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gkgnals. The invention relates to a receiver as defined in the
pre-characterizing part of daim1. The dnvention also relates to a di gi tal
'si gnal proce55| ng arr.angenent, . a quadrature decimation stage and a. nethod
of pr ocdReceivgr witl quadrat ymation stage, method of processing-digitalesignals.def i ned i n
the pre-characterizing part: of Claim1 is known from EP-A-0, 486,095. It is
particularly suitable for receiving RF-cassier-nodul ated i nformation which
may be, for exanple, radio and TV broadcast prograns. In the known
receiver, shown in Figure 1, a reception signal first passes an anal og RF
i nput section conprising filters 2 and 4 and anplifier 3, and is
subsequently 10 digitized by A/D converter 5. Splitter 6 transforns the
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' information which may be, for example, radio and TV broadcast programs. '

In the known receiver, shown in Figure 1, a reception signal first passes

an analog RF input section comprising filters 2 and 4 and amplifier 3, and is subsequently

10 digitized by A/D converter 5. Splitter 6 transforms the digitized reception signal in
accordance with a first transform function (D) and a second transform function (HT),
respectively. Accordingly, a first split signal (xi) and a second split signal (yi) are obtained
which are supplied to a digital quadrature processor 200. In this processor a desired carrier
is selected and subsequently demodulated.

15 In the known receiver, thie digital quadrature processor 200 comprises a
first coordinate rotation digital computer (Cordic) 9, filters 10 and 11 and a second Cordic
12. The first Cordic 9 operates as a digital quadrature mixer-oscillator stage which
effectuates a frequency conversion. The first Cordic 9 can be tuned in such a way that the
desired carrier is frequency-converted into the passband of filters 10-and 11. Filters 10 and

20 11 provide the desired channel selectivity. They suppress interfering signals that are
frequency-adjacent to the desired carrier. The filtered and frequency-converted desired
carrier is supplied to the second Cordic 12 for demodulation. The second Cordic 12 operates
as a cartesian-to-polar converter which can both amplitude and phase-demodulate the desired
carrier. o

25 . In the known receiver, the splitter 6 and the first Cordic 9 have to operate
at a clock frequency which is at least the sampling frequency of the A/D converter 5. In EP-
A-0,486,095 an example of an FM broaticast receiver is discussed in which the sampling
frequency of the A/D converter is 350 MHz. In such a receiver, the first Cordic 9 will
typically be in the form of an integrated circuit having high-speed devices. In that case, the
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First afrghsliment as defined in Claim 6, a quadrature decimation stage as defined in Claim 7 and
a method of processing digital signals as defined in Claim 8. Advantageous embodiments are
10 defined in the dependent Claims. 5 |
Briefly stated, in the invention the sampling frequency of the digitized

reception signal is reduced in the splitter. Accordingly, the digital quadrature mixer-osciliator ‘

can operate at a lower clock frequency and, will consequently, consume less power..
Aliasing, due to the subsampling in the splitter, is prevented by a speclﬁc magnitude and

15 phase relation between the transform functions of the splitter. This reliation is such that a
signal, which would otherwise alias, is phase-shifted substantially 90 degrees less by the first
transform function than by the second transform function, while the magnitude of the signal
is affected substantially identically. o

_ _ The invention is based on the following recognition. _

20 , A distinction in terms of positive and negative frequencies can be made.
at the input of the digital quad_raturé processor. Said processor is either sensitive to positive
frequency components or to negative frequency components within a specific band Q. With
subsampling in the splitter, positive frequency components in a band X alias into this band
Q, whereas negative frequency components in a band Y, which is the image of band X with

25 respect to zero frequency, do not alias, or vice versa. -

The amplitude balance between the positive frequency components in said
band X _énd the negative frequency components in said band Y can be influenced by the
mutual magnitude and phase characteristics of the transforms functions. Aliasing is prevented

- in that frequency components in the band which does not alias, Y or X, are maximized,

30 while the frequency components in the band which does alias, X or Y, are minimized.

| In principle, any type of filter may be used to implement said transform
functions; only the mutual magnitude and phase characteristics of the filters are of interest.
Due to the fact that the digital quadrature processor is band-limited, kaid mutual phase and
magnitude characteristics only need to meet specific requirements in a limited frequefncy

~
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Advantageously, said digital quadrature processor comprises a quadratune

decimation stage coupled between its input and further stages of the quadrature processor.
This may further reduce the power consumption of said processor. By further reducing the
15 sampling frequency of the split reception signal, said further stages can operate at a lower
clock frequency.
These and other aspects of the invention will be apparent from and
elucidated with reference to the embodiments described hereinafter.

20 In the drawings: ~ -
" Figure 1 shows a prior art receiver.
Figure 2 shows A/D conversion aliasing.
Figure 3 shows alternative A/D conversion aliasing.
Figure 4 shows subsampling aliasing. |
25 ' Figure 5 shows first alternative subsampling aliasing.
' Figure 6 shows second alternative subsampling aliasing.
Figure 7 shows passband characteristics in the known receiver,
Figure 8 shows a digital signal processing arrangement according to the -
invention. o : |
30 Figure 9 shows frequency bands in this arrangement.
' Figure 10 shows vectorial signals in this arrangement.
Figure 11 shows spectra of signals in this arrangement.
Figure 12 shows a first receiver according to the invention.
Figure 13 shows frequency characteristics of this receiver.
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as fijhvention may advantageously be used in many other receivers.
First, the drawbacks of two options for reducing the clock frequency of
10 the first Cordic 9 will be discussed. Subsequent by, it will be shown that the invention
provides an alternative in reducing the clock frequency which evades these drawbacks.

Finally, advantageous embodiments are presented by way of example. <

A first option for reducing the clock frequency of the first Cordic 9 is to .
lower the sampling frequency of the A/D converter 5. However, this requires more '

1S complicated analog filters in front of the A/D converter 5.

This is illustrated in Figures 2 and 3. Figures 2a and 3a represent spectra
at the input of A/D converter 5 for a sampling frequency of 350 MHz and 250 MHz,
respectively. The spectra show:frequency bands D and X. As a result of sampling, both
bands are converted into a common frequency band at the output of the A/D converter 5.

20 Desired band D corresponds to the FM broadcast band from 87,5 to 108 MHz. Frequency
components in aliasing band X may interfere. with a carrier in the desired band D. The
desired band is indicated by a rectangle which encloses one straight diagonal line that
interconnects two vertexes. The aliasing band has a dashed filling. The application will
adhere to this representation of desired and aliasing bands.

25 o Figures 2b and 3b depict the desired frequency responses of the analog
input section associated with an A/D converter sampling frequéncy of 350 MHz and 250
MHz, respectively. In both Figures there is a passband P that covers the desired band D and
a stop bz;nd S that covers the aliasing band X. There is also a tmnsitio:il:band T between the
passband P and the stop band S. For a sampling frequency of 350 MHz the transition band is

30 between 108 and 142 MHz (Figure 2b). For a sampling frequency of 250 MHz, the
transition band is between 108 and 142 MHz (Figure 2b). In both cases, the desired roll-off
in the transition band T is from 0 dB attenuation in the passband P to -60.dB in the stop band

S. It can be seen that the roll-off is steeper for sampling frequency 250 MHz than for 350
MHz. Consequently, the order of analog filter 2 and/or filter 4 has to mcrase when the

b
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art recqbydyersFi gure 2 shows A/'D conversion aliasing. Figure 3 shows
alternative D conversion ali asing.

A second option for reducing the clock frequency.of first Cordic 9 is to
" 10 inserta suBsampling or decimating filter between the A/D converter 5 and the splitter 6. A
decimating filter is a combination of a decimator and a digital filter that'prevents aliasing as
a result of decimation. A decimator is understood to be the element that transfers only one of
a series of R subsequent samiples of a digital signal at its input to an output. Such an element
may be, for example, being a flip-flop operating at a clock frequency which is R times lower
15 than the sampling frequency of the digital signal applied to the flip-flop input. Integer R will
also be referred to as decimation factor. o |
As such, the known receiver comprises decimating filters: in filters 10 and
11, the quadrature output signal pair of the first Cordic 9 is subsampled. This is done to
reduce the clock frequency of second Cordic 12. In general, a decimating filter is used to
20 subsample a signal having a relatively high oversampling factor. The oversampling factor is
the quotient of the sampling frequéncy and the width of the desired band in the signal. In the
known receiver, the oversampling factor for filters 10 and 11 is relatively high. At the output
of first Cordic 9, the sampling frequency is still 350 MHz, but the desired band is reduced to
that of an FM-modulated carrier: 200 kHz. With such a high oversampling factor, the
25 aliasing bands are distant in frequency from the desired band. As a consequence, aliasing can
be prevented with relatively simple digital filters. This is somewhat similar to the relation
between_the sampling frequency of the A/D converter 5 and the complexity of the analog
filters preceding it, as discussed above. '
A decimating filter between the A/D converter 5 and splitter 6 will be
30 rather impractical, due to the relatively low '-oversampling factor. At this point, the width of
the desired band is 20,5 MHz, which causes the oversampling factor to be 100 times lower
than that for filters 10 and 11. Note that the width of said desired band is defined by the
tuxiing range of the first Cordic 9 and the pass-band of filters 10 and 11.
" For example, consider a decimating filter with R=2 arranged between the

S
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subsanpl ing aliasing. Figure 7 shows gassband characteristics in the known
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f r 8qushoom infPigaret 4a. i Figurestboshowsi the desiredvmagnitude-frequency characteristic of the .
decimating filter. To prevent aliasing, there is a stop band S from 67 to 87,5 MHz; the: *~
passband covers the desired band D. The width of transition band T is 'zero’: the decimating
filter should have an infinite roll-off at 87,5 MHz. It is evident that such a decimating filter
is not feasible. . o o - _
10 To circumvent a ’zero’ transition bandwidth, one could adjust the
~ sampling frequency of the A/D converter 5. The sampling frequency could be decreased to,
for example, 250 MHz. Figures 5a and 5b show the corresponding spectrum and desired
filter characteristic similar to Figures 4a and 4b, respectively. However, a decrease in
sampling frequency necessitates the use of more complicated filters in the analog input
15 section, as previously discussed.

5

Alternatively, one could increase the sampling frequency of the A/D
converter 5, for example, to 500 MHz. However, in that case the clock frequency of the first
Cordic 9 is only reduced from 350 MHz to 250 MHz. The rather small saving in power
consumption of first Cordic 9 may well be cancelled by the mcmse in power consumption

20 of A/D converter 5 which has to operate at a clock frequency of 500 MHz. Figures 6a and
6b show the spectrum and desired filter characteristic similar to Figures 4a and 4b,
respectively, for this case. -

In either case, i.e. decreasmg or increasing the samphng frequency, the .
decimating filter itself will consume an appreciable amount of power. Acertam number of

25 circuit elements will be needed to realize ielat,ively sharp anti-aliasing filter characteristics as
shown in Figures 5b and 6b. These circuit elements have to operate at a relatively high clock
frequency and, consequently, need to be biased accordingly.

' The invention provides an alternative option for reducing the clock
frequency of the first Cordic 9 in the known receiver.

30 ‘The invention advantageously uses the followmg property of the known
receiver shown in Figure 1. Seen at the pair of inputs 16, 17, the quadrature signal processor
200 in the known receiver has a passband. This passband is either positive or a negative
frequency shift of the passband of filters 10 and 11. For example, let both filters 10 and 11
provide a low-pass characteristic L as shown in Figure 7a and let first Cordic 9 shift the
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which is located asymmetricaily with respect to zero frequency.

The invention uses the above-identified asymmetry of processor band Q in
a manner which is further explained with reference to Figure 8. Figure 8 shows a signal
processing arrangement comprising a digital quadrature signal processor 200 preceded by a

15 splitter 100. The quadratute signal processor 200 processes signals within a processor band
Q as shown in Figure 9a. The quadrature signal processor 200 may be similar to that in the
known receiver shown in i“igure 1. However, this is not essential to the invention.

The splitter comprises transform stages 110 and 120 with transform
functions H1 and H2, respectively, followed by decimators 130 and 140, respectively. A
20 digital signal received at input 101 of splitter 100 is passed to a first input 201 and a second
~ input 202 of the digital quadrature signal processor 200 in accordance with the first
transform function H1 and the second transform function H2, respectively. Further, the
sampling frequency Fsl at the input 101 is reduced by a decimation factor R to a sampling
frequency of Fs2 = Fs1-+R at the pair of inputs 201, 202.

25 Seen at the pair of inputs 131, 141 of decimators 130 and 140, there is a
multitude of R frequernicy bands which are converted to the processor band Q shown in
Figure 9a. These frequency bands are frequency shifts of the processor band Q over an
integer (k) times the output sampling frequency Fs2 = Fsl-:—R_ of decimators 130 and 140,
including the processor band Q itself: (K=0). In general, the spectrum seen at the pair of

30 inputs 131, 141 can be established in the following manner. First, a frequency interval is
defined in accordance with the sampling frequency Fsl = ReFs2 at said pair of inputs.
Secondly, the speétrum at inputs 201, 202 is repetitively shifted over one sample frequency
to fill this interval. By way of example, Figure 9b shows two bands Q’(0) and Q’(+1) at the
pair of inputs 131, 141 that are converted to processor band Q shown in Figure 9a in the
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141 can be prevented by means of the following relationship between the first transform
function H1 and the second transform function H2. In the aliasing band, the phase
15 characteristic of H1 should be 90 degrees lagging with respect to that of H2. Furthermore,
the magnitude characteristics of H1 and H2 should match in the aliasing band. In that case a
signal at input 101 cannot produce frequency components in the aliasing band. This can be
explained as follows.
First, it should be recogmzed that the digital quadrature signal processor
20 200 receives signals x(k) and y(k) at inputs 201 and 202, respectively, as rectangular
coordinates of a vectorial signal v(k). This is visualized in Figure 10a in which sample x(n)
is represented on the horizontal axis and sample y(n) on the vertical axis. Accordingly, the
sample pair x’(n) and y’(n) at the input pair 131, 141 constitute the rectangular coordinates
of a vector v'(n). . . -
25 Now, let the signal s(k) at input 201 be a digitized sinusoidal signal whose
‘spectrum is shown in Figure 11a. Further, let the phase shift of s(k) by the first transform
stage 11Q be 90 degrees lagging with respect to that bir the second transform stage 120,
while the magnitude characteristics of these stages are equal. Figure 10b illustrates the
corresponding vectorial signal v’(k) at the pair of inputs 131, 141. Subsequent samples x’(1)
30 to x’(4) from the first transform stage 110 are projected on the x-axis, whereas the |
subsequent samples y*(1) to y’(4) from the second transform stage 120 are projected on the ‘
y-axis. E ' | L | ' |
| Yt appears that the vectorial signal v’(K) at the pair of inputs 131, 141 isa
circular clockwise rotation. The spectrum of this vectorial s1gnal is shown in Figure 11b; it
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flip- fpop PeErating at a clock frequency which is Rtines lower 15 than

the sanpling frequency THe dpposits i3 shownsindFidk innwhitiedignal (k) leadso90 degrees in

i nput . Integer Rwll also be referred to, as deci mation factor, As such,

the knownphaseavith respestioisignal yik). vEhe yegtarial signal vi(k) i Figures 10miseircular ¢ he

done to r ot el o, tseRany. oty Bbdipties 4 BosiE ERieREy cofipdnt

deci mat i ngs thdwiein Figuré 2tc. The’fccusrehcoPine megatie frequbicy ifiage isspreventad.y

hi gh oversanpling factor. The oversanpling factor is the quotlent of the

sanpl ildg frequency and Theeselactive tgnslation abaisigaal s(khip eitherAcpasitiNe-0r a negative
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fact thaf the processor band Q has no image with respect to zero frequency and, as a resuit,

there are no aliasing bands which are each other’s images with respect to zero frequency.
For example, consider the case shown in Figure 9c. It can be arranged that signal
15 components occur in a band Y shown in Figure 9d instead of in aliasing band X. Band Y is
the i 1mage of ahasmg band X. Since band Y does not comcxde with an aliasing band and falls
outside the desired band D, these signal oomponents cannot cause any interference.
The invention provides as a general rule a substantially 90 degrees phase
lag of H1 with respect to H2 together with substantially identical magnitudes in an aliasing
20 band. This applies both to aliasing bands in the positive frequency half as well as to or
aliasing bands in the negative frequency half, for example ali'asirig band X in Figure 9d. It is
a fundamental property that phase characteristics are anti-symmetrical with respect to zero
frequency. Hence, said rule implies a phase lead of H1 with respect to H2 in the band Y
shown in Figure 9d. According to said rule, a sinusoidal signal s(k) whose negative
25 frequency image would fall in the ahasmg band X is translated to a vectorial signal as shown
in Fxgure 10c
The above-identified techmque of preventmg aliasing is notably
advantageous when an aliasing band is close to the desired band seen at the input 101 of the
splitter. Figure 9e shows the spectrum seen at the input 101 which corresponds to the
30 spectrum of Figure 9c. Aliasing could also be prevented if both transform stages 110 and 120
~ in Figure 8 have stop bands that cover the aliasing band X shown in Figure 9¢. However,
since the aliasing band X is close to the desired band D, this would require complicated filter
structures. The invention provndes an alternative for this.
It should be noted that it is not required to use the above-identified
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reference numerals in Figure 1. The sampling frequency of A/D converter 5 is 375 MHz. A
splitter 100 comprising two decimators 130 and 140, respectively, both having a decimation
factor R=3 is arranged between A/D converter 5 and first Cordic 9. Accordingly, the clock
frequency of the first Cordic 9 is 125 MHz, i.e. one-third of the A/D converter sampling
frequency. : | - B
Filters 10 and 11 are decimating low-pass filters which have a cut-off
frequency of 100 kHz. The frequency shift by the first Cordic 9 is tuned from -17,1 MHz to
-37,4 MHz. Figure 13a shows the desired band at the input of the first Cordic 9 which
ranges from +17 MHz to +37,5 MHz. Signals within this band can be shifted within the
passband of filters 10 and 11. o |
At the input pair 131, 141 there are three frequency bands which are

converted into this desired band as a result of decimation. These frequency bands are shown
in Figure 13b, They correspond to frequency shifts of an intége_t times the sampling
frequency at the output of decimators 130 and 140, which is 125 MHz. One of these
frequency bands is the desired FM broadcast band from -87,5 to -108 MHz. The other two
frequency bands are aliasing bands. , |

. The oci:urrence_ of a ftequency cbinponent in the above identified aliasing
bands is prevented by the transform stages 110 and 120. As an example, transform stages
110 and 120 are in the form of transversal filters. These filters provide transform functions
which, m the z-notation, can generally be expressed as follows:

L _
H(z)=) c,z™
a0

L denotes the length of the n'ansfon_n..function._Bom transform stages 110 and 120 have
length L=6. The coefficients of the first transform stage 110 are:

acti cal ,
in ifromt of ¢heosplitter could provide this stop wi dt h of
thebgf(fnisred band is 20,5 MHz, which causes the oversanpling factor to be
s lgwer than that for filters 10 and 11. Note that the width of .
$ai d desired bandRéceivied advordiby to e inveitiva wil'asw ®e pré@nted by wapofi ¢ 9 and

the pass-band of filters 10 and 11. For exanple, consider a‘“declnmating

of fi jc 9, the sanpling frequency is.still 350 t he desired
i@é?@ﬁq&d to that of an FM nodul ated carrier: 200%9%% such a
the 25 alj.asing bands are distant in frequency
fromthe desired band. As a consequ€rice, aliasing can be prevented with
relativel I npl.e.digital filters.. This.is sqgnpwhat simlar tq the relation
ot deshiGub ot ey iasthe e Han Uising band 15 sufBGRERt dersiramcihe SN 1y o
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band Dfrogﬁég‘%@P to 108 MHz, which will fold into a band_ from@87,5 to
67 MHz at t of the decimating filter. There, it wilPCHIBISO0E i t h
t{fe aliasing band X also 5 shown in Fi gur% 4a. Figure 4b shows the desired
magni t ude- frequency characteristic of t helldeci mat i ng filter. To prevent
aliasing, there is a stow%d S from67 to 87,5 Miz;. the passband covers
the desired band £0 T™hd of transition band Tis 'zero': the
decimating filter aho.ul(p an infinite roll-off at 87,5 MHz. It is .

evi dent that such a decl matl ng filter is not feasible. 10

To circunvent a 'z e (L18750ti on bandwi dth, one coul d adj ust the sanpli ng
frequency of the A/ Ta%gyﬁﬁbér 5. The sanpl i ng frequency could be decreased
to, for exanple, ures 5a and 5b show the correspondi ng spectrum
‘and degired fil terwbarmpggsostic simlar to Figures 4a and 4b,
respectively. However, a decrease in sanpling frequency necessitates the
use of nore conpl icsared.015625rs in the anal og input 15 section, as
previousl:y- di scussed. Alternatively, one could increase the sarrpl i ng
frequency of the A/D converter 5, for exanple, to 500 MHz. However, in that
case t he 19leQoéffici@is' 81 the %ﬁd‘lﬁaﬂgfbﬁﬁ sﬁg 694n0 afe:l S Only reduced from 350 Mz
to 250 MHz. The rather small saving in power consunption of first Cordic 9
may wel |l be cancell ed by the i ncrease in power consunption 20 of A/D
converter 5 which s_gfpmate at a clock frequency of 500 MHz. Figures
6a ant’ 6b show th Pt nd desired filter characteristic simlar to
Figures 4a and 4b,¢1 = 0.093750 :

2 = 0.234375
c3 = -0.234375 -
o4 = -0.093750
15 &5 = 0.062500

Figure 13c shows the magnitude characteristics mag{H1} and mag{H2} of
the first and second transform stages 110 and 120, respectively, Figure 13d shows the phase
characteristics phafH1} and phafH2}. The magmtude characteristics are substantially equal

20 in the aliasing bands. For positive frequencies, the phase characteristic pha{H1} is precisely
90 degrees lagging with respect to phase characteristic pha{H2}. For negative frequencies,
the sign of the phase difference changes, that is, pha{H1} is leading 90 degrees with respect
to pha{H2}. Note the symmetry with respect to zero frequency of the magnitude
characteristic and the anti-symmetry of the phase characteristic. Since the (anti-)symmetry

25 applies to all filters, it would have been sufficient to only display the magnitude and phase
characteristics for positive frequencies, that is from 0 to +375 MHz.

. There are five frequencies fnl .. fn5 for which the magnitudes of H1 and
H2 are exactly the same, while the phase of H1 is lagging 90 degrees. If a sinusoidal signal
with any of the frequencies fnl .. fnS is applied at input 101, it will result in a vectorial

30 signal at the pair of inputs 131, 141 which is a purely circular clockwise rotation. Hence,
there is no positive frequency component, but only a negative frequency component.

For frequencies other than fnl .. fn5, a sinusoidal input signal will
produce a vectorial signal at the pair of inputs 131, 141 which is not perfectly circular, but
rather elliptical. The ellipti_ml rotation is a vectorial sum of a clockwise rotation and a



respecw fO ;{ye§}ﬁﬂ§eenké caedi t her case, .i.e. decre%creasi ng *
t he sarrplng req mating filter itself w I an

appreci abl e am)unt mﬂ“mugw ertal nunber of 25 circuit elements wll

be needed to reali ely sharﬁ anti-aliasing filter characteristics

as shown in Figures-5b and 6b. These circuit el ements -have to operate at a |
r el asquAtSTIClogkyfise rasation. Hencethe veetorial signal comprises bothacpasitivecandi mised |
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| ow- gumponehiriasuppresedc L as shown in Figure 7a and let first Cordic 9
shift the PCT/ IFBQ%OOG% / ﬁ:gctru at the pair of inputs, 16, 17 over a
frequency +[err] FForall frequencies, 5 showp themagnitude of positive and

negative components at the pair of inputs 131, 141 which correspond to a sinusoidal signal at
input 101. Note the notches at frequencies fnl .. fn5 in the aliasing bands. Due to the fact
10 that the difference between mag{H1} and mag{H2} is relatively small in the aliasing bands,
the frequency components in these bands are at least 40 dB attenuated with respect to the
desired band. By comparing Figure 13c with Figure 13e, the relation between the magnitude |
of a positive frequency component and the matching of the magnitude characteristics- is
apparent. If more attenuation in the aliasing band is required, the mismatch between the
15 magnitude characteristics should be reduced. This can be achieved, for example, by using
~ filters whose length is more than 6.

It is important to note that in the invention the suppression of frequency
components outside the aliasing bands is of no interest. These frequency components will be
suppressed, for example, by the filters 10 and 11 behind the first Cordic 9 in the receiver

20 shown in Figure 12. Thus, the presence of these filters relaxes the requirements on the
magnitude and phase characteristics m the-splitter-. .

- Figure 14 illustrates an embodiment of the splitter 100. In the scaling unit

SCU the input samples are scaled in accordance with the coefficients in the systems functions
H1(z) and H2(z). The scaled input samples are supplied to two delay and combination units

25 DCU1 and DCU2, respectively. The output signals of DCU1 and DCU2 are decimated by
decimators 130 and 140, respectively. Decimators 130 and 140 are flip-flops, represented by
a square w1th an 'F’ inside, which operate at a clock frequency of 125 MHz. All the other
flip-flops operate at a clock frequency of 375 MHz and serve as unit delay elements. A unit

delay element corrésponds to a z* operation in the z-domain.

30 . ~ Advantageously, the filter coefficients are determined by means for bit-
shifting signal samples and, subsequently, for combining the bit-shifted signal samples.
This allows a hardware-efficient realisation of the scaling unit SCU in which no multipliers
are used. The coefficients of the transform function H1(z) can be written as:

THIS SHEET HAS BEEN
RECTIFIED SHEET (RULE o1 REPLACED




at said i s depicted in Figure 7b. Only signal conponents.in this
passband 34??8\)'@(3 converted into the passband L of fil ter’s%ﬁ%.
There is no positive frequency i mage of Egssband M The invention

advant ageously uses this asymretry in passband characteristic 5 with
respect to zero f;gque cy. Jigure 7c depicts the various |locations of
passband M seen afltFi€pFi®® of inputs 16, 17 when the first Cordic 9 is
tuned from m ni nugyshidat =f meguency (+[err] Fmin) to nmaxi mumshift frequency
(+AFmax). It is possible to define a processor band Q which covers all
possi bl e | ocati ong2cF q3ass2#R* M This processor band Qis shown in Figure
7d. 10 Thus, quadrature signal processor 200 can process signals within
this processor band Q which is located asymmetrically with respect to zero

frequgﬂ_crnewérﬁbieﬁ&rﬁmem@mnhfmne&wnzw%wm try of processor

band in a manner which is further explained with reference to Figure 8..
Figure 8 shows a signal processing arrangenent conprising a digital

quadrature signal proce, s_Qr_z_ZOO preceded by a 15 splitter 100. The

guadr at ure si gnal *processor“200 processes signals within a processor band Q
as shown in Figure)9%..cdhe gdadrature signal processor 200 may be simlar
to that in the known receiver shown in Figure 1. However, this is not
essential to the icBventdon. 2122 splitter conprises transform stages 110 and
120 with transform functions HL and H2, respectively, followed by

deci ors 130 and 140, respectively. A 20 digital signal received at

input 101 of splitter AGSmpR ipacAed with 2 whérSthe Bild'Uh a?dnplé dreshiREP R bit-
positions in the direction from the least significant bit position to the most significant bit
position. Alternatively, a sample is scaled with 2 when the bits in a sample are shifted n bit-
positions in the direction from the most significant bit position to the least significant bit
15 position. These operations will further be referred to as n bit shifts and
-n bit shifts, respectively. '
The coefficients of H1(z) and H2(z) correspond to adding and/or
subtracting a plurality of these bit shifts. For example, coefficient c1 of H1(z) can be realised
~ asa linear combination of a -3 bit shift and a -5 bit shift. Since it will be clear to a person
20 skilled in the art how to implement linear combinations of bit shifts, constructional detail of
the scaling unit SCU are not shown in Figure 14,

Advantageously, the transform functions H1(z) and H2(z) are symmetrical
and anti-symmetrical, respectively. Therefore, only three scalings for each transform function
are needed, which is half the length of these functions. The scaling unit SCU provides at

25 outputs sl, s2, s3, s4, sS and s6 input samples which are scaled with a factor equal to
coefficients c0, c1, ¢2 of H1(z) and ¢3, c4 and ¢5 of H2(z), respectively. The scaled samples
at outputs s0, sl and s2 are supplied to the first delé'y and combination unit DCU1, those at
outputs s3, s4 and s5 to the second unit DCU2. Both units DCU1 and DCU?2 are series
arrangements of flip-flops between which an adder or a subtracter is arranged. In DCU2

30 three subtfacters- are used to provide the desired anti-symmetry of the transform function
H2(z). By considering each flip-flop in the delay and combination units DCU1 and DCU2 as
a z'! operator one can readily verify that the embodiment shown in Figure 14 provides the -
desired transform function H1(z) and H2(z), respectively. '

Now referring to the receiver shown in Figure 12, it is possible to further



i nput 202 of the digital quadrature signal processor 20Q i cordance with®
the file afsform function HL and the second transforW@WH& :

respectively. Further, the sanpli nglérequency Fsl at the inpUt 101 is )
reduced by a decimation factor Rto sanpling frequency of Fs2 = Fsl [err]
R at the pair of inputs
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i npdecimating filtert 150 with Rpads armnged betweens theosplitten 200 and theofirst Coedig Ishi f t ed
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in Figure 12. _ |
10 The frequency shift by the first Cordic 9 is tuned from -25,1 to -31,25
MHz and from +31,25 to +17,1 MHz. Figure 16a shows the desired band at the input of _
the first Cordic 9. It ranges from -25 to -31,25 MHz and from +31,25 to +17 MHz. The q
suggested discontinuity between + and -31,25 MHz, half the sampling frequency, is a result |
of the way of presentation. The spectrum of Figure 16a repeats itself each sampling
15 frequency shift. | ;

Figure 16b shows the spectrum seen at the pair of inputs 181, 191 of
decimators 180 and 190, respectively. There are two bands which convert to the desired band
at the input of first Cordic 9. One of these bands corresponds to the desired band shown in
Figure 13a, the other band is an aliasing band. The oecurrenee of frequency components

20 within the aliasing band at the pair of inputs 181, 191 is prevented by the transform stages
160a, 160b and 170a, 170b. The transform function of stages 160a and 160b is H3 and that
of stage, 170a and 170b is H4. The transform stages are transversal filters of length L=4.
The coefficients of H3 are: '

25 c0 = c3 = 0.06250 = 2*
cl = ¢2 = -0.28125 = 22.2%

The coefficients of H4 are:

30 | 0 = -cl = 0.109375 = 23.2¢
cl = 2 = 0.234375 = 22.2¢

A negative frequency component at the input of the filter/decimator stage
150 is formed by a first sinusoidal signal at input 151 and a second sinusoidal signal at input




case that YWokeobed Q (0) corresponds to processor band Qi %’% ’ﬁ"%g’
that is: Q(0) is-ra zero frequency shift of processor band = ? nd
Q(+1) is a frequency shift of processorq band Qin Figure 9a over +Fs2
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substannally equal. It will now be understood that such characteristics substantially prevent
the occurrence of a frequency component in the aliasing band at the pair of inputs 181, 191,
Figure 16e shows a magnitude-frequency plot related to the transfer from the pair of inputs
151, 152 to the pair of inputs 181, 191. - ‘

15 - It should be noted that the cascade of the splitter 100 and the quadrature
decimating filter 150 can be substituted by a single splitter with R=6. This is shown in
Figure 17. A possible set of transform functions H5 and H6 that prevent the occurrence of
frequency components in the aliasing bands can readily be determined, given the transform

| functions H1, H2, H3 and H4 in the receiver shown in Figure 15. In the z-notation the
20 following applies: '

Hy(2) = B,(2) By(z*) -H,(2) B, (2%)

Hy(2) = H,(3) H,(2°) +H,(2) By(2°)

25 To arrive at the above expressions, decimators 130 and 140 in Figure 15 are 'shifted’
through the transform stages 160a, 160b, 170a and 170b, to be combined with decimators
180 and, 190 into R=6. This causes the transform funcnon H3(z) and H4(2) to change into
H3(z%) and H4(Z).
" However, in general it is advantageous to have a splitter with a relatively
30 low decimation factor followed by a quadrature decimating filter, as in Figure 15, companéd
. wa single splitter with a relatively high decimating factor, as in Figure 17. For example, in
the latter case, two transversal filters of the length L=15 are needed to realise the transform
functions H5(z) and H6(z) in accordance with the expression above. These two filters will
. require more circuit elements than the total number of circuit elements for the transversal

-~



20 20Qye 6gedores signals x(k) and y(k) at inputs 201 andp@fifgesisspectively, ¢
as rectangul ar coordi nates of a vectorial signal v(k). This is visualized

in Figure 10a in which sanple x(n) |§5represented on the horizontal axis
and sanple y(n) on the vertical axis. Accordingly, the sanple pair x'(n)

and ; kg% t iddrai dédirh t Cs‘h@@ﬁ ledi nat es
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| I I ust rat es the correspondi ng_vectori al " si gnal e pair of Inputs
- (Hepegothelatter rpqgwerrwm consumerless powensf or m

stag%m g?@ré 9 X- axi s, whereas the subsequent sanples.y' (1)
toy ?rom e secon ansformstage 120 .are projected on the y-axis.

It appears that t!in sumedary, power efficieny digitil Rbeive® of feldtively'ditipte 131, 141

is a circular clockw se rotation. The spectrumof this vectorial signal is
showstraqiure; haye been preseated. Avieceptiopsigmal is digitized with a relatively high sampling

PCT/ kre&één%?%ﬁxple analog ﬁlters prevent aliasing. The digitized reception signal is applied via
.10  a splitter to a quadrature digital signal processor. In this processor, a desired carrier is
selected and demodulated, The splitter transforms the digitized reception signal in accordance
with a first and a second transform function to obtain in-phase and quadrature components, (
fespectively. The sampling freq\:ency is reduced in the splitter. A speclﬁc relation between |
the phase and magnitude of the transform functions ﬁrevents; aliasing for at least one
15 frequency band. Such a relation can be achieved with relatively simple filters.
While a limited number of embodments are shown and described to
clanfy the invention, a person skilled in the art may conceive- many other altematwe embodi-
ments without departing from the spirit and the scope of the invention elmmed
In a receiver according to the invention the received RF signal may first
20 be converted to an intermediate frequency (IF) signal before it is digitized. For example, in a ,
television receiver it may be preferable to digitize the output mgnal of a television tuner \
which provides an IF signal of approx:mately 40 MHz. The dlgmzed IF signal is then
'apphed to a digital signal processing arrangement as shown in Figure 8. A similar technique
can be applied in a DAB receiver. A digitized DAB IF signal is applied to a splitter which \
25 comprises decimators and is subsequently converted to in-phase and quadrature baseband
signals which are ﬁltered and applied to a Fast Fourier Transformer for OFDM-~
demodulation. | - | o
In the receiver shown in Figure 15, a further quadrature decimaﬁng filter l
could be inserted between quadrature decimating filter 150 and the first Cordic 9. In
30 principle, the sampling frequency can be reduced as long as the width of the desired band
does not exceed the sampling frequency. For example, the decimation factor of said further
quadrature declmatmg filter could be R=3. This would reduce the sampling frequency at the
input of first Cordic 9 to 20,83 MHz, which sampling frequency exceeds the width of the
desired band: 20,5 MHz. |




9 only cow@dspgsrsa negative frequency conponent. This negahiézi’wc ency
conponent is the inmage with respect to zero frequency of the My
conponent of input signal s(k) shown inllii gure l1lla. Apparently, at the pair
of inputs 131, 141 the occurrence of a positive frequency conponent equal

to the frequency co S [ Is e.1la has been 5 prevented. .The
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to the fact that the processor bhand Q has no imge wth respect to zero
f r equen&gm ,pggreraeﬂﬁggegp.tl,t should equally be nated that/the filterssneedinot beteangversal

oL e GUBR Yor ekl Sl MES af SR by B HEen BRI P o
in a baspecific mgnitide dndgphase Pelatiorsofthe filters in alsphitiérer Hdecimitingatsiniuré t he
I mge of _aliasing b X. Since band Y, does, not_coincide with an aliasing
band an@ltF’_éI ‘$§e§%!‘s§i§gdtlﬁéhﬂ_é§i TREY) Congetyeryanoys filter sguetires ovkich dave saidnnot
gﬁgs aﬁ%ﬁ% egf@gﬁgﬁgg@ﬁﬂ.ron provi des as a general rule a
Not in all cases a quadrature decimating filter needs to have cross-
couplings between the in-phase and quadrature signal paths, such as transform stages 170a
and 170b in Figure 15. Whether or not it is advantageous to omit these cross- couplings .
depends on the location of the aliasing bands with respect to the desired band. As such, the
15 transform stages in series with the in-phase and quadrature signal paths, transform stages
170a and 170b in Figure 15 for example, ¢an only provide a magnitude characteristic which
is symmetric with respect to zero frequency. If an image of an aliasing band with respect to
zero frequency is close to the desired band, said transform stages would become rather
complicated if no cross couplings were used. '
20 ' The transform functions in the splitter and/or in the quadrature decimating
filters may be controlled in dependence on the tuning of the digital quadrature processor. In
such a wiy, mutual phase and magnitude relations of relevant transform functions can be -

optimized to provide maximum aliasing suppression for a specific tuning. -
In general, the Figures are best regarded as functional diagrams; indeed
25 many of the digital signal processing modes may be implemented, for example, in software.
Filters may be in the form of a general purpose digital signal processor with filter
coefficients stored in a memory inside or outside this processor. Of course, at least one
Cordic shown in the Figures may also be included in said processor. For software
implementations, the invention, provides, inter alia the advantage of relatively few
30 computation cycles.

Furthermore, it will be clear that digital signal processing stages shown in
parallel in the Figures may be substituted by one stage operating in time-division multiplex
operation. For example, the quadrature decimating filter may éomprise one calculation unit
coupled to a memory in which the coefficients for both transform functions are stored. This



| ag of chsh7s " espect to H2 together with substantiallwﬁqﬁygﬂm@%

magni tudes 1'n an aliasing 20 band. This applies both to aliasing bands in
the positive frequency half as well igs to or aliasing bands in the negative,
frequency half, for exanple aliasing band X |n Flgure 9d. It is a

fun . trical with
sl Bl SRl b IR URHBEORRIE I K308 U IR O 0T
res Ksewndts?htﬁgnﬂ talterniatelyl v thitocase, meﬁpmmﬂyipr(ﬁdwﬂﬂlm split signgllstinl e, a

si nusoi d gm?l S(F%ih eaégg ‘r}p%iatlve 25 frequency |rrage woul d fall in the
al i Amendi vwamu tlp.!e’i §1 HCPHlie mayceerive in-phass And gyadmByR iRpULFi gure 10c.
Thes%?% ‘\%E‘ pgque of preventing aliasing is notably

advamt ageous- when an a |a3|ng band is close to the desired band seen at the
isiput 101 of the Emhlly,tltlshmﬂd@pemt&bthahﬂl&sglsﬂnfth@mm alsoappliesttoe i nput

101 V\:hIC cor es onds tot e30 ctrum gure 90 Allasm coul d al so
be Z@S?’ne §Pop

g??asﬁﬁ%and@l séﬁﬁf@g (i)snﬂhe desi rleﬂéﬁ#gndeg}:%l S muql%qﬁh} esI nc.e the

Ccomprocessor providesa dsgnal:signabmmiﬁmﬁe@mny iband (Q, owvhidle signal kdstiarphase ami f or
sl IS odponenis The skaplitg rbguendy of Bt doraponent 1 iicrased by a

10 factor R, the interpolation factor. Furthermore, the in-phase and quadrature components are
transformed in accordance with a first and a second transform function, respectively, and
subsequently combined. For upsampling an anti-aliasing technique can be used that is similar ‘

to that for subsampling as presented in the foregoing. .
- Due to upsampling, the frequency interval is extended from
15 [-%Fsz +14Fs2] at the output of the digital quadrature processor to [-%Fsl +14Fsl] at the
output of interpolators that increase the sampling frequency from Fs2 to.Fsl = ReFs2. For
example, the spectrum seen at the output of the digital signal processor could be as that
shown in Figure 9a. Then, for R=2 the corresponding spectrum seen at the output of the
interpolators is as that shown in Figure 9b. Similarly as in the case of subsampling only one
20 of the two frequency bands in Figure 9b is desired. Similar to subsampling, the occurrence
of signal components in the undesired band can be countered with an appropriate 90 degrees
phase relation between the transform functions in said band.
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far fromthe desired band, it may be pri tical for each of the transform
functions to have a stop band which covéfs this aliasing band.
Alternatively, a single filter in front of the splitter could provide this
st op baflnims: —Receivers according to the invention will now
be presented by way of exanple. Figure 12 shows an FM broadcast radio

recei ver which nm m‘“ﬁ le mlar to the receiver shown in Figure 1.
Corresponding e ed by the same reference nunerals in Figure
1. The sanpling f‘re&ue‘hcy of A/D converter 5 is 375 MHz. A 10 'splitter 100
conprising two decimators 130 and 140, respectively, both having a

deci mation factor R=3 is arranged between A/ D converter 5 and first Cordic

9. Accordingly, the clock frequency of the first Cordic 9 is 125 WMHz, i.e.
one-thind of the A/Dkaenewaremnqmspigc ng frequency Filters 10 and 11 are

deci mati ng | owpass filter i ch have a cyt- of fre en 0

The 11 cqaiepuidar Feoeiing & digifead Tegion Sgtal abing Srbaigncy 45157
MHz. Fig N Eﬁ"? I c9
whi ch ra}gs@sh?r omg& tﬁ%‘é@{?;@é‘%ﬁﬁ s wthin ﬁﬁtbt)a;ﬁldspgg‘ghbe
shi f t ed sgéonlditransform function, respectwely, to obtam a ﬁrst spht signal and a second split signal,

5 respectively; and
* '-'a digital quadrature processor for processing a signal within a band Q, said processor

having an input for receiving said first and seoond spht sngnals as in-phase and quadrature
signal components, respecnvely,
characterized in that said splitter compnses samplmg frequency reduction means such that
10 said first and second split signals have a second sampling frequency Fs2 which is R times
lower (R = decimation factor) than that of the first sampling frequency, and in that for at
least one aliasing band X which is a frequency shift of band Q over k*Fs2, k being an
integer, the phase characteristic of said first transform function is substantially 90 degrees
phase lagging with respect to that of said .'semnd mfom function, while the magnitude
15 characteristics are substantxally equal. o | |
2. A receiver as claimed in Claim l characterized in that the digital
quadrature processor comprises a quadrature decimation stage arrauged between said input
and further stages of the digital quadrature PrOCESSOr. "
3. - A receiver as clarmed in Claim 2 charactenzed in that the quadrature
20 decimation stage.comprises:
- first means for transforming both saJd first and second split signals in accordance w1th a
third transform function; .
- second means for transfonmng both sa1d first and seoond split signals in accordance with a
fourth transform function which differs substanually 90 degrees in phase with respect to the
/25  third transform function over at Jeast one aliasing band ‘while the magnitudes are equal;
- third means for combmmg said first and second split signals which have been transformed
in accordance with said third and fourth transform function, respectively, and for applying
the combined signals as in-phase components to said further quadrature stage;
- fourth means for combining said first and second ‘split signals which have been transformed



- passbangodisnbéTst € m“ lmmuﬁ HMt he input pair 131, 14 Soodbe three *
frequency bands V\n H “ rted into this desired ban 5'as a result
of deci mation. These ‘fré‘quency bands g§e shown in Figure 13b. They _ _
correspond to frequency shifts of an Integer tinmes the sanpling frequency

?ﬁegnenmgg I'S dTmc?gghl re?ﬂgﬂ/lr%n g’@a@?%@h%&f@%ﬁa m.

The othesconibimedt srpalseasguaﬂmuse eompmientsstorngrdoﬂmtﬁer ﬁﬁrature stage. The
occurrence of a freguen ent t h bove | ntlfled allaS|ng bands
is pre&vented by thé‘ 'Yé' Ea}'@ ﬁrﬁﬂmmé saidgransfarpanst or m
st agefundfbnsile iniplknidated & ﬁiﬁ&sfiﬂwméﬂ tHe! F1Ek} Sterml rs
provi de transform functions which, in the z\eﬁ% | f(t)ﬂn&tecqén gener%ﬁ%‘e

exfr eﬁxebi-ﬂnftmalsﬁgmi; sarfiples pnde.osmsetpmd)esfor bembrmgg thedsit-sHifted signalf or m
function. Both transform stages 110 and 120 have | ength L=6. The
coeffmlg?ﬁ‘s of the first transformstage 110 are: =~ WD 96/08078 -

PCT/ 1 895/ 00696 A receiver as claimed in Claim 1 or 2, characterized in that one of said
transform functions has a symmetric xmpulse response and in that the other transform
function has an anti-symmetric impulse response.

10 6. A digital signal processing arrangement compnsxng
- a splitter for transforming a digital signal in accordance with a first and a second transform -
function,'respectively, to obtain a first spiit signal and a second split mgnal, respectively; and
- a digital quadrature processor for selecting a digital signal component within a band B, ‘
said processor having an input for receiving said first and second split signals as in-phase and

15 quadrature signal components, respectively,
characterized in that said sphtter comprises samplmg frequency reduction means such that
said first and second split srgnals have a second sampling frequency Fs2 which is R times |
lower (R = decimation factor) than that of the first sampling frequency, and in that for at
least one ahasmg band X which i isa frequency shift of band B over keFs2, k being an

20 integer, the phase characteristic of said first transform function is substantrally 90 degrees
phase lagging with respect to that of said second t_ransform'function, while the magnitude
charactenstrcs are substantrally equal.
7. A quadrature decimation stage comprising:

| - first means for transforming both an m-phase and a quadrature component of a quadrature

25 input signal in accordance with a first transform function;

- second means for transforrmng both said m—phase and said quadrature component in
accordance with a second transform function which differs substantially 90 degrees i in phase
with resoect to-the third transform function over at least one aliasing band, while the
magmtudes are equal; |

30 - third means for combining sa1d m-phase and said quadrature components which have been
transformed in accordance with said first and second transform funcuon, respectively, and
for supplymg the combined components as m—phase component of an output signal;

- fourth means for combrmng sard m—phase and said quadrature component which have been
transformed in accordance wrth said second and ﬁrst transform function, respectively, and
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120 are: 10 0. 362500 Cé 0.093750 c2 = 0.234375 c3 = .
-0. 234375 c4 = -0. 093750 15 B 0. 062500 Flgure 13c shows the

magni t ud characterlstl s {H1} and H2} of the first and second
transf or pRi¥INg the cg (F%“}H% @F\ﬂé‘g‘iﬂ“g@ﬁgm&% of aputput sighahs e

AT 110 01 i Vo A A S A
t he phassaid methosdt ecomprising ﬂieas{teﬂiS}oﬁ s precisely 90 degrees |agging wit h
respect 1 Ms?grsﬁ%ng r&.rda &gﬁal' i5 o x%a.néeHwith aFﬁ)rst Garct’sq"oﬁr\l/ %ut];cru%glig% Ita?r? a first split
5 signal; |
- transforming said digital in accordance with a second transform function to obtain a second
split signal; and
- using said first and second split signals as in-phase and quadrature components,
respectively, to process the combination of said signals within a band Q,

10 while transforming said digital signal into said first and second split signals, respectively:

- reducing the sampling frequency in such a way that said first and second split signals have
a sampling frequency Fs2 which is R times lower than Fsl, R being an integer; _

- making the first split signal to phase lag substantially 90 degrees with respect to the second
split signal in an aliasing band X; and

15 - keeping the magnitudes of said split signals substantially the same in said aliasing band X;
said aliasing band X being a frequency shift of band Q over keFs2, k being an integer.

9. A method of supplying a digital quadrature signal with a sampling
frequency Fsl to a digital quadrature signal processor which processes with frequency band
Q, said method comprising the steps of:

20 - transforming an in-phase component of said signal in accordance with a first transform
function and a quadrature component of said signal in accordance with a second transform
function to obtain a first transform component and a second transform component,
respectively, the phase characteristic of said first transform function being 90 degrees phase
leading with respect to said second transform function;

25 - subtracting the second transform component from the first transform component and
applying the result thereof as an in-phase signal component to said input of the digital
quadrature signal processor;

- transforming a quadrature component of said signal in accordance with a first transform
function and an in-phase component of said signal in accordance with a second transform

30 function to obtain a third transform component and a fourth transform component,
respectively;

- adding the third transform component to the fourth transform component and applying the
~ result thereof as a quadrature signal component to said input of the digital quadrature signal
processor; '



t he si e phase differ ence changes that is, pha{ gosigoggdi Ng 90 *
degr eevgamt’?esﬁ mlﬂn Note the symmetry V\jth%,sl%ect to zero
frequency of the ter#Zsti c and the anti-symetry of the
phase characteristlc i nce the (ant )sym*retry 25 applies toall filters,

it would have bee icient to sp t he nd ase
charafﬁd@Fﬁl‘Stm%?'? %g‘ﬂ‘{q"ﬁé qpm}%yg@ rqtgreﬁl%ﬁ:l +'?7%P . There
are #i Q&d}ﬂﬁm rbdes HR dteq whikthdg® H2 are
exac{nPy t‘Le sarre whil e the l%g’se o?dﬁl—llijéglhs Iaggl ng h elczjgrﬁeegﬂltk If a

Si nusmeszlkiwmtgmaFSlMRIbemawnomtegne frequencies fnl .. fn5 is applied at
input 101, it will result in a vectorial 30 signal at the pair of inputs
131, 141 which is a purely circular clockw se rotation. Hence, there is no
positive frequency conponent, but only a negative frequency conponent. For
frequencies other than fnl .. fn5, a sinusoidal input signal will produce a
vectorial signal at the pair of inputs 131, 141 which is not perfectly
circular, but rather elliptical. The elliptical rotation is a vectorial sum
of a clockw se rotation and a PCT/ 1 B95/ 00696 12 counter-cl ockw se
rotation. Hence, the vectorial signal conprises both a positive and a




_FMegative freqguency conponent. The nagnitude of the positiv ﬂg%?ﬁgﬁgive
frequean”QB A&t s corresponds to the radius of said cou?ggr-c ockw se
and cl ockwi se rotations, respectively. The nore mag(Hl} and nag {H2} natch,
the nore the vectorial signal will 5 approximate a perfectly circular
rotation, and consequently, the nore _one.of the frequency conponents is
suppressed. For all frequencies, FingZiEbe shows the nmagni tude of positive
and negative conponents at the pair of inputs 131, 141 which correspond to
a sinusoidal signal at input 101. Note the notches at frequencies fnl .

fn5 in the aliasing bandg==Beg to the fact 10 SE:B_t\he di fference between

mag{ H1} and mag{H2} isuwhgl atipyely small in the jaliagifag bands, the
frequency conponents iV tlhese] bands are at | ead dB attenuated with
respect to the desired bandl By conparing Figure §3c with Figure 13e, the
rel ation between tgre=megrmtpdeOf—a POSTITVE TTEAEMCY COffponent and the
mat chi ng of the gni t ude characteristics is apfiafent. |f ;nore attenuation
in the aliasing band is ragpired, the m skatch getwgen thgq 15 magni t ude
characteristics stoul d beTpduced. This<an be v@d, foor exanple, by
using filters mhoﬁg | ength | s nore than_6. ) 5 jqortanti to note that in
the invention the suppressapn of frequengy qenpon,nL§ outslde the aliasing
‘bands is of no intfrest.

dogponeRysewi | | bE suppressed, for
exanple, by the fijters ' ) qor &P C in the receiver
20 shown in Figur
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fagni t ude and phase characteristics in the splitter. Figur ! rates
an enbodi WOP6O878t he splitter 100. In the scaling unit SCU tﬁe F%%E?&
sanpl es are scaled in accordance with the coefficients in the systems
functions Hl(z) and H2(z). The scaled input sanples are supplied to two
del ay and conbi nation units 25 DCUl 2qg 2, respectively. The out put
signals of DCUL and DCU2 are deci nmate deci mators 130 and 140,
respectively. Decimators 130 and 140 are flip-flops, represented by a
square with an 'F inside, which operate at a clock frequency of 125 MHz.
Al'l the other flip-flops operate at a clock frequency of 375 MHz and serve
as unit delay glenents. A unit delay elenent corresponds to a z[err]
operation in the z-domain. 30 Advant ageously, the filter
coefficients afe determ neg by nmeans for bit- shifxing s¢gpg#%§nwgles and,
subsequently, for conbining the bit-shifted signal \sanpl es. Is allows a
hardware-efficlent realis n of the scaling uni in which no

mul tipliers arg_used. The ficients of fhe tra rm function Hi(z) can

be witten as: WD 96/ 7 1¢
PCT/ | B95/ 006960 13 €O = ¢ Sa% err] 778 242 2625 (_'M:I ) Fs
Z

FI6.2a
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=c4 = 2[err] c2 =c¢3 = 2[err]-2[err] 5 The coef f the

transfornwvﬁ%@@$ﬁh H2(z) can be witten as: ¢c0O = -¢c5 = -2[e£¢fhéﬁ%ﬁﬂﬁ
aLerr] 2[err] c2 = -c3 = 2[err]-2[err] 10 A sanple is scaled with 2[err]

en the bits in a sanple are shifted n bit- positions in the direction-
fromthe |l east significant bit positi the nost significant bit
position. Alternatively, a sanple is 2£Ai d wth 2[err] when the bits in a
sanple are shifted n bit- positions in the direction fromthe nost
significant bit position to the |east significant bit 15 position. These
operations wll further be referred to as n bit shifts and -n bit shifts,
respectively. The coefficients of Hl(z) and H2(z) correspond to addi ng
and/ or subtracting a plurality of these bit shifts. For exanple,
coefficient cl1 of Hl(z) can be realised as a |inear conbination of a -3 bit
shift and a -5 bit shift. Since it wll be clear to a pF ip@ @ﬂg@k'||6d I n
the art howjto inplenment |inear conbinations of bit shif$ é ructional
detai|l of tHe scaling unit SCU are not shown in Figure fgy=AddMHzageously,
t he transforjm functions Hl(z) and wZ(z) e symetri cal
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and anti-synmmetrical, respectively. Therefore, only three scalings for each
transform 93 are needed, which is half the I ength of t?@?%ﬂﬂ?fefi ons.
The scaling unit SCU provides at 25 outputs sl, s2, s3, s4, s5 and s6

i nput sanples which are scaled wth a factor equal to coefficients cO, ci,
c2 of Hl(z) and c3, c4 and c5 of H2(2z) pectively. The scal ed sanpl es at
outputs sO, sl and s2 are supplied to Llféf irst delay and conbination unit
DCUl, those at outputs s3, s4 and a5 to the second unit DCU2. Both units
DCU1 and DCU2 are series arrangenents of flip-flops between which an adder
or a subtracter is arranged. In DCU2 30 three subtracters are used to
provide the desired anti-symetry of the transform function H2(z). By
considering each flip-flop in the delay and conmbination units DCUL and DCU2
as a z[err] operator one can readily verify that the enbodi nent shown in
Figure 14 provides the desired transformfunction Hl(z) and H2(z),
respectively. Now referring to the recei er_sjgﬂvm‘in Figure 12, it is

possi bl e to further WO 96/ 08078 s1= z

PCT/ 1 B95/ 00696 14 reduce the clock frequﬁgzy 125 MHz st Cordic 9. The desired
band at the ijnput of the first rdic 9, own in Figure 13a, still
occupies a regl atj smal | po of the total spectrumfrom -
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Fs2 to +Fg2. IS is an indication of the overhead in sanpling frequency.
Fi gure 1Saéhg%gwéh FM br oadcast receiver in which the cl ockP ’E& 5 of
the first Cordic 9 is reduced to 62,5 MHz. Conpared to Figure 12, a
guadrature decimating filter 150 with R=2 is arranged between the splitter
100 and the first Cordic 9. Fromthe onverter 5 to the first Cordic 9,
the effective decimation factor is 6.€%Eiésystens functions Hl(z) and H2(z) .
of the splitter 100 are the sanme as in the receiver shown in Figure 12. 10
The frequency shift by the first.Cordic 9 is tuned from-25,1to -31,25 M&z
and from+31,25 to +17,1 MHz. Figure 16a shows the desired band at the
input of the first Cordic 9. It ranges from-25 to -31,25 MHz and from
+31,25 to +17 MHz. The suggested discontipuity between + and -31, 25 Mz,
hal f the sanpling frequency, is a resu!k:of the way of presentation. The
spectrum of Figyre 16a repeats itself gagh sanpling 15 frequency shift. .
Fi gure 16b shoys the spectrum seen at tpe pair of 1 nputs I81I, 191 of
deci mat ors 180=figd 190, respectively. ere are two bands whichfgonvert to
the desired bahd at the i nput of first rdic 9. One of these dands
corresponds to the desired band shown ip Figure 13a, the other band is an

al i asing band. The occurrence %Ffrequency conponents 20 VETE:? he
y
of sta

al i asing band at the pair fof—mputs—t8# 191 is prevented ransform
stages 160a, 160b and 170?, 170b. The tyansform function ageS 160a and
160b is H3 and t hat I
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of st age, &éggmqﬁg 170b is H4. The transform stages are trag@‘.ﬁ%ﬁdgéﬁél t_ers

of length L e coefficients of H3 are: 25
Q. 06250 = 2[err] cl = c2 = -0.28125 -2[err]-2[err] The coefficients of H4
are: 30 cO = -cl = 0.109375 = 2[err]-2[err] ¢cl1 = -c2 ="
0.234375 = 2[err]-2[err] A negative frgquency conponent at the input of the
filter/deci mator stage 150 is forned dg?gﬁgirst si nusoi dal signal at input-
151 and a second sinusoi dal signal at input WD 96/ 08078

PCT/ 1 B95/ 00696 15 152 whi ch has the sanme magnitude as the first sinusoidal

signal but |eads 90 deg . nal s are
transferred according tjo H3 and H4, respectively, and c ined in
subtracter S and adder JA, respectively. If H3 phase shiffs the first
si nusoidal signal withla 90 degrees |lead with respect to H4, the
transferred signals wil}l be identical at 5 the inverti and non-inverting
inputs of subtracter Sfand will consequently cancel each
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of her. ts of adder A the transferred signals will
Be“ﬁ}gg"gy i i ;ﬁﬁn&’é)&i&

opp05|te b the sanme magni tude. The magni tude and pha
characteristics, mag{H3}, nmag{H4} and pha{H3}, pha{H4}, respectively, are
shown in Figures 16¢c and 16d. In the aliasing band the 10 pha{H3} lags 90
degrees with respect to pha{H4}, while_the mg{H3} and nmag{H4} are
substantially equal. It will now be unfigrgdood that such characteristics
substantially prevent the occurrence of a frequency conponent in the
aliasing band at the pair of inputs 181, 191. Figure 16e shows a

magni t ude-frequency plot related to the transfer fromthe pair of inputs
151, 152 to the pair of Eputs 181, 191. 15 It shoul d be
noted that the cascade of%the splitter 100 and the quadrature deci mating
filter 150 can be substig=tt2d by a single splitter with R=6. This is shown
in Figure 17. A possibl VA of transformfunctl ons H5 anquﬁngpr event
the occurrence of frequdfeyteens @ aliasing ban adily be
determ ned, given the1F nsforn1fdhct|ons HlF H2, H3 and H4 in the receiver
shown in Figure 15. Qﬁe z-notation the 2 $b||omnng applies: Herr](z) =
H[err](z)H[err](z[err? Herr](z)Herr](z[efr]) Herr](z) =
H[err](z)H[err](z[err]) +H[err](z)H[err](z[edr]) 25 To arrive at the above
expressions, decimatord 130 and 140 in Figuré 15 are 'shifted' through the
t ransf orm st ages 160a,}160b 170a and 170b, ?o be conbi ned with decinmators
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180 and 19&&%73:6. This causes the transform function %5@%@9900% z) to

change into err]) and H4(z[err]). However, in genera

advant ageous to have a splitter with a relatively 30 | ow decimation factor
foll owed by a quadrature decimating filter, as in Figure 15, conpared to a
single splitter with a relatively higwag Lmating factor, as in Figure 17.
For exanple, in the latter case, tw t@#AnPersal filters of the length L=
15 are needed to realise the transform functions H5(z) and H6(z) in
accordance with the expression above. hesev1 filters will require nore
circuit elenments than the total nunber |of cir¢gdit el enents for the

transver sal WO 96/ 08078
PCT/ 1 B96/ 00696 16 filters in the ?g“i
filter in the receiver shown in F r
transversal filters with L=
(375 MHz), whereas the quadrature dec
at one-third of this clock frequency. eceiver shown in Figure 15
only two transversal 5 filters with L=f operate at 375 MHz. Hence, the

| atter receiver will consune | ess powerl than the receiver shown in Figure
17. :

t
t hd quadrature deci mating

reojer, in Figyre 17 the two
f hi ]g§O§ y equency
ilter in Figu 1 rates
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I N summary ower efficient digital receivers of a relatively sinple
structure %6/08078,, presented. A reception signal is digiti HBPP‘H‘
relatively high sanpling frequency; sinple analog filters prevent aI|a5|ng
The digitized reception signal is applied via 10 a splitter to a
quadrature digital signal processor. {gs processor, a desired carrier
is selected and denodul ated. The spli tﬁe} ransfornms the digitized
reception signal in accordance with a first and a second transform function
to obtain in-phase and quadrature conponents, respectively. The sanpling
frequency is reduced in the sp er. A specifi el at,j on between the phase
and magni tude of the transfg fu ctions prevent #sing for at |east one
15 frequency band. Such a Fellati$n can be achi 4 with-relatively sinple
filters. Wiile a |imted nunber®of enbodi nents ar 4 shown and described to
clarify the invention, a persqpjskilled in the at may conceive nmany ot her
alternative enbodi - nments witheyit departing=fromilhe spirit and the scope
of the invention clained. In a feceiver accrdi g3 ¢«he i nvention the
received RF signal may first 20| be convertéd td & ]i nternedi ate frequency
(I'F) signal before it is digitietN For exgyphe - television receiver
it may be preferable to digitiz&ihequiputlSignMy of g tel evision tuner

whi ch provides an | F signhal ~9f appcgngmeqtszo VHz . Tﬁe digitized IF
signal is then applied to a™dilgila g arrangenent as shown
in Figure 8. A simlar techniquf ®an be a PAB receiver. A
digitized DAB IF signal is applief®to a sp h 25 conpri ses

decimators and is subsequentl verted_g§o ? phase and quadrature
baseband = 8
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signal s which are filtered and applied to a Fast Fourier Transformer for
oFDM denoXA 2868 1 the receiver shown in Fi gure 15, a f U /00696
quadrature decimating filter could be inserted between quadrature
decimating filter 150 and the first Cordic 9. In 30 principle, the sanpling
frequency can be reduced as long as th j dth of the desired band does not
exceed the sanpling frequency. For ex the decimation factor of said
further quadrature decimating filter could be R=3. This woul d reduce the
sanpling frequency at the input of first Cordic 9 to 20,83 MHz, which
sanpling frequency exceeds the width of the desired band: 20,5 M. WO
96/ 08078 PCT/ | B95/ 00696 17
There are various ways in which the splitter and quadrature deci mating
filters may be inplenmented. The enbodi nent shown in Figure 14 is only one
possi bl e inplenentation. In alternative enbofinénts, t he ors may bhe
nmerged into filters. This is known as a pol yphase structJf t§n11 , for
exanpl e, described in 'Miltirate Ejgit?T Signal 5 Progessing by

Crochiere and L. R Rabiner, page 79, etc. Such a pol+ ﬁ@se structure IS
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general ly power efficient. It should equally be -noted that s need
not be trWO2POBYS filters. For exanple, recursive filters equa y be
enpl oyed. The invention deals with a specific nmagnitude and phase rel ation
of the filters in a splitter or a decimating quadrature filter. A person
skilled in the art nmay conceive various filter structures which have said
10 specific magnitude and phase rel 'ﬁi/o}ﬁ Not in all cases a quadrature
decimating filter needs to have cross- couplings between the in-phase and
guadr ature siéﬁa paths, su as transform stag 170a and 170b in Figure
15. et herM8b ndt it t ageous to oni’t '(?E&e cr oss- coupl i ngs

depends on {lin dcatio \t he aliasing bap{ ith res he desired
'{)Q \ ks with st1ﬁ 7$ﬁdl'§hase and

band. As su t e 15 form stages i
gli And 170b in Figure 15 for

quadrature
exanpl e, A ‘ btic which is symetric
deroffrequendy: If an inmpge of ar\ aliasing band with

wth respect to
respect to zer fre ency is ¢lose to the desired\band, said transform

The transform functdons in the\splitterfand/or in
filters may belZe ) 4 onthetunmg of the digital

) r ni tude rel ati ons
of rel evant tr@gformfunctions > optimzed to prov? nﬁc
al i asi ng suppresdfon for a speci N . I'n genenal S are
best regarded as functional diagroawg; i
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25 many of,{ ,gi tal signal processing nodes may be inplenented, for
exanpl e?/ i oj(}ﬁnp ?e. Filtgrs mgy be in '?he formo%l a gegraqcrﬂaf’m%‘
di.gital signal processor with filter coefficients stored in a nenmory inside
or outside this processor. O course, at |east one Cordic shown in the
Figures may al so be included in said ocessor. For software

I npl enment ati ons, the invention, provﬂ%é{f]énter alia the advant age of
relatively few 30 conputation cycles. Furthernore, it will be clear that
digital signal processing stages shown in parallel in the Figures may be
substituted by one stage operating in time-division nultiplex quFation

For exanple, the quadrature decimating filter may conprise one tal,cul ati on
unit coupled to a menor® in which the coefficients for boRh traaSdorm
functions are stored. This WO 96/ 08078 _ —

PCT/ 1 B95/ 00696 18 cal cufjation unit cal cul ates out put sanples cdhLesponding

to a sanple of the fi nd the second split signal, alternately. In that
case, the splitter enl pr Ldeythe two split signalsebnjtime-di viegi on
mul tiplex and the fergt _Chrdi ®=rmay recei ve in-phase &8 adrat w2 i nput
signals in tinme-divisiofp nultiplex.
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5* Finally, it should be noted that the gis

i nvention ‘XPQS"’%%& ies to upsanpling, that is, increasing t gq.;s%#gﬁfgrfg
frequency. In that case, elenments are arranged in reverse order and their
function is inverse with respect to subsanpling. A digital signal processor
provides a digital signal wthin a fr cy band Q which signal has

i n-phase and a quadrature corrponents.ﬁzggsarrpl i ng frequency of both
conponents is increased by a 10 factor R the interpolation factor.
Furthernmore, the in-phase andugJadrhture conpongent §-=&re transfornmed in
accordance with a first and a"sdggoH transformfyngti on, respectively, and
subsequent |y conbi ned. For upsanpfing an anti-a¥jlasi ng techni que can be
used that is simlar to that forsubsanplify aspg=psgnted in the foregoing.
Due to upsanpling, the frequency fnterval i§ exi&ded from15
(-[err]Fs2,+[err] Fs2] at the oul‘g t wf theg (liugi CF— guadrature processor to
[-[er] Fsl, +[err] Fsl] at the out pUt of " i nt erpel atN s—tpat increase the
sanpling frequency fromFs2 tg,Hsl = ﬁ, ﬁ dvg of edanple, the spectrum
seen at the output of the digftql_sjtlial processorjcoued be as that shown
in Figure 9a. Then, for R=2 the &irraspontE AT grdctLufl seen at the out put
of the interpolators is as that ST} in "g'l . NSimlarly as in the
case of subsanpling only one 21 WA (f J eqeency bands in Figure 9b is
desired. Simlar to subsanpling, g#hegoccurg¢ nc@ & e9ignal conponents in the
undesi red band can be countered g mr—approprrete 9§ degrees phase

rel ati on between the transforeHunctCORB4CiI(ROERI d ban

d.l
~

FI6.15




WD 96/ 080 i

PCT/ | B95/ (7)%%3%103%8 Cains: 1. A receiver conpri M%?’sfooggr? i'nput
for receiving a digitized reception signal having a first sanpling
frequency Fsl; - a splitter for transformng the digitized reception sighal
in accordance with a first and a seco@%!ﬂﬁpnsforn1function, respectively,
to obtain a first split signal and a d split signal, 5 respectively;
and - a digital quadrature processor for processing a signal within a band
Q said processor having an input for receiving said first and second split
signals as in-phase and quadrature signal conponents, respectively
characterized in that said splitter conprises npl i ng frequency reduction
means such that 10 said firstC3&d second spl F=*si gnal s have a second
sanpling frequency Fs2 which LELR tines Iomeru__ = decimation factor) than
that of the first sanpling fr&GUency, and in fhat for at |east one al i asing
band X which is a frequency s@fX of band Q o&D k[err]Fs2, k being an

i nteger, the phase characteri§trc of said fir transformfunction is
substantially 90 degrees phasetagging with r ectto that of said second

. . : L
transform function, while the nagnitude [~~~
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15 characteristics are substantially equal. 2. - PéT Dosde’ as
cl ai med i W@Pe , Characterized in that the digital quadrature processor
conprises a quadrature decimation stage arranged between said input and

~further stages of the digital quadrature processor. 3. A
receiver as clained in Caim 2, charis?giﬁzed in that the quadrature 20
deci mati on stage conprises: - first or transformng both said first
and second split, signals in accordance with a third transform function; -
second means f& transform ng both said first and second split signals in
accor dance MADh fourth transfgrmfunction which differs s gﬁh ntially 90
degrees in (Hnhggdwith resp t pcd transforrﬁfzﬁdi i ﬁiover at
| east one aITasI g band, i desN\are equal ; - third neans for
conbi ni ng saild fifrst ang seco splrt signals i ch have been transforned
in accordance Wibtth saigl third §nHafourtid transf nﬂfunction, respectively,
and for applying the gonbi ned syghal s i n- phas&, conponents to said
further quadratyyl sypfge; - founth meafs for conb\ing said first and

second split sign_bé whi ch have been tlransformsﬁ1 96/ 08078
PCT/ | B96/ 00696 \ /
FIG.%6c
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20 in ac&gﬁsgé}@ﬁ%w th said fourth and third transformf unci,&,lil_s”,oos%

respecti for applying the conbined signals as quadrature
conponents to said further quadrature stage. 4. A receiver  as
Clainmed in Caiml, characterized in that said transformfunctions are

i npl emented as filters in which the gi coefficients are determ ned by
means 5 for bit-shifting signal sanal sl¥@nd, subsequently, for conbi ning
the bit-shifted signal sanples. 5. A receiver as clainmed in
Claim1l or 2, characterized in that one of said transform functions has a
symmetric inpul se response and at the other t[f:jlornnfunction has an
anti-symetric inpulse respot®e} 10] 6. Rigital signal
processi ng arrangenent conprisimgg= a splitter fo nsform ng a digital

signal in accordance with a firstjand a second tra#is{orm function,
respectively, to obtain a first split signal Snd a b:b)nd split S|gnal
respectively; and - a digital quafirature prockssor]for selectlng a dlgltal
signal conponent within a band B, |said procesgor g™y an input for
receiving said first and second=s [ hase and 15
guadrature signal conmponents, res$ tlvely,’c act@ 'féd in that said
splitter conprises sanpling fre uencz@é h that said first
and second split signals haveralseco %Qﬁ%)“ )freque c =Fs2 which is R
times lower (R = decimation fac &Hd[l -y

frequency, and in that for at )
X [— )]
=l =¥ -
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r’n.if:-’;v;‘
| eaBY 13189 i asi ng band X whi ctnﬁs‘a‘?‘ﬂﬁ@g.ﬁéﬂwf_@ﬂhfq of band BSTHAEI5/00696
k[err]Fs2, k being an 20 i nt egtBCTinerma ABBIGRHER bri stic off Bai0g- 1995t
transformfunction is substantially 90 deg; ees phase | agging with respect
to that of said second transform function, while the magnitude
characteristics ar substﬁntial uadr at ur e

I ual . 7. A
deci mat i orFPESHEHIR & iFRAtE phipouts 16) 17,bves 3 fesquency; AR rTheAoRy RRIing: Rassband M
i n- phase auadn : 0 I in f ' '
accor dancgﬁ\?\natﬁhﬁgﬁ? ilg?g%ﬁlfafgné}' %ﬁ ; n? ?Bntc)ﬂi' oﬁ#llﬂg ca*é‘?gﬁ%lﬁérnamans o?"‘?dtnraaq?llls‘{‘vg‘r]lr)n¢ ng
bot h sai d donvertesksintaatist passband Laof fliers d Ocamdpidn diherd is nocpasitieerfrequencynirnage of

second transformfunction whi djff bstantially 90 d ' A

wi th respdepstand Mo e vgotion, dvepiagequsfc tics A8 pernmety i eessbid Shararserigc

band, whi Iﬁitﬁp&pgagaizgfgjﬂ.g?&h@y'equal; 30 - third neans for conbining said
u

i n-phase and sal'd quadrature conponents which have been transforned in _
accordance with said fiFigureaeidepictsithe variousflocationsof passbandr Msseen tat thel pair efid

Lot PP e R4S RS AR el o SR Bl R
component slliffinf\atift fERendy CPARRRREA: ifpReHE fARTRe'Y pocasbrbaRIQ thiend

first transform function, respectively,
. covers all possible locations of passband M. This processor band Q is shown in Figure 7d.

10 Thus, quadrature signal processor 200 can process signals within this processor band Q
which is located asymmetrically with respect to zero frequency.

The invention uses the above-identified asymmetry of processor band Q in
a manner which is further explained with reference to Figure 8. Figure 8 shows a signal
processing arrangement comprising a digital quadrature signal processor 200 preceded by a

15 splitter 100. The quadrature signal processor 200 processes signals within a processor band
Q as shown in Figure 9a. The quadrature signal processor 200 may be similar to that in the
known receiver shown in Figure 1. However, this is not essential to the invention.

The splitter comprises transform stages 110 and 120 with transform
functions H1 and H2, respectively, followed by decimators 130 and 140, respectively. A

20 digital signal received at input 101 of splitter 100 is passed to a first input 201 and a second
input 202 of the digital quadrature signal processor 200 in accordance with the first
transform function H1 and the second transform function H2, respectively. Further, the
sampling frequency Fsl at the input 101 is reduced by a decimation factor R to a sampling
frequency of Fs2 = Fsl1-+R at the pair of inputs 201, 202.

25 Seen at the pair of inputs 131, 141 of decimators 130 and 140, there 1s a
multitude of R frequency bands which are converted to the processor band Q shown in
Figure 9a. These frequency bands are frequency shifts of the processor band Q overan
integer (k) times the output sampling frequéncy Fs2 = Fsl+R of decimators 130 and 140,
including the processor band Q itsélf: (k=0). In general, the spectrum seen at the pair of

30 inputs 131, 141 can be established in the following manner. First, a frequency interval is
defined in accordance with the sampling frequency Fsl = ReFs2 at said pair of inputs.
Secondly, the spectrum at inputs 201, 202 is repetitively shifted over one sainplé frequency
to fill this interval. By way of example, Figure 9b shows two bands Q’(0) and Q’(+1) at the
pair of inputs 131, 141 that are converted to processor band Q shown in Figure 9a in the
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PCT/ 1 B95/ 00696 21 for supplyi ng—tieconptrned conponent s as--(ﬂ,l@d“rﬂgf'uggs
conponent of an output signal. 8. A nmet hod of processing a
digital signal with a sanpling frequency I‘—gsl , said nethod conprising the

Funcei on e bR, B RO cctedhdndly o RrfREiidk BRAF 0 kil b B AR
accor dancgepdl frdquen&e SIERCoft prodssbol tinl \Q ¢k =0)) Baxda®i(3i1) isia TRYQesEySsHift tof

signal; and - using said first and second split signals as in-phase and
quadr at ur prasesspp hand Q iny Bigpee-9a overy+Fsdb(erdddss t he conbi nation of said

Sard firet and cecond Sybionedhm? whidiile G F Susa oaoRisheh o il e oy
{1 equenCy 131, SICl desied, ddily 9 Sedichs} bIbaEEsFpolsith thé B in WAL dbsired

sanpling frequency Fs2 which is Rtinmes |ower than Fsl, R being an integer,;
- maki ng smﬂs imast be; Jacpteds Signals in she)ptherRt hfrequansy bandsa referred toagaliasing,i t h

e magni bifds mB BlPreR wlith £ LA in o A5 o5 s W F geBlincop, Fpr P! 0
al i asi ng bgdifpl&; désided sigriabisindg bbdscdted ihahé bard Qf Grl)esdownsifi Figuref 9B alis §9

over k[err]Fs2, k being an integer. 9. A nethod of supplying a
di gital qilinstrated in Figyefc which showsfig desiged band D and the aliasing band X seen at the

10 pair of inputs 131, 141 in accordance with this example. To prevent aliasing, the occurrence

of signals in band X should be prevented. |

The occurrence of a signal in an aliasing band at the pair of inputs 131,
141 can be prevented by means of the following relationship between the first transform
function H1 and the second transform function H2. In the aliasing band, the phase

15 characteristic of H1 should be 90 degrees lagging with respect to that of H2. Furthermore,
the magnitude characteristics of H1 and H2 should match in the aliasing band. In that case a
signal at input 101 cannot produce frequency components in the aliasing band. This can be
explained as follows.

| First, it should be recognized that the digital quadrature signal processor

20 200 receives signals x(k) and y(k) at inputs 201 and 202, respectively, as rectangular
coordinates of a vectorial signal v(k). This is visualized in Figure 10a in which sample x(n)
is represented on the horizontal axis and sample y(n) on the vertical axis. Accordingly, the
sample pair x’(n) and y’(n) at the input pair 131, 141 constitute the rectangular coordinates
of a vector v’(n). '

25 | Now, let the signal s(k) at input 201 be a digitized sinusoidal signal whose
spectrum is shown in Figure 11a. Further, let the phase shift of s(k) by the first transform
stage 110 be 90 degrees lagging with respect to that by the second transform stage 120,
while the magnitude characteristics of these stages are equal. Figure 10b illustrates the
corresponding vectorial signal v’(k) at the pair of inputs 131, 141. Subsequent samples x’(1)

30 to x’(4) from the first transform stage 110 are projected on the x-axis, whereas the
subsequeht samples y’(1) to y’(4) from the second transform stage 120 are projected on the
y-axis. ' '

It appears that the vectorial signal v’(k) at the pair of inputs 131, 141 is a
circular clockwise rotation. The spectrum of this vectorial signal is shown in Figure 11b; it
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campdmentt Isrsappiessedh conponent and a fourth transform conponent,
ely; - adding ird t,rarijslformco onent to .,the fourth
s

nent ad SUg | 3esheyve ez S positive adgnal
nédtive cdmpBhetits of theHairdedhpit 19+ 2 PhHich RHREFRInd o §RSidal signal at

input 101. Note the notches at frequencies fnl .. fnS in the aliasing bands. Due to the fact
that the difference between mag{H1} and mag{H2} is relatively small in the aliasing bands,
the frequency components in these bands are at least 40 dB attenuated with respect to the
desired band. By comparing Figure 13c with Figure 13e, the relation between the magnitude
of a positive frequency component and the matching of the magnitude characteristics is
apparent. If more attenuation in the aliasing band is required, the mismatch between the
magnitude characteristics should be reduced. This can be achieved, for example, by using
filters whose length is more than 6. |
It is important to note that in the invention the suppression of frequency
components outside the aliasing bands is of no interest. These frequency components will be
suppressed, for example, by the filters 10 and 11 behind the first Cordic 9 in the receiver |
shown in Figure 12. Thus, the presence of these filters relaxes the requirements on the
magnitude and phase characteristics in the splitter. |
' Figure 14 illustrates an embodiment of the splitter 100. In the scaling unit
SCU the input samples are scaled in accordance with the coefficients in the systems functions
H1(z) and H2(z). The scaled input samples are supplied to two delay and combination units
DCU1 and DCU2, respectively. The output signals of DCU1 and DCU2 are decimated by
decimators 130 and 140, respectively. Decimators 130 and 140 are flip-flops, represented by
a square with an 'F’ inside, which operate at a clock frequency of 125 MHz. All the other
flip-flops operate at a clock frequency of 375 MHz and serve as unit delay elements. A unit
delay element corresponds to a z! operation in the z-domain.
Advantageously, the filter coefficients aredetcrmined--bj means for bit-
shifting signal samples and, subsequently, for combining the -bit-éhiftéd signal samples.
This allows a hardware-efficient realisation of the scaling unit SCU in which no multipliers

are used. The coefficients of the transform function H1(z) can be written as:
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(57) Abstract

In a receiver, a reception signal is digitized (5) with a relatively high sampling frequency. Analog filters (2, 4) prevent aliasing. The
digitized reception signal is applied via a splitter (100) to a quadrature digital signal processor (9, 10, 11, 12). In this processor, a desired
carrier is selected and demodulated. The splitter (100) transforms the digitized reception signal in accordance with a first and a second
transform function (Hi, Hz) to obtain in-phase and quadrature components (xi, yi), respectively. The sampling frequency is reduced (130,
140) in the splitter. A specific relation between the phase and magnitude of the transform functions (H;, Hz) prevents aliasing. Such a
| relation can be achieved with relatively simple digital filters (110, 120).




