter i1s couple the 1nput o e sanpl e
rate conveequpled torthe muttqﬁéhmmple rate cohverfeny ixhthat ﬂmrautplit dfi the €urther paetdd! ed

to a Tirstafle AoRffll 't ¥'fils: BRo abditibndl ait o¥ inpts of e summing Hanstorming
means and coupled, by way of the further delay element, to a first input of the further
combining means, in that the output of the summing transforming means is coupled to
the second input of the further combining means by way of the further equalization
filter, and in that the output of the further combining means is coupled to the second of

the additional pair of inputs of the summing transforming means by way of the further
rest filter.

4. Samble rate converter as claimed in Claim 2 or 3, characterized in that
the partial filter comprises in addition to first Table means a serial-to-parallel converter
for converting q serial input samples to q parallel output samples, in that the input of
the partial filter is coupled to the input of the serial-to-parallel converter, in that the q
outputs of the serial-to-parallel converter are coupled to q inputs of the first Table
means and in that an output of the Table means is coupled to the output of the partial
filter.

S. Sample rate convertér as claimed in Claim 2, 3 or 4, characterized in that
the eqﬁalizaﬁon filter comprises second Table means, in that the input of the
equalization filter is coupled to the input of the second Table means and in that the
output of the Table means is coupled to the output of the equalization filter.

6. SamplerateconverberasclaimedinClaimZ 3,40r5, characterized in
that the impuilse response of the combination formed by the partial filter and the rest
filter and also the impulse response of the combination formed by the equalmmon filter
and the rest filter comprises at least an exponeatial function.

7. Sample rate converter as claimed in Claim 6, characterized in that the
ratio of two consecutive samples of the impulse response is a power of two.
8. Sample rate converter as claimed in one of the preceding Claims,

characterized in that the combination of the partial filter and the rest filter comprises at
least two imaginary zeros.
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means and coupl ed, by REy-AGEERE $&FTner delay element, to a first input of

the further conbining ans, 1 n thatjthe output of the summ ng transform ng
‘means i s coupled to the sze@m ut{ of the further conbining nmeans by way
of the further equal {zation f1lter, in that. the output of the further

conbi ning neans i s cpupt ndnof the additional pair of inputs
of the summ ng transjorm ng neans by y*‘of the further rest filter. 4.

Sanple rate converter as clarmed Tn aim2 or 3, characterized in that the
parti al fiﬂmnses inaddition to first Table neans a

seri al -t 0« C&Pm{&{ or converting g serial input sanples to g
paral | el §E@B§th§arrp es, 4ﬁh?{1at the input of the partial filter is coupled

to the input of the serial-to-parallel converter, in that the g outputs of
the serial-to-parallel converter are coupled to q inputs . of the first Table
means and in that an output of the Table nmeans is coupled to the output of
the partial filter. 5. Sanple rate converter as claimed in daim
2, 3 or 4, characterized in that the equalization filter conprises second
Tabl e neans, in that the input of the equalization filter is coupled to the
i nput of the second Table means and in that the output_of the Tabl e neans
i s coupled to the ofkSamplemrateiconvertas| comprisesacasqade copfiguration of a partidnp| e

ol sor AUEE RG220 48 o Biliter e 28,30, 34) 6t EARE o Hadeter OPe. "
rest system filter. For obtaining a minimum-complexity equalizer when the complexity of
the partial filter is minimized, the equalizer is arranged as a feedback system
comprising in the féedback path an equalization filter that is substantially equal to the
partial filter.

Fig. 3.
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