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1 Tinme-discrete stereo decoder. The invention relates to a receiver
havi ng a si gnal path i ncorporating a tuner, a denmpdulator circuit for
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The mventmn relates to a receiver having a signal path incorporating a tuner, a
demodulator circuit for supplying a stereo muitiplex signal comprising a
baseband stereo sum signal (L+R), a 19 kHz stereo pilot and a stereo difference
signal (L-R) which is double sideband amplitude-modulated on a suppressed 38
5 kHz subcarrier, a sampler for converting an analog signal into a time-discrete
signal and a stereo decoder for time-division multiplex decoding of a time-
discrete stereo multiplex signal into time-discrete left and right stereo signals.

A recejver of this type is known per se, for example, from the article "Digital

10 Signal Processing type Stereo FM Receiver® by M. Hagiwara et al., published in
IEEE Transactions on Consumer Electronics, Vol CE-32, No. 1, February 1986,
pp. 37-43.

In the known receiver a desired RF-FM reception signal is converted into an

15 FM-IF signal by means of the tuner. This FM-IF signal is demodulated in the
demodulator circuit. When being tuned to an FM stereo transmitter, the desired
baseband modulation signal thus obtained comprises a stereo multiplex signal.
Such a baseband stereo multiplex signal comprises a stereo sum signal (L+R)
between O and 15 kHz, a stereo pilot at 19 kHz and a stereo difference signal (L-

20 R) which is double sideband amplitude-modulated on a suppressed 38 kHz
subcarrier. In the known receiver this baseband modulation signal and hence the
stereo multiplex signal are applied in a digitized form (i.e. time and amplitude-
discrete) to the stereo decoder which decodes the digital stereo multiplex signal
into left and right stereo signals L and R. The sampler which may be arranged,

25 for example, upstream or downstream of the demodulator circuit or which may
be incorporated in the demodulator circuit is used for the digitization.

However, outside the frequency mnge of the stereo nmluplex signal the baseband
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A receiver of this type is knowm per se, for exanple, fromthe article
"Digital Signal Processing type Stereo FM Receiver" by M Hagiwara et al.,
publ i shed IE?&BJ ng?nsactlons on Consuper Electronics, Vol CE-32, No. 1,
February 1 Iig’ In the knowh receiver a desired &2 W9%ception
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required for said additional information, stringent selectivity requirements are
imposed on the filters for selecting the stereo multiplex signal. Such filters are
10 complex and difficult to integrate, which makes them comparatively expensive.

It is an object of the invention to provide a receiver of the type described in the

opening paragraph using a time-discrete signal processing in at least the stereo

decoder in which a time-discrete baseband stereo multiplex signal is effectively
15 selected and decoded with circuits which can be very easily integrated.

According to the invention, a receiver having a signal path incorporating a tuner,
a demodulator circuit for supplying a stereo multiplex signal comprising a
baseband stereo sum signal (L+R), a 19 kHz stereo pilot and a stereo difference

20 signal (L-R) which is double sideband amplitude-modulated on a suppressed 38
kHz subcarrier, a sampler for converting an analog signal into a time-discrete
signal and a stereo decoder for time-division multiplex decoding of a time-
discrete stereo multiplex signal into time-discrete left and right stereo signals, is
therefore characterized in that the stereo decoder comprises a time-discrete

25 halfband low-pass filter circuit having a finite impulse response and a
substantially constant group delay time, with a low-pass edge in the amplitude
transfer characteristic cated in a transition band which has at least a part in
common with the frequency range of said modulated stereo difference signal and
with a half-value transfer which is located at the frequency of said 38 kHz stereo

30 subcarrier with respect to which the low-pass edge is substantially point-
symmetrical, said receiver also including an interpolation circuit which is coupled
to an output of the filter circuit for converting time- sequential even and odd
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for exanple, upstream or downstream of the denodul ator circuit or which may
be incorporated in the denodulator circuit is used for the digitization.
However , omifg Egg frequency range of the stereo multiplex signal the
baseband 2 2rm8digstl on

signal may al compri se, addi ti qnal nformatlon such as, for exanple, radio
da’? a si gny p?‘ﬁéé)amjﬁcﬁiéh e pptppt F‘&“ﬂr?fﬁb?rﬂ%miﬂbm ﬁﬂmmt(ahﬂrrl?s si gnal s
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necessary é!gﬁifﬂl ter tﬁﬂe I gl teggil{rﬁkﬁ %‘ndp{lex S Bﬁ'gCg%F%?‘ﬁ'Pg%codl ng

this si gnab,the interpoldtion dircujtrfor erlineat combingtiil of L& pairelof Liriplalg Si gnal S.
Due to th
© 10 1 N%alues and a compensation of the crosstalk between the left and right stereo

5 signals caused by the filter circuit.

A selective digital stereo decoder for use in such a receiver including a filter

circuit for selecting the stereo multiplex signal as well as for reducing or

decimating the sampling frequency of the stereo multiplex signal is known per
10 se, for example, from European Patent Application no. 308,520.

The low-pass edge of the filter circuit of this known stereo decoder is, however,
comparatively steep so that this filter circuit is very complex and requires an
output sampling frequency of 6 x 38 kHz.

15

The invention is based on the recognition that a selection of the stereo multiplex
signal without any noticeable loss of signal information on the one hand and a
sufficient suppression of signals in the frequency range above that of the stereo
20 multiplex signal on the other hand is possible with a comparatively weak
selective low-pass filter by giving such a filter circuit a substantially linear phase
transfer and by admitting a suppression of the stereo signal in the stereo
multiplex signal, which increases with the frequency in such a way that:
- a half-value transfer at the 38 kHz subcarrier is obtained, i.e. the filter
25 circuit halves the amplitude value of a 38 ki input signal applied to the
filter circuit, i.e. reduces it by 6 dB, and that
- a low-pass edge in the amplitude transfer characteristic of the filter circuit
is obtained which with respect to the point on this edge where said haif-
value transfer occurs is mainly symmetrical. A property thereof is that the
30 low-pass filter circuit has a frequency-dependent amplitude variation in
the transition band, at which the sum of the frequency components located
at frequency values substantially symmetrically around the 38 kHz

This Sheet Has Been Rei

HIIIIH lIIIll [l



H
H

conparatively small frequency space between the highest frequency in the
stereo multiplex signal and the frequency range around said 57 kHz RDS
carrier required for said additional information, stringent select|V|ty
requi r enent s PHNe 1i3nE@3>xd on the filters 4or selecting the st tlplex
signal. Such filters are conplex and difficult to integrate,

t hem conpar at i vel Mmﬂsm\/snbstanddll i constantodide&jnabio !hbq‘réq?l mpdne rovide
a receiver of the,t SCI,i bed [)1' t he opem ng paragrap é‘{R?ltng a o
time-discrete sigth ﬁ%p"‘ﬁg@’g HB‘"F‘L“E the, transitionrhand: er eo decoder in which a
time-di screte baseband stereo nultiplex signal is effectively selected and
decoded with circuits which can be very easily integrated. According to

t he inventi oNYhes umtheemedmm agonding gmﬁe inwértion) a6¢ Ol thé ABova-t uner, " a
denodul at or U|t for su n tereo nultiplex S|gnal conprising a
baseband st eﬁ?& F‘Pg‘ié‘l‘%&% 6 stergo gyultiplex signal;to heclegodadeando
di fference Stlﬁ'"!!ﬁpp | &ei‘kg’gi Lated on a
suppressed 38 kHz gdgﬁiggrdﬁ}i saﬂ’gg?rp er w&emét’%ﬂ&aﬁ‘ﬁ%&& gnal
into a tine- eigsdmtubmghwithaml time-déscrete tove-pasy filter| bt AP iriprovement of
mul ti pl ex de&odln of a, tine-
gx?al-to—nmse ratio is also achieved with respect to the known stereo
decoder. Moreover, it is sufficient to use a much lower output sampling

10 frequency without any loss of signal information than in said known case.

The frequency-dependent suppression of the stereo difference signal caused by
the low-pass filter circuit gives rise to a crosstalk defined by this suppression
which can be simply eliminated by means of a suitably chosen linear signal

15 combination so that a dematrixing of the left and right stereo audio signal is
obtained,

A preferred embodiment of a receiver according to the invention is therefore
characterized in that the dematrixing circuit comprises first and second

20 dematrixing stages, in which both dematrixing stages a linear sum and difference
combination of sampling values is realised.

A further preferred embodiment, in which a correct dematrixing is possible with
a comparatively simple circuit configuration, is characterized in that the

25 dematrixing circuit comprises first and second signal combination stages, in
which first signal combination stage a sum as well as a difference formation of
the output signal samplings of the interpolation circuit is effected, which resuits
in a sum signal and a difference signal, respectively, and in which second signal
combination stage a sum and difference formation of said sum and difference

30  signals is effected.

A further preferred embodiment, in which a time alignment of even and odd
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east onef said eveg andredd samplisgivalies of dhe utputosignal of
the filter circuit, which phase shift compensates the phase difference between the
even and odd sampling values.

A further preferred embodiment is characterized in that the filter circuit
comprises a delay compensation branch and a signal branch for separately
processing even and odd input signal samplings, the delay compensation branch
comprising a number of n cascade-arranged delay circuits and the signal branch

_comprising a cascade circuit of first to (2n+1)th delay circuits, as well as

parallel first to (n+ 1)th coefficient multipliers, the output signal vatues of the
first to (n+1)th coefficient multipliers being added to the signal samplings which
are located time-symmetrically around the (n+1)th delay circuit, said filter
circuit having an adder stage for mutually adding the output sampling values of
the delay compensation branch, the (2n+ 1)th delay circuit and the first
coefficient multiplier.

When this measure is used, the filter circuit and a further decimation of the
sampling frequency can be realised in a simple manner.

Moreover, the signal processing in such a filter circuit also provides the
possibility of using substantially all elements of said low-pass filter circuit in a
simple manner for realising a high-pass selection. Said additional signals above
the frequency range of the stereo multiplex signal can then be selected in an
effective manner, while the stereo multiplex signal can be suppressed to a
sufficient extent. To this end the receiver according to the invention is preferably
characterized by a halfband high-pass filter circuit which has the same half-value
frequency, order and group delay time with respect to the low-pass filter circuit
and which has a high-pass edge in the amplitude characteristic located in a
transition band which corresponds to that of the low-pass filter circuit, while it

This Sheet

i

infépendent cei ver
s'b}r}?eggtinterpol ation circuit which is coupled to gﬁtﬁ uta%)él:jt of

aced

i



sag;ling val ues of the output signal of the filter circuit into
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the stereo nultiplex signal is known exanpl e,
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circuit.

The invention will be described in greater detail by way of example with

10 reference to the Figures shown in the drawings, which Figures only serve to
illustrate the invention and in which corresponding elements have identical
reference indications.

In the drawings:

15 Fig. 1 shows a receiver according to the invention;
Fig. 2 shows a time-division multiplex stereo decoder for use in a receiver as
shown in Fig. 1;
Fig. 3 shows the frequency spectrum of a stereo multiplex signal and the transfer
characteristic of a time-discrete halfband low-pass filter circuit for use for a

20 stereo decoder as shown in Fig. 2;
Fig. 4 shows the frequency spectrum of a stereo muitiplex signal at the output of
a time-discrete halfband low-pass filter circuit.

Fig. 1 shows a receiver according to the invention which is suitable for receiving
235 radio frequency (RF) FM reception signals comprising a baseband modulation
~ signal which is FM-modulated on an RF carrier.

This baseband modulation signal may comprise a number of components. A

baseband modulation signal whose frequency spectrum is shown in Fig. 3 will be
30 taken as an example. This Figure shows by means of curve C1 a stereo sum

signal (L+R) located in a frequency range between 0 and 15 kHz, with £, being

a 19 kHz stereo pilot, C2 being a stereo difference signal (L-R) double sideband
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I nvention is based on the recognition that a selection of the stereo
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i ncreases Passibly pembined, witicy taffic trassmittemidentification (ARY) signal in a 4.8 a

hal f -val u t 38 kHz subcarrier is obtained, i.e. the filter
circuit h:lfléieggﬁigfoéﬂglslﬁ% value of a 38 kHz input signal applied to the
filteg circuit, i.e. reduces it by 6 dB, and that - a

| ow- pass edge in the anplitude transfer characteristic of the filter
circuit  The stereo multiplex signal in the: basebandwnpduiation signal car e donsitiéred poi nt  on

t hi s edge e ' =.yal ue transfer . occuUrs is inly symretrical. A
property %?gﬁ %’Fﬁ'la{vhf%els ch&ééb@ggul?@at"@{h oneG g stexeo
f requency-ggmg‘nctg{-le afiple! IL,USifingothe v ) : : the
transition band, at'xvvm ch 't he sumb(??blgﬁg&f %lgﬁ 91'5?1“3%#13%’%%‘#%’%‘1 ocat ed
frequency medulatedsviths therather stereo signal,rfor ekample; Rudutinghthe 98d Hialf cycles
10 (x-2x). It is known per se from the first-mentioned article that the stereo left and
stereo right audio signals are directly decoded from the stereo multiplex signal by

means of a time-division multiplex decoding at the receiver end.

The receiver shown comprises, consecutively coupled to an antenna input, a

15 tuner T, a demodulator circuit FD, a sampler or A/D converter A/D, a time-
division multiplex stereo decoder SD, a mono-stereo selector MSS, a pilot filter
PF, and an audio signal processing unit ASP which supplies left and right stereo
audio signals to a left stereo loudspeaker LS and a right stereo loudspeaker RS,
respectively. The stereo decoder SD comprises a time-discrete halfband filter

20 circuit QMF coupled to an input I of SD, which circuit functions as a time-
discrete haifband low-pass filter circuit (QMF I-SMO) between the input Iand a
stereo multiplex signal output SMO and as a time-discrete high-pass filter circuit
(QMF [-RDO) between the input I and a radio data signal output RDO. The
stereo decoder SD also comprises an interpolation cireuit IC coupled to the signal

25 output SMO, followed by a dematrixing circuit DEM. The radio data signal
output RDO is coupled to a radio data signal processing unit RDS for processing
a radio data signal. Dependent on the nature and the information in the received
radio data signal, the radio data signal processing unit RDS may supply tuning
control signals to the tuner T and/or realise a visual display of an RDS message.

30
In the tuner T a desired radio frequency FM reception signal in the frequency
range between 88 and 108 MHz is converted into an FM intermediate frequency
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5 signal is digitized in the A/D converter A/D in which use is made of a sampling
frequency, hereinafter referred to as the first sampling frequency, which is a
multiple of the 19 kHz pilot frequency and is 152 kHz in a practicai
implementation. Due to the digital signal processing in the time-division
multiplex stereo decoder SD a separate signal prowssirig of the different signal

10 components in the baseband modulation signal is of the greatest importance. In
fact, it should be avoided that aliasing effects and spurious signal response cause
signal components of the data channel to reach the frequency range of the
baseband stereo multiplex signal, and conversely. Such a signal separation is
obtained with the time-discrete halfband filter QMF which operates as a time-

15 discrete low-pass filter circuit QMF (I-SMO) between the input I and the stereo
multiplex signal output SMO. This will be further elucidated hereinafter.

The low-pass selection in the time-discrete halfband low-pass filter (QMF (I-
SMO) is followed by an interpolation in the interpolation circuit IC and a

20 dematrixing in the left and right stereo audio signals in the dematrixing circuit
DEM. These left and right stereo audio signals L and R become available at first
and second outputs of the dematrixing circuit DEM, which dematrixing circuit
DEM also has a third output at which the stereo sum signal L+R is available. A
mono/stereo selection is effected in the subsequent mono-stereo selector MSS. In

25 the pilot filter PF 19 kHz interference components are suppressed, while in the
audio signal processing unit ASP there is a digital/analog conversion and a
possible audio signal amplification and tone control, followed by a sound
reproduction vig LS and RS.
The clock frequencies required for the digital signal processing, which

30 frequencies comprise those for the above-mentioned first sampling frequency, are
coupled to the 19 kHz stereo pilot via a phase-coupled loop connected to the
stereo multiplex signal output SMO, This phase-coupled loop comprises a
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10

ock and sampling frequencies required for the digital signal processing in
the receiver can be derived therefrom by means of further frequency-dividing
circuits which are not shown.

The stereo multiplex signal output SMO is also coupled to a second multiplier
stage M2 to which a local 19 kHz in-phase stereo pilot is applied from an in-
phase output of the frequency-dividing circuit DIV, The second multiplier stage
M2 operates as a synchronous amplitude detector for the 19 kHz stereo pilot in
the received stereo multiplex signal. The second multiplier stage M2 applies a
control signal to the mono-stereo selector MSS via a second low-pass filter LP2
for an automatic mono-stereo change-over controlled by the received 19 kHz
stereo pilot.

As already noted hereinbefore, an effective suppression of signal components
above the frequency range of the stereo multiplex signal is of essential
importance for a satisfactory stereo signal processing. Particularly for modulation
signals which, as shown in Fig. 3, comprise RDS and ARI signal components,
aliasing effects and other perturbations may occur in the stereo audio signal
owing to insufficient suppression of these components. For an effective selection
of the stereo multiplex signal the time-discrete halfband low-pass filter QMF (I-
SMO) has an amplitude transfer characteristic which is shown in Fig. 3 in an
idealized form by means of curve C4. In contrast to the filter circuits hitherto
known, which have a low-pass edge in the amplitude transfer éharacterisﬁc,
located in a transition band between the highest frequency in the stereo multiplex
signal and the lowest frequency of the RDS/ARI signal, the transition band of the

eplaced
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Consequently, the slope of the low-pass edge of the low-pass filter circuit (QMF

5 I-SMQ) may be considerably less steep than that of the known filter circuits so as
to achieve an effective suppression of the signal components located in the

frequency range above that of the desired stereo multiplex signal. As a result, the
low-pass filter circuit (QMF I-SMO) may be of a comparatively low order (for
example, of the fifth order) and operate at a comparatively low clock frequency,

10 so that the low-pass filter circuit (QMF I-SMO) may have a simple circuit
configuration. A further result is that stereo crosstalk occurs between the even
and odd sampling values, occurring at a 76 kHz sampling frequency, of the
stereo multiplex signal selected by the low-pass filter circuit QMF (I-SMO).
Consequently, it is no longer possible to decode the left and right stereo audio

15 signals directly from the selected stereo multiplex signal by means of the afore-
mentioned known time-division multiplex decoding method, but a dematrixing
operation is required to eliminate this crosstalk. This will be further elucidated
hereinafter.

20 To enable a linear dematrixing of the stereo muitiplex signal selected by the low-
pass filter circuit (QMF I-SMO), the phase transfer of the low-pass filter circuit
i (QMF 1-SMO) should be substantiaily linear in its range of operation, or in other
words, the group delay time of the low-pass filter circuit (QMF I-SMO) should
be substantially constant, Moreover, the amplitude transfer in the passband
i 25 should be substantially flat and in the frequency range of the low-pass edge, i.c.
in the transition band, it should decrease with the frequency in such a way thata
half-value transfer is obtained at the 38 kHz subcarrier and that the amplitude
transfer characteristic is substantially symmetrical with respect to the point at
which said half-value transfer occurs. The low-pass filter circuit (QMF I-SMO)
30 therefore has the properties that the filter circuit reduces the amplitude value of a
38 kHz input signal component by half, i.e. by 6 dB, that it is sufficient to have
an input or first sampling frequency of 152 kHz and an output sampling
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freguency cg&. be r?allei sed in ,a sinple manner.
ition o lower and upper sidebands of the stereo difference signal (1-1) is
obtained, which is substantially half the amplitude of the original stereo
10 difference signal (L-R). This results in a fixedly defined crosstalk of the stereo
information which is carried by the original even and odd signal samplings. The
following stereo signal combinations are obtained at the output SMO at a 76 kHz

sampling frequency at the even and odd sampling instants:

15 Instant; Stereo signal combination:
0 (L+R)+(-0)=3/2L+1/2R
1 (L+R)-(1-r)=1/2L+3/2R
2 L+R)+(1-0=3/2L+1/2R.

20

The crosstalk between the left and right stereo signals which is introduced into a
' stereo multiplex signal due to the suppression by the low-pass edge of the low-
pass filter QMF(I-SMO) can be subsequently compensated by means of a simple
25
The low-pass edge is to start preferably after the highest frequency of the stereo
sum signal (L+R) and before the lowest frequency of the stereo difference signal
(L-R) and should mainly exhibit a linear decay. Time-discrete halfband low-pass
filters such as the filter QMF between the input I and the output SMO are known
30 per se and can be dimensioned in such a way that they have phase and amplitude
!- characteristics which are substantially linear and approximate the idealized curve
; C4 in Fig. 3 to a sufficient extent for a correct selection of the stereo multiplex

This Sheet Has Been Re{ilaced

W

ki
FE



po
Ci

se
of

su
pr
Ci
ti
hag
tr
wh

eover, the signal processing in such a filter circuit also provides the
sibility of using substantially all elenents of said | owpass filter
cuit in sinpl e manner for realising a high-pass

ection. ng(}Qﬂﬁﬂ%lonal si gnal s abo¢@ t he 2r&@0queBLy range

t he stereoﬁuﬁh%ex signal can then be selected in an effective manner,
le the SigB fef icirRulls are-very suitable forthe abevesmentioned selection of

ficient gex§rb | d the receiver according to the invention is
bf er abl y m\-ﬁ‘ﬁpiéi ﬁ%ﬂracterl zed by a hal fband hi gh-pass filter

cuit mhlch has the sane hal f-val ue frequency, order and group del ay

e With respect to . the |owpass filter circuit and whi ch
5 a hi gh'i: ‘g shomet tﬁerﬁ tqueney  sRectrumeofca stemer multiplexcsignal after!filterimg

an3|5;[ | onphané! 10kpass ﬁﬁé{@ﬁﬁpm &'HﬁtFlgIlretgﬁ%\Js%tFlﬁe%ﬁ' } ter CI rcuit,

noise which increases quadratically with a frequency and is large, partmularly in
the upper sideband of the stereo difference signal, is additionally suppressed. As
a result, the signal-to-noise ratio is improved as compared with the afore-
mentioned known receiver.

10
The alternately successive even and odd sampling values of the selected stereo
multiplex signal supplied by the filter QMF at the signal output SMO occur at a
sampling frequency of 76 kHz, as has been noted hereinbefore. These even and
odd sampling values are mutually shifted in phase in the interpolation circuit IC

15 in such a way that they become simultaneously available at outputs of the
interpolation circuit IC at a sampling frequency of 38 kHz. Such a signal
processing operation can be realised by means of a known bireciprocal halfband
filter.

20 As already stated hereinbefore, the left and right stereo audio signals are
subsequently dematrixed in the dematrixing circuit DEM by means of suitably
chosen linear signal combinations.

Fig. 2 shows a practical embodiment of a stereo decoder for use as a time-

25 division multiplex decoder of the stereo information in a receiver as shown in
Fig. 1. The time-discrete halfband low-pass filter circuit QMF (I-SMO) is
constituted by an 11-tap symmetrical FIR (finite impulse response) filter of the
fifth order which is known per se, for example, from the article "A trick for the
design of FIR halfband filters" by P.P. Vaidyanathan and T.Q. Nguyen,

30 published in IEEE Transactions on Circuits and Systems, Vol. CAS 34, No. 3,

} March 1987, pp. 297-300. The filter circuit QMF has a delay circuit 30 via

t which the input I is coupled to a delay compensation branch 31 to 34, and a
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hag t he del ay conpensation branch and the signal branch of the | ow pass
filger circuit in conmon and is provided with a differential stage for
fofmi ng the if%ﬁrence bet ween the output sanpling values of the del ay
cogpensat i r4nefi83n the one hand andt3Ihe sum of the out pui.8am9i%iing

I f th + h I ' it d the first fficient [ tipli
onlihe ot nenen daanc b, 8o il Yo 20iand 35 5140 Theideiayecirayts 20 opsratematat ut | ng. an

dout of 1 e . ! 1 . . b
Gosort bad | Hock rehei) WhAR PSRRI Io leYHrof Liriin. fronuBlEy [EAGBH O Ulle' 1 05 o
shdwn i n t hhe dtherielementsiof die filteruQMF opérxtesa ravelodlofrequiensy whiich i:slaujﬂnvent i on

and in which .correspondi ement s, have identjcal reference indications.
In the dravﬁor‘hjg{ {hﬁi‘g.?“el"gﬂﬁ Y VERQUERCY (7§ KHiz): Thisiprovides theon:

5 possibility of delaying one of the even and odd, for example, the even input
signal samplings and to process, in this example, the odd samplings in the signal
branch, or conversely. The delay compensation branch incorporates four cascade-
arranged delayed circuits 31 to 34 and the signal branch incorporates a cascade
circuit of first to ninth signal delay circuits 35 to 43. Each delay circuit 35 to 43

10 is incorporated between a successive pair from a series of adder circuits 10 to
19. For example, the first delay circuit 35 is incorporated between adder circuits
10 and 11, the second delay circuit is incorporated between the adder circuits 11
and 12, and so forth. Inputs of the adder circuits 10, 19; 11, 18; 12, 17; 13, 16;
14, 15 are connected to outputs of first to fifth coefficient multipliers 1 to 5,

15 respectively. Inputs of these first to fifth coefficient multipliers 1 to 5 are
connected in common to the input I of the stereo decoder SD. Due to this
structure the signal samplings located symmetrically with respect to time around
the fifth delay circuit 39 are added to the output signal values of the first to fifth
coefficient multipliers. An input of the adder circuit 10 is connected to a

20 reference zero value, while an output of the adder circuit 19 is connected both to
the adder circuit 20 and to an inverting input of an adder circuit 29 operating as
a differential stage. An output of the delay compensation branch is connected to
inputs of the adder circuits 20 and 29. Outputs of these adder circuits constitute
the afore-mentioned stereo multiplex signal output SMO and the radio data signal

25 output RDO, respectively. An amplitude transfer characteristic as is illustrated by

. means of curve C4’ in Fig. 3 is obtained by means of a suitable choice of the

% coefficients or weighting factors of the coefficient multipliers 1 to 5, which curve

approximates the desired amplitude transfer characteristic C4 closely enough for

a correct operation of the stereo decoder according to the invention.

30
To understand the invention, a further elaboration on the operation of the filter
QMF is not necessary and reference is made to the above-mentioned article.
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Fig.B2 shows a tinme-division nultiplex stereo decoder for use in a receiver
own in Fig. 1; Fig. 3 shows the frequency spectrumof a stereo

pl ex signal and the transfer characteristic of a tine-discrete

and Ioﬁ%aié'ﬁal:’t er circuit for usd4for a stereo decoder2.ss. 58w in
2; Fi gB'f ﬁ,&s,hows t he frequency spectrumof a stereo nultiplex signal at

ut put interpolation: cizewit G sabsequent sothe:flter QMR an aligmmentis Fig. 1
sho a recely: rdj hyentd on whi,ch Js sultable for receiving
radijo f requgér?égéd( ﬁ%ﬁ%@é%%&@&ﬂ#@@%‘fg %%%Md‘%ﬁul ation
sigrfal whi chighal duvpurSMOn 'Ehe interpolatin Gitduid KT is to rbillise de-10dul ation

sigrfal may conprise a nunber of conponents. A baseband np at1on signal

whode fr equiidependsat phase shift abaleast one of said.sven and oddisampling xaluexefipl e.
I o ST S g e 3 o Pk el g
pil 9t, a bevalgesare! smehankobilyravailable. Dothis ehd Be eaibé thadk O AFIR (finite
impuise response) or IIR (infinite impulse response) filter. Such filters are known
per se, for example from the article "The digital all-pass filter: a first versatile
signal processing building block” by P.A. Regalia er al., published in
10 Proceedings of the IEEE, vol. 76, no. 1, January 1988, pp. 19 to 32.

The interpolation circuit IC, shown in Fig. 2, at the signal output SMO of the
filter QMF has a delay branch 44 and a signal branch 6, 7, 24 to 26, 45. The
delay compensation branch is provided with a delay circuit 44 which operates at

15 a clock frequency of 76 kHz. The signal branch of the interpolation circuit IC
includes a coefficient multiplier 6 coupled to the signal output SMO and having
an output connected to an inverting input of a first adder stage 24 operating as a
differential stage, an output of which is connected to an inverting input of an
adder stage 25 also operating as a differential stage and, via a second coefficient

20 multiplier 7, to a non-inverting input of a third adder stage 26 operating as a

differential stage. An output of this third adder stage 26 is connected to a non-

£ inverting input of the adder stage 25 and, vig a delay circuit, to the non-inverting
input of the adder stage 24 as well as to an inverting input of the adder stage 26.
The circuits in the signal branch 6, 7, 24 to 26, 45 operate at a clock frequency

25 which has half the value of the clock frequency of the delay circuit 44, i.e. 38
kHz. The output of the delay circuit 44 and the output of the adder stage 25
constitute outputs of the interpolation circuit IC at which the even and odd signal
samplings occur simultaneously at a sampling frequency of 38 kHz. The
interpolation circuit IC converts sequentially occurring even and odd signal

30 samplings into pairwise simultaneously occurring even and odd signal samplings
by means of an amplitude-independent phase shift of the even input signal
samplings with respect to the odd ones, or conversely. The weighting factor of

i ‘L
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7 a | tude- nodul ated on a suppressed 38 kHz stereo subcarrier and | ocated
i n afrequency range between 23 and 53 kHz, and C3 being a radio data
sign (RDS) possibly combined with a traffic transmtter identification

(AR si gnal,.d kHz band around 57 kHz. The stereo multipl ex signal
in tHe baselggﬁ{c} I?D'gﬁﬁsation signal can bé&3consi dered as a 38 k¥8 ch¥91er

exarmfl e Lot FASREHRE Wy Bioite Bied 8 inios o irual el pisbsneg.in the
. ZSSFL? ed wijiterpoltion! difuitsIC; 'bae nfiflp akrve For Sptifilth iliZatil o e DS hal f
register length of the digital divider circuits of IC. Said phase shift can be
adjusted to a desired value by means of the weighting factor of the coefficient
5 multiplier 7. To understand the invention, a further elaboration on the operation
of the interpolation circuit IC is not necessary and reference is made to the last-
mentioned article.

The dematrixing circuit has first and second signal combination stages for

10 dematrixing the left and right stereo audio signal. The first and second signal
combination stages comprise adder stages 27, 28 and adder stages 23, 22
operating as differential stages which are coupled to outputs of the adder stages
27, 28. If the output of the delay circuit 44 of the interpolation circuit is referred
to as IC1 and the output of the adder stage 25 of the interpolation circuit IC is

15 referred to as IC2, then IC1 is connected to an inverting input of the adder stage
27 via a coefficient muitiplier 8 as well as to inputs of the adder stage 22 and an
adder stage 21. ICl is also coupled to a non-inverting input of the adder stage
28. IC2 is coupled to a non-inverting input of the adder stage 27 via a coefficient
multiplier 9. IC2 is also coupled to an inverting input of the adder stage 28, as

20 well as to inputs of the adder stages 23 and 21. Outputs of the adder stages 21 to
23 supply the baseband mono audio signal and the right stereo audio signal and

‘ left stereo audio signal, respectively. The coefficient multipliers 8 and 9 multiply

the sampling value applied to these coefficient multipliers by weighting factors of

1/2 and 2, respectively. These weighting factors are chosen to be such that they

25 compensate the weighting factors introduced by the other coefficient multipliers
of SD in the sampling values at IC1 and IC2 and simuitaneously enable an
effective dematrixing of the left and right stereo audio signals in DEM.

As is evident from the foregoing, the inventive idea can also be worked out with
30 different types of filter circuits than the ones shown and the class of time-discrete

haifband low-pass filter circuits may very well provide digital or non-digital

versions in which, for example, switched capacitors are used and which deviate

—_—— L
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([errg-2[err]). It is known per se fromthe first-nentioned article that
t he ereo left and stereo right audio signals are directly decoded from
t he ereo mul tiplex S|gnal_by means of a tine-division nultlplex decodi ng

at the recei dg The receiver shown conprises, consecutiyVv coupl ed
to a antenn%ﬁ[inggf a tuner T, a dermdm]eator circuit FD, a s&nﬁlé? ér A/D

converter | ecoder stereo
sel ector I\/B ﬂe}aﬁff?@w}[ﬁﬁb anh bﬁ%w %h @sﬁonﬁﬁgﬁﬁ? ASP
. whi ch suppl i claimsestate avich rdspéct toilltfe!iﬂﬁlteluﬁlk':@t.‘.xftiei.”al s to aleft stereo

| oudspeaker LS and a right stereo |oudspeaker RS, respectively. The stereo
decoder SD conprises a tine-discrete halfband filter circuit QW coupled to

ow phss 111 T e diichee Halgheid b\ OMIP OF o wfunfl 1R i Grod S

mul tipl®x siigrizg. amm@&mmaammmﬁ fe@hs Bfthe ddided er circuit
(QWF | - RDO betwe npyt | and a radio data S|gnal out put RDO. The

stereo decod'é!’cugtg f(.‘, restQMF hﬂt%ﬂ'ﬁbﬂfﬁﬁmcﬁ highipass chamstesistid to t he

signal outp The radi o data
si gnal out p%e% Flfgqé%&\,f&ﬁg%a radi ob:}“pgh gd MW&% rPQs’Unl t RDS for
pr o;:ﬁsm ng acmgumsdetlﬂustramhby meapeofi curive €4 in"FigD 3! This provides ¢hd Nf or mat i on
in the receive

possibility of using the filter QMF also for selecting the radio data signal RDS

10 and/or the ARI signal.

In the embodiment of the time-discrete halfband filter QMF shown a high-pass
characteristic is easily obtained by means of the adder circuit 29. As is known
from the article relating to this fiiter, the time-discrete halfband filter circuit
15 QMF operating as a high-pass filter between the input I and the radio data signal
output RDO has the same half-value frequency, order and group delay time as
the low-pass filter circuit, a high-pass edge in the amplitude characteristic located
in a transition band which corresponds to that of the low-pass filter circuit, and it
has the delay compensation branch and the signal branch of the low-pass filter
20 circuit in common. The high-pass filter circuit is provided with a differential
stage for forming the difference between the output sampling values of the delay
‘ compensation branch on the one hand and the sum of the output sampling values
of the (2n+ 1)th delay circuit and the first coefficient multiplier on the other
hand. An output of the differential stage then also constitutes an output of the
halfband high-pass filter circuit,
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radi ogglata signal, the radi o data signal proc’ﬂ“ L'll’“lmﬂﬂ y supply
tuni n@ control signals to the tuner T and/or c ' di splay of an
RDS sage. In the tuner T a desired radi o frequency EM % eception

signalf i n t heulN' Qgueygsy range between 88,3nd 108 MHz is conver ' an
FM i ntler nedi at e frequency 13 }%’,i%f 8

(I'F) signal, w‘t er internedi ate frequency selection and anplification
it is denodulated Into an anal og baseband signal in the denodul ator circuit
FD. The baseband nodul ati on signal descri bed above becones available in an

' anal og form at .t he output, of the de&o.dul ator, circuit -FdD. Thi s anal og
baseband roddt A FEGRiver having a signal path incorporating a tuner, a demodulator circuit

for supplying a stereo multiplex signal comprising a baseband stereo sum signal
(L+R), a 19 kHz stereo pilot and a stereo difference signal (L-R) which is
double sideband amplitude-modulated on a suppressed 38 kHz subcarrier, a

5 sampler for converting an analog signal into a time-discrete signal and a stereo
decoder for time-division multiplex decoding of a time-discrete stereo multiplex
signal into time-discrete left and right stereo signals, characterized in that the
stereo decoder comprises a time-discrete halfband low-pass filter circuit having a
finite impulse response and a substantially constant group delay time, with a low-

10 pass edge in the amplitude transfer characteristic located in a transition band
which has at least a part in common with the frequency range of said modulated
stereo difference signal and with a half-value transfer which is located at the
frequency of said 38 kHz stereo subcarrier with respect to which the low-pass
edge is substantially point-symmetrical, said receiver also including an

15 interpolation circuit which is coupled to an output of the filter circuit for
converting time-sequential even and odd sampling values of the output signal of
the filter circuit into time-sequential pairs of simuitaneously occurring sampling
values, and a dematrixing circuit coupled to the interpolation circuit for a linear

. combination of said pairs of sampling values and a compensation of the crosstalk
‘ 20 between the left and right stereo signals caused by the filter circuit.

2. A receiver as claimed in Claim 1, characterized in that the interpolation circuit
includes an all-pass filter for an amplitude-independent phase shift of at least one
of said even and odd sampling values of the output signal of the low-pass filter

25 circuit, which ohase shift compensates the phase difference between the even and
odd sampling values.

3. A receiver as claimed in Claim 1 or 2, characterized in that the dematrixing
circuit comprises first and second dematrixing stages, in which two dematrixing
30 stages a linear sum and difference combination of sampling values is realised.

This Sheet Has Been RTlaced

LT



‘|
signal’ is digitized in the A/D converter m”ummﬂuuﬂmt made of a
sampling frequency, hereinafter referred t npl i ng
frequency, which is a multiple of the 19 kHz p|| requency and is 152 kHz

in a practi ¢y ﬁ‘gantatlon Due to t di gi tal S|gnal procgs n the
time-division rrull ex stereo decoder 2% a separate signal p?ogéggl#ﬁg of

the differet Airdiap) s of the
gr eat est |rrportanceﬂ%%@?ﬁ?ﬁysﬁ%%%ﬁg%?’dewam ng e fects
. and spur i oudowipgss:filtercipenitcomprites asdelaytompensationbrancif andhe sigatbbrhetnnel to
reach the frequenc ran Qf t he ba nd stereo nultiplex sjgnal, and
conversely. M ?@ﬁzﬁ’ﬁ'ﬂ P‘B‘ioag%ité*%%mﬂggh@e@m di screte
hal f band fi |cbﬁibeﬂ¥50%rﬁﬁh%ﬁisﬁﬁg i‘%uﬁab&f 8Fn cdicafé-Giran &W&é dids! €7

[

Ci rcwt QW (1 -SMO) between the input and the stereo ex signal
out put ISMO. amdithe signal branch,comprising acnaamdemmef m'usttmr(2n+l)thelelayw pass

selectlonlnth tinme-discre b er, I-SI\/D) S
fol l owed by “Hf% taér Pﬁ'ﬁh?hg{skgo f‘h’?%&% “imq@é
demat ri xi ng g Bfth% £ tcP pggﬁl aﬁ%ﬁ trixing
circuit DEMS gPheseu#ift a%rl ght stereo au |g‘ signal s &“té]an I-Jéggg%orre
avai | abl e atsignal samplingsswhich dreolocated Sime-symmetiically around ghe (n-e Ljth delay) whi ch
dematrixing ?r'c\rn u'satid filter circuit having an adder stage for mutually adding the output

10 sampling values of the delay compensation branch, the (2n+ 1)th delay circuit

and the first coefficient multiplier.

5. A receiver as claimed in any one of Claims 2 to 4, characterized in that an
input of the interpolation circuit is coupled to a first output of the interpolation
15 circuit vig a delay circuit, the all-pass filter device comprises first to third adder
stages each having an inverting and a non-inverting input and an output, the input
of the interpolation circuit is connected to the inverting input of the first adder
stage via a first coefficient multiplier, the output of said first adder stage is
connected to the inverting input of the second adder stage as well as to the non-
20 inverting input of the third adder stage via a second coefficient multiplier, the
output of the third adder stage is coupled to the non-inverting input of the second
‘. adder stage as well as to the input of a further delay circuit, the output of said
further delay circuit is connected to the non-inverting input of the first adder
stage as well as to the inverting input of the third adder stage and the output of
25 the second adder stage constitutes a second output of the interpolation circuit.

6. A receiver as claimed in any one of Claims 3 to 5, characterized in that the
dematrixing circuit comprises first and second signal combination stages, in
which first signal combination stage a sum as well as a difference formatipn of
30 the output signal samplings of the interpolation circuit is effected, which results
in a sum signal and a difference signal, respectively, and in which second signal
combination stage a sum and difference formation of said sum and difference
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DEM sl so has a third output at which the steré&éﬁWl“ﬁR S
avai liabl e. A nono/stereo selection is effe JE guent ..
nmono-stereo selector MSS. In the pilot fiflt'ds ﬂ rference

conponent s ssed, while in thggaudi o sighal "processin it ASP
there is a |gi1§$la‘f§)é£1al 0g conversi on a;i a possi bl e audio si g’;hgrwbi

anplificati feffdpgg control, followed by a sound reproduction via LS and
RS. The cl g%‘?requencfes required for the digital signal processing, which

frequenci es conprise those for the above-nentioned first sanpling
connect et (b A HEESEles 38 SRR AB AL S 4F % ShbBciacisgs by i AliBRRc BigBoLpl ed
il 1l 1 or Poaaaen et whieh s the samp hal vaue Sy, e pdgrope 0y
5 time with respect to the low-pass filter circuit, and which has a high-pass edge in
the amplitude characteristic located in a transition band which corresponds to that
of the low-pass filter circuit, while it has the delay compensation and the signal
branch of the low-pass filter circuit in common and is provided with a
differential stage for forming the difference between the output samplihg vaiues
10 of the delay compensation branch on the one hand and the sum of the output
sampling values of the (2n+1)th delay circuit and the first coefficient multiplier
on the other hand, an output of the differential stage also constituting an output

of the halfband high-pass filter circuit.

e e—————— "
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control |l able oscillator VCO and a frequency-dividing circuit DIV which is
coupled to the first nultiplier stage ML via a quadrature output. The
frequency- dividing circuit DV supplies a |local 19 kHz stereo pilot at
this quadr PHN e30888it, which pilot iszign phase quadrature 3Ws!{géfspect
to the 19 kHz stereo pilot in the stereo nultiplex signal supplied fromthe
stereo nul ABSERACTenal output SMO. The frequency of the controllable
oscillator YCO js chosen to be such that all clock and sanpling frequencies
requi r ed f8$“¥ﬁé“@ﬂ§ﬁ#ﬁﬁ’§ﬁ§ﬁ&F processing in the receiver can be derived
therefrom by neans of further frequency-dividing circuits which are not
shown. The stereo nultiplex signal output SMOis also coupled to a second
mul tiplier stage M2 to which a local 19 kHz in-phase stereo pilot is
applied froman,in- phase output of the frequency-dividing circuit D V. The

second mul ¢} mﬁrﬁw Mg’éﬁéeﬂaﬁl WeopOrating, a4, BRED rRodemodulator ciseuitirect or f or
o o o AR Ehh MOCHIR SAT S Rl LB Uil 1< oo
MBS Wa a s€L&R), laol9 kHz Stered pilot dnid2a Stereoadifferencersighal @PRY which'igo
change- Vet ible sideband amplitude-modulated on 3 Suppressed 38 LH subcarrier, a
5 sampler for converting an analog signal into a time-discrete signal and a stereo
decoder for time-division multiplex decoding of a time-discrete stereo multiplex
signal into time-discrete left and right stereo signals. In order to realise an
effective selection of the stereo muitiplex signal by means of an easily integrable
low-pass filter, the stereo decoder comprises a time-discrete halfband low-pass
10 filter circuit having a finite impulse response, with a transition band which is
substantially located in the frequency range of said modulated stereo difference
signal and with a half-value transfer which is located at the frequency of said 38
kHz stereo subcarrier, which filter circuit has a substantially linear amplitude
transfer characteristic as well as a linear phase transfer characteristic in the
15 transition band, said receiver also including an interpolation circuit which is
coupled to an output of the filter circuit for converting time-sequential even and
odd sampling values of the output signal of the filter circuit into time-sequential
(‘ pairs of simultaneously occurring sampling values, and a dematrixing circuit
coupled to the interpolation circuit for a linear combination of said pairs of
20 sampling values and a compensation of the crosstalk betweea the left and right
stereo signals caused by the filter circuit.
Fig. 1.
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As alyeady noted hereinbefore, an effective suppression of signal
conponents above the frequency range of the stereo nultiplex signal is of
essential inportance for a satisfactory stereo signal processing.
Particularly for nodul ati on signals th as shown in Fig. 3, conprise RDS
and ARl signal conponents, aliasing eff s and ot her perturbations may
occur in the stereo audio signal owng to insufficient suppression of these
conponents For an effective s¢g *@ﬂ of the stereo nultiplex signal the
time-discrete pagds f r QW (I- SMO) has an anplitude
transfer charafpteristic whichT rjﬁﬁbln F| 3 in an idealized form by
means of curvej C4. In contrast EFT |Iter rcuits hitherto knpgn, which
edge in,the Tran " Jcharacteristic, lo
transition [banyl bet ween®fthe, hi S@f ue i n M$& sPEreddSpul t
si gnal and {t e ToJest] ffreq n :
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03 MAR 1997 10 | ow pass edge in
the anplitude transfer characteristic of the tine-discrete halfband

| ow-pass filter QW (1-SMO) is locateq [Q the frequency range of the stereo
difference signal (L-R) (curve C2) beM%n 23 kHz and 53 kHz. Consequently,
the sl ope of the | owpas edge of the |lowpass filter circuit (QVF |-SMO
may be considerably |ess steep than that of the known filter @Mfcuits so as

to achi eve ah efterrtve SUppT eSSTon u.' e o; g..a'r e din the
frequency -\-v— -eeh—g e Sy As a
Iresult the | oWy qsz‘mt : | _porparfativel y
.ow order (for pA¥ROLE, : npgrati vel y
| ow cl ock frequan , V'S0 t at the Ivv-pass [ [ [ ) may
have a sinple cf {8431 confrpgdlati o Abf ur o i . eo
crosstal k occurp lget wend s ; ijng at a

by the

76 kHz sanpl i ngj figed2ency
M possi bl e
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operation is requir oellmnatet Is crosstalk. This will be further

: elucidated hereinaffef | inear dematrixing of the stereo .
mul tipl ex signal se e‘t eés y the I F{ pass fill terg;.gi»g ;\gphm(mﬁ;{“‘swy(, t he
phase transfer of thebew-pass™TTTiericircuity GME s $au), dibg.oed
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and that the anplitude transfer characteristic is substantially symetrical
with respect to the point at which said hal f-value transfer occurs.

| ow pass_f iThednvesntiog relatesQr feceivg) having afscgml path intarpprating raf tuner, ahat t he
ui u l.i.tude val ue a Hz i r] ut si gnal
%%Vﬁ%r %uxtlt;@r " B R teep q“él ,t??‘fsf'ﬂﬁatﬁ?m?ﬂ R8%e an i nput or

filter cir
conmponent
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signal (L-R) which is double sideband amplitude-modulated on a suppressed 38
kHz subcarrier, a sampler for converting an analog signal into a time-discrete
signal and a stereo decoder for time-division multiplex decoding of a time-
discrete stereo multiplex signal into time-discrete left and right stereo signals.

A receiver of this type is known per se, for example, from the article "Digital
Signal Processing type Stereo FM Receiver” by M. Hagiwara ef al., published in
IEEE Transactions on Consumer Electronics, Vol CE-32, No. 1, February 1986,
pp. 37-43.

In the known receiver a desired RF-FM reception signal is converted into an
FM-IF signal by means of the tuner. This FM-IF signal is demodulated in the
demodulator circuit. When being tuned to an FM stereo transmitter, the desired
baseband modulation signal thus obtained comprises a stereo multiplex signal.
Such a baseband stereo muitiplex signal comprises a stereo sum signal (L+R)
between 0 and 15 kHz, a stereo pilot at 19 kHz and a stereo difference signal (L-
R) which is double sideband amplitude-modulated on a suppressed 38 kHz
subcarrier. In the known receiver this baseband modulation signal and hence the
stereo multiplex signal are applied in a digitized form (i.e. time and amplitude-
discrete) to the stereo decoder which decodes the digital stereo muitiplex signal
into left and right stereo signals L and R. The sampler which may be arranged,
for example, upstream or downstream of the demodulator circuit or which may
be incorporated in the demodulator circuit is used for the digitization.

However, outside the frequency range of the stereo multiplex signal the baseband

0
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frequency of 76 kHz and that the lowpass filter circuit in the transition
. band has a frequency-dependent anplitude variation, in which the sumof the

frequency conponents is substantially constant at frequency val ues | ocated

substantially symretrically around the g8 kHz subcarrier and is equal to

t he frequency conponents I n the passband |l ocated in the transition band.

Due to the hshisdiighdl hiiPals CoRpise bidjlishal Worhbdal Sdendisc ifer ent st ona

addi ti on of upper si d the stereo erence si gnal

(I-r) is ohdxample], mdmudm sxgnd&lﬂEDSmamMokymfﬁﬂ fransnsittenidentificationf( ARIp
or o9t al k GHEREVLeBASS TULAALER o T pie RIS e TocPmgone 2BReagt fal cven
and odd si gptecERaR tdffer fﬁ@%gnal stereo multiplex signal before decodmg this
signal, inter alia to prevent aliasing of these additional signals. Due to the
comparatively small frequency space between the highest frequency in the stereo
multiplex signal and the frequency range around said 57 kHz RDS carrier
required for said additional information, stringent selectivity requirements are
imposed on the filters for selecting the stereo multiplex signal. Such filters are
complex and difficult to integrate, which makes them comparatively expensive.

It is an object of the invention to provide a receiver of the type described in the
opening paragraph using a time-discrete signal processing in at least the stereo
decoder in which a time-discrete baseband stereo multiplex signal is effectively
selected and decoded with circuits which can be very easily integrated.

According to the invention, a receiver having a signal path incorporating a tuner,
. a demodulator circuit for supplying a stereo multiplex signal comprising a
baseband stereo sum signal (L+R), a 19 kHz stereo pilot and a stereo difference
signal (L-R) which is double sideband amplitude-modulated on a suppressed 38
kHz subcarrier, a sampler for converting an analog signal into a time-discrete
signal and a stereo decoder for time-division multiplex decoding of a time-
discrete stereo multiplex signal into time-discrete left and right stereo signals, is
therefore characterized in that the stereo decoder comprises a time-discrete
halfband low-pass filter circuit having a finite impulse response and a
substantially constant group delay time, with a low-pass edge in the amplitude
transfer characteristic cated in a transition band which has at least a part in
common with the frequency range of said modulated stereo difference signal and
with a half-value transfer which is located at the frequency of said 38 kHz stereo
subcarrier with respect to which the low-pass edge is substantially point-
symmetrical, said receiver also including an interpolation circuit which is coupled
to an output of the filter circuit for converting time- sequential even and odd
REPLACEMENT SHEET
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foll owi ng stereo signal conbinations are obtained at the output SMO at a 76

. kHz sanpling frequency at the even and odd sanpling instants: | nst ant :
Stereo signal conbination: 0 (L +R) + (I-r) =3/2L + 1/2R 1 (L
+R)-(1-r)=1/2L+3/ 2R 2 (L+R) +( 1-r }=3/ 2L+ 1/ 2R The crosstal k

between the left and right stereo signals which is introduced into a stereo

mul ti pl ex %h%ggh %ﬁxé%f%g&bﬁpﬁmi&%?ﬁlépﬁréﬂwmgﬁﬁéﬁ@gﬁy h&&a' ow

pass filter (T-SMD) can be"subSequently conpensate si npl e
linear si groflsipuliansousiy@coyreingt sampling values,) and pdematrikireg citcuivcdupiud!
preferably aftet the, hi ghest, frequency of .the stereo sum signal (L+R) and
before t he 4 &W@&Bg r?(‘.?u’&ff{"f ﬁi"ﬁ%%@l%ﬂ%%%ma&mplmg

values and a compensation of the crosstalk between the left and right stereo
signals caused by the filter circuit.

A selective digital stereo decoder for use in such a receiver including a filter
circuit for selecting the stereo multiplex signal as well as for reducing or
decimating the sampling frequency of the stereo multiplex signal is known per
se, for example, from European Patent Application no. 308,520.

The low-pass edge of the filter circuit of this known stereo decoder is, however,
comparatively steep so that this filter circuit is very complex and requires an
output sampling frequency of 6 x 38 kHz.

The invention is based on the recognition that a selection of the stereo multiplex
signal without any noticeable loss of signal information on the one hand and a
sufficient suppression of signals in the frequency range above that of the stereo
multiplex signal on the ather hand is possible with a comparatively weak
selective low-pass filter by giving such a filter circuit a substantially linear phase
transfer and by admitting a suppression of the stereo signal in the stereo
multiplex signal, which increases with the frequency in such a way that:

- ahalf-value transfer at the 38 kHz subcarrier is obtained, i.e. the filter
circuit halves the amplitude value of a 38 kHz input signal applied to the
filter circuit, i.e. reduces it by 6 dB, and that

- a low-pass edge in the amplitude transfer characteristic of the filter circuit

_is obtained which with respect to the point on this edge where said haif-

ue transfer occurs is mainly symmetrical. A property thereof is that the

w-pass filter circuit has a frequency-dependent amplitude variation in

e transition band, at which the sum of the frequency components located

at frequency values substantially symmetrically around the 38 kHz

"REPLACEMENT SHEET
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(L-R) and should mainly exhibit a linear decay. Tine-discrete halfband

. lowpass filters such as the filter QW between the input

and t he out put

SMO are known per se and can be dinmensioned in such a way that they have
phase and anplitude characteristics which are substantially |inear and
approxi mate the idealized curve C4 in Fi$§. 3 to a sufficient extent "for a

correct selection of the stereo nultiplex

12 signal . Such f3ubgasricg iy substagtigily coustant and equaldofthe fregeensy somponents oned
sel ection of the gt ' S e o 4 shows the frequency
spectrum of a stel?letgéﬁ%%?%%i%ﬁ%%?%ﬁbﬁ%eri ng by the | ow pass

filter QW (I1-SMD). This Figure shows that the FMtriangul ar

When using the measure according to the invention, not only the above-
mentioned envisaged selection of the stereo muitiplex signal to be decoded and
the suppression of signals above the frequency range of the stereo multipiex
signal is obtained with said time-discrete low-pass filter, but an improvement of
the signal-to-noise ratio is also achieved with respect to the known stereo
decoder. Moreover, it is sufficient to use a much lower output sampling

frequency without any loss of signal information than in said known case.

The frequency-dependent suppression of the stereo difference signal caused by
the low-pass filter circuit gives rise to a crosstalk defined by this suppression
which can be simply eliminated by means of a suitably chosen linear signal
combination so that a dematrixing of the left and right stereo audio signal is

obtained.

A preferred embodiment of a receiver according to the invention is therefore
characterized in that the dematrixing circuit comprises first and second
dematrixing stages, in which both dematrixing stages a linear sum and difference

combination of sampling values is realised.

A further preferred embodiment, in which a correct dematrixing is possible with
a comparatively simple circuit configuration, is characterized in that the

B
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| signals is effected.

dematrixing circuit comprises first and second signal combination stages, in
which first signal combination stage a sum as well as a difference formation of
the output signal samplings of the interpolation circuit is effected, which results
in a sum signal and a difference signal, respectively, and in which second signal
combination stage a sum and difference formation of said sum and difference

A further preferred embodiment, in which a time alignment of even and odd



noi se whi ch increases quadratically with a frequency and is | arge,

- particularly in the upper sideband of the stereo difference signal, is
additionally suppressed. As a result, the signal-to-noise ratio is inproved
as conpared with the afore- nmentioned known receiver. The alternately

successi ve even and odd sanpling val ues Bf the selected stereo mul ti pl ex
signal supplied.b

the filter ,at t signal, out put, SMO occur at a
sanpl i ng fr &8 V?}P"?'G% {heou sﬁﬁi‘&lﬂggﬁ CACHI Tequirrel for @ comreste even
and odd sa Qg,xyﬁé el Wk [ | i nt er pol at on
circuit ICrriH%\msuch a%@%?‘%ﬁg%%co ’?gﬁh%swméggﬁel abl e at .
outputs of irterpolation widcaitiincludésranuall-pass fliiterdfor anaimplitudesindepeident phasds kHz.
Such a signﬁh rﬁx:ssinﬂ operation cgn ae reglised by neans of a known
bi r eci pr ocaP ﬁ‘g‘P YA O FPEF?‘ evea agd od c??‘"?ﬁﬁ!é@l“ﬁ%%mé}gmhefl ef t
and right s A& ' reRi ' | e
demat ri xi nghg%i t I‘D‘gﬁ/l%lgémnégar% %@gﬁﬁw geogggﬁfﬁ%g‘?as%é&gﬁn the

conbi nat i oneven and odd sampling values,

A further preferred embodiment is characterized in that the filter circuit
comprises a delay compensation branch and a signal branch for separately
processing even and odd input signal samplings, the delay compensation branch
comprising a number of n cascade-arranged delay circuits and the signal branch
comprising a cascade circuit of first to (2n+ 1)th delay circuits, as well as
parallel first to (n+1)th coefficient multipliers, the output signal values of the
first to (n+1)th coefficient multipliers being added to the signal samplings which
are located time-symmetrically around the (n+1)th delay circuit, said filter
circuit having an adder stage for mutually adding the output sampling values of
the delay compensation bfanch, the (2n+1)th delay circuit and the first
coefficient multiplier,

When this measure is used, the filter circuit and a further decimation of the
sampling frequency can be realised in a simple manner.

Moreover, the signal processing in such a filter circuit also provides the
possibility of using substantially ail elements of said low-pass filter circuit in a
simple manner for realising a high-pass selection. Said additional signals above
the frequency range of the stereo multiplex signal can then be selected in an
. | effective manner, while the stereo multiplex signal can be suppressed to a
sufficient extent. To this end the receiver according to the invention is preferably
* characterized by a halfband high-pass filter circuit which has the same half-value
frequency, order and group delay time with respect to the low-pass filter circuit
and which has a high-pass edge in the amplitude characteristic located in a
transition band which corresponds to that of the low-pass filter circuit, while it

03 MAR 1997
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Fig. 2 shows a practical enbodinent of a stereo decoder for use as a tine-
.division multiplex decoder of the stereo information in a receiver as shown
in Fig. 1. The time-discrete halfband | ow pass filter circuit QW (I-SMO)
is constituted by an 11-tap symmetrical FIR (finite inpul se response)
filter of the fifth order which is knowbper se, for exanple, fromthe

article" Atrigk r the design of FIR halfband filters" by P.P.
Vai dyanat hah"’dﬁﬁ ‘;F?Q CompRAsAtion, bk aad the:sigratibranchnafatbe ilowspasfilter cui t s

and Syst ens,; ; &ﬁﬁm% andq : 9 97-300. The filter
circuit QVFCK‘\é{gkénde ayﬂm rcﬂrp?wé%@v@h%&iﬁtgﬁélf ?“If"F‘E“ Bled to a-
del ay conpedifference betwesrhthgloutput34m vilues of the dela i

REPLACEVENT SHEET utgut I4mpling! y compensation hranch

on the one hand and the sum of the output sampling values of the (2n+1)th delay
circuit and the first coefficient multiplier on the other hand, an output of the
differential stage also constituting an output of the halfband high-pass filter

circuit,

The invention will be described in greater detail by way of example with
reference to the Figures shown in the drawings, which Figures only serve to
illustrate the invention and in which corresponding elements have identical

reference indications. REPLACEMENT SHEET
In the drawings: 03 MAR 1997
Fig. 1 shows a receiver according to the invention;

Fig. 2 shows a time-division muitiplex stereo decoder for use in a receiver as
shown in Fig. 1;

Fig. 3 shows the frequency spectrum of a stereo muitiplex signal and the transfer
characteristic of a time-discrete halfband low-pass filter circuit for use for a
stereo decoder as shown in Fig. 2;

Fig. 4 shows the frequency spectrum of a stereo multiplex signal at the output of
a time-discrete halfband low-pass filter circuit.

Fig. 1 shows a receiver according to the invention which is suitable for receiving
radio frequency (RF) FM reception signals comprising a baseband modulation
signal which is FM-modulated on an RF carrier,

This baseband modulation signal may comprise a number of components. A
baseband modulation signal whose frequency spectrum is shown in Fig. 3 will be
taken as an example. This Figure shows by means of curve C1 a stereo sum
signal (L. +R) located in a frequency range between 0 and 15 kHz, with f,, being
a 19 kHz stereo pilot, C2 being a stereo difference signal (L-R) double sideband
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signal branch 1 to 5 10 to 20 and 35 to 40. The del ay ci fcuyt CEMENT SHEET
.at a clock frequency which is equal to the first sanpling{f e?ﬁag% %19\‘;';2
kHz), while the other elenments of the filter QVF operate §tja
frequency which is equal to half the value of the first sanmpling freguenc
(76 kHz). This provides the possibility &f delaying one of the even and

odd, for exanpl.e.  the even input signal_ sanplings and to pfreeessS-—-hA-tihi.s
exanpl e, thé'%hf%é‘ﬁﬂ‘ﬁﬂﬁ&“ﬂﬁ%%‘?%’n% iﬁ’aﬁ*ﬁ!ﬁ" sehcagrigr andslorated ihe del ay
conpensati o ' Relo1 -] r S I | ayed, aiLguits 31
torrg4 and th@rgag?gﬁr;hgér;g%ch |tr7f§c§ipgc??a es %ﬂgggggfgga%ﬁg%%emﬁgnﬂ &J‘?glo .
ni nth si gnalpossibiyyconibimedi with a%raffic 4Afnsmitrey ideitification (ARD) sinal th 43.8 S

i ncor por at eg‘éﬁﬁﬂ" en Wﬁ&g&& ve pair froma series of adder circuits 10
to 19. For arg ~delay circuit 35 is incorporated between
adder circuits 10 and 11, the second delay circuit incorporated between

the adder circuits 11 and 12, and so forth. Inputs of the adder circuits
10, 19; 11, The;stereq musitiples sighat inlthe baseband: mwaialatioh aignabca b borsideted i st to

o1 L il b R o e
sanpl i ngs. | PSR RaROL Bk e Sren bal L RIey QIR DT (1 el ay
circuit 39 avodulatiel-withdahe bthepsiered signalp for exainple; Rduting the 6dd hilf cfdlés h

(x-27). It is known per se from the first-mentioned article that the stereo left and

stereo right audio signals are directly decoded from the stereo multiplex signal by

means of a time-division multiplex decoding at the receiver end.

The receiver shown comprises, consecutively coupled to an antenna input, a
tuner T, a demodulator circuit FD, a sampler or A/D converter A/D, a time-
division muitiplex stereo decoder SD, a mono-stereo selector MSS, a pilot filter
PF, and an audio signal processing unit ASP which supplies left a.nd right stereo
audio signals to a left stereo loudspeaker LS and a right stereo loudspeaker RS,
respectively. The stereo decoder SD comprises a time-discrete halfband filter
circuit QMF coupled to an input I of SD, which circuit functions as a time-
discrete halfband low-pass filter circuit (QMF I-SMO) between the input I and a
stereo multiplex signal output SMO and as a time-discrete high-pass filter circuit
(QMF I-RDO) between the input I and a radio data signal output RDO. The
stereo decoder SD also comprises an interpolation circuit IC coupled to the signal
output SMO, followed by a dematrixing circuit DEM, The radio data signal
output RDO is coupled to a radio data signal processing unit RDS for processing
a radio data signal. Dependent on the nature and the information in the received
radio data signal, the radio data signal processing unit RDS may supply tuning
control signals to the tuner T and/or realise a visual display of an RDS message.

In the tuner T a desired radio frequency FM reception signal in the frequency
range between 88 and 108 MHz is converted into an FM intermediate frequency
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coefficient nultipliers. An input of the adder cirguf ' ictled to a
.reference zero value, while an output of the adder{cjr nect ed
both to the adder circuit 20 and to an inverting ipput ircuit
29 operating as a differential stage. An_output ofjt ngat i on
branch is connected to inputs of the add®r circuitp 20 and 29. Qut pyt s of

t hese adder gireuits_constitute the afore-nentioned—stereo Tttt prex signal
out put SMO ¥ ’r?ﬂfﬁéﬁa g@%‘ﬁ%ﬁ gﬁlﬂeﬂﬁf jon, andamplification itAs anpl i t ude
transfer ch bef § ' ih*élﬁé g{gﬂﬂy ﬂ‘a@.ﬁfﬁd . G4 4. Fig. 3
I S obt ai ned@!g;ﬁ/fogggagig]fo gﬁgﬁ?ltégt?l ec %I e o‘ptp e coe@%fog:é@éﬁléii)r' t\!/g’l ghting
Ijacftorz of }bh&bgnémﬁd;ﬂanm mghnalldptunbeé abot@b&on:dslawlhdﬁlwitﬁaxﬁﬁ?meg(fdm{ es the
esired anp transfer, characterist.i , cl osely enough for a correct
oper ati on of&ﬁeg%?‘éﬁgé&amp%c%}t tﬁ’tsmm.mwmmnderstand
the inventi afgnabis digitres inelu?émmtcgﬁw ng%i&t&sﬂrls%{adg%?af&lg{pghng s

not necessary and reference is made to the ove-nmenti oned artil

equency, hereinafter referred to as the first sampling frequency, which is a
multiple of the 19 kHz pilot frequency and is 152 kHz in a practical
implementation. Due to the digital signal processing in the time-division
multiplex stereo decoder SD a separate signal processing of the different signal
components in the baseband modulation signal is of the greatest importance. In
fact, it should be avoided that aliasing effects and spurious signal response cause
signal components of the data channel to reach the frequency range of the
baseband stereo multiplex signal, and conversely. Such a signal separation is
obtained with the time-discrete halfband filter QMF which operates as a time-
discrete low-pass filter circuit QMF (I-SMO) between the input I and the stereo
multiplex signal output SMO. This will be further elucidated hereinafter.

" The low-pass selection in the time-discrete halfband low-pass filter (QMF (I-
SMO) is followed by an interpolation in the interpolation circuit IC and a
dematrixing in the left and right stereo audio signals in the dematrixing circuit
DEM. These left and right stereo audio signals L and R become available at first
and second outputs of the dematrixing circuit DEM, which dematrixing circuit
DEM also has a third output at which the stereo sum signal L+R is available. A
mono/stereo selection is effected in the subsequent mono-stereo selector MSS. In
the pilot filter PF 19 kHz interference components are suppressed, while in the
audio signal processing unit ASP there is a digital/analog conversion and a
possible audio signal amplification and tone control, followed by a sound
reproduction vig LS and RS.

The clock frequencies required for the digital signal processing, which
frequencies comprise those for the above-mentioned first sampling frequency, are -
coupled to the 19 kHz stereo pilot via a phase-coupled loop connected to the
stereo multiplex signal output SMO. This phase-coupled loop comprises a



| REFLALEMENT SHEET

14 In the interpolation circuit |IC subsequent to the filter{ Qv an
-alignnment is realised of the even and odd signal sanplings Bupplg3MARY woire
filter QW at the signal output SMO The interpolation circphif ICis to

reali se an anplitude- independent phase $hift of at |east ophe of—sardeven
and odd sanpling values of the output signal of the filter gircuit QW so

|

that these emaltiplied stagel Mhopeérating us ayshasadetectbryLd lowipassSiler e 12201 €. 10

this end use can, be madg, of IR (finite inpulse response) or IIR
(infinite i nffA 3?155??6&19&9\' ‘??Et%\d.aémwwg\gﬂmaﬁi@m%w e, for

le f el e The: gt gi ; ' - a i tile .
ci gnal pr ocecaiHfedPio i fist dilfEcitiagt M1 g Gopdritid buplh. “ieSeand 1, ©
Proceedi ngs dividimg cir&iEEDIVoduppli€s a boeal 19 kHznuerey plioB thiqualitatire 32.  The
i nterpol ation circuyi.t Ig shown in FI% 2, at the signal output SMO of the
flter OVF hoWPuL Sehich PHOLIS IR Phase,quadzaruie,with respasito the 19 kzistereopgiot 45,

The del ay coppmesairs tubfifes Sighdl Kipplibd! fontileseéred Shittiptek ‘st oddutMi Ch

oper ates at
SMO. The frequency of the controllable oscillator VCO is chosen to be such that

all clock and sampling frequencies required for the digital signal processing in

the receiver can be derived therefrom by means of further frequency-dividing
circuits which are not shown.

The stereo muitiplex signal output SMO is also coupled to a second multiplier
stage M2 to which a local 19 kHz in-phase stereo pilot is applied from an in-
phase output of the frequency-dividing circuit DIV, The second multiplier stage
M2 operates as a synchronous amplitude detector for the 19 kHz stereo pilot in
the received stereo multiplex signal. The second multiplier stage M2 applies a
control signal to the mono-stereo selector MSS vig a second low-pass filter LP2
for an automatic mono-stereo change-over controlied by the received 19 kHz
stereo pilot.

As already noted hereinbefore, an effective suppression of signal components
above the frequency range of the stereo multiplex signal is of essential
importance for a satisfactory stereo signal processing. Particularly for modulation
signals which, as shown in Fig, 3, comprise RDS and ARI signal components,

- aliasing effects and other perturbations may occur in the stereo audio signal
owing to insufficient suppression of these components. For an effective selection
of the stereo multiplex signal the time-discrete halfband low-pass filter QMF (-
SMO) has an amplitude transfer characteristic which is shown in Fig. 3 in an
idealized form by means of curve C4. In contrast to the filter circuits hitherto -
known, which have a low-pass edge in the amplitude transfer characteristic,
located in a transition band between the highest frequency in the stereo multiplex
signal and the lowest frequency of the RDS/ARI signal, the transition band of the



a clock frequency of 76 kHz. The signal branch 6f the intgr
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stage 24 as
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.ICincludes a coefficient multiplier 6 coupled to the sigral 8@3%% and
havi ng an out put connected to an inverting input of a firdt ja r 24
operating as a differential stage, an o ut of which is do ed. f.o.an

i nverting input of an adder stage 25 al SO operating as a dqifferential stage
and, via a | ] st ol ker - | pVertrma-tnptt—et—a
third adderqg‘? ge %{‘)‘e@gtl é‘@é’ a 3???&@8@5@‘??%%8"‘5\#% ut of this
third adder hatfbanad @ov-passdilterGMFAISMO) holocated i thé freqienBy rarple ¢ftfe adder

d i 3.2 delay circuit, to the non-ipnverting i hput of the adder
stezeq diftereqce R (Gurve beswerm &3 kKbzandShkHz26, Tho

circuits in(g

1 cquency whiomRe ey, ' o e fowlbled Sgeior e 10RTRE M8 ciflt QO

circuit 44, liSMO) 3maykbe corbiderably fess stdeptithan that of th knywni fillér éifchits 38 agut put
of the adder stagge%g * nstitute qutputs of the interpolation circuit

whi ch the

eJ@AChY

occurring evew-passifiltericistuit ¢QMFaSMO)omay be of acontgaratively low ordelr {for h
sanpl i ngs wi

anpl i tude-i
respect to

eRaBlgy of e ARE ordsh ke Gorte ak COPRBSIS 19w slosk oRauenc,
so that the low-pass filter circuit (QMF I-SMQO) may have a simple circuit
configuration, A further result is that stereo crosstalk occurs between the even
and odd sampling values, occurring at a 76 kHz sampling frequency, of the
stereo multiplex signal selected by the low-pass filter circuit QMF (I-SMO).
Consequently, it is no longer possible to decode the left and right stereo audio
signals directly from the selected stereo multiplex signal by means of the afore-
mentioned known time-division muitiplex decoding method, but a dematrixing
operation is required to eliminate this crosstalk. This will be further elucidated
hereinafter.

To enable a linear dematrixing of the stereo multiplex signal selected by the low-
pass filter circuit (QMF I-SMO), the phase transfer of the low-pass filter circuit
(QMF 1-SMO) should be substantially hnw in its range of operation, or in other
words, the group delay time of the low-pass filter circuit (QMF I-SMO) should
be substantially constant. Moreover, the amplitude transfer in the passband
should be substantially flat and in the frequency range of the low-pass edge, i.e.
in the transition band, it should decrease with the frequency in such a way that a
half-value transfer is obtained at the 38 kHz subcarrier and that the amplitude
transfer characteristic is substantially symmetrical with respect to the point at
which said half-value transfer occurs. The low-pass filter circuit (QMF I-SMO)
therefore has the properties that the filter circuit reduces the amplitude value of a
38 kHz input signal component by half, i.e. by 6 dB, that it is sufficient to have .
an input or first sampling frequency of 152 kHz and an output sampling ‘

| C at

f : i fg?'gﬁa'{“pgﬁﬁﬁ?? %éh%&lm cOMponents deatadyin the 5 _salrrFI i ng
ocour 1y ousalencFragge 3ot GR06! B Aired ekt mbld SEL Mg A3 ESIL e




15 the coefficient multiplier 6 has no function in the actual signal
.processing in the interpolation circuit IC, but mainly serves for optinum
utilization of the available register length of the digital divider
circuits of IC. Said phase shift can bel adjusted to a desired val ue by
means of the weighting factor of the coéfficient multiplier 7. To

8 t i . ent T ! .
"t er pol at  SousbySlt 760z dnll ihde 168 |GUBEY e Urcil] i Ui BREGN, B fls, "
| ast-  nent adiepiency-dependent amipiitudievariation] irgwhichatié suiast the Fequéaey second

signal conmbination stages for. dematrixing the left and right 'stefeo audio

signal . TheSPTpegentsis ubstantially eqnstant atfrequency yaluss logated substantiallyadder
stages 27, gnAReQHY Hrodid #8B8°Hz Shbcarrier and is equal to the frequency

components in the passband located in the transition band.

Due to the selection in the low-pass filter QMF (I-SMO) a coherent signal
addition of the lower and upper sidebands of the stereo difference signal (I-r) is
obtained, which is substantially half the amplitude of the original stereo
difference signal (L-R). This resuits in a fixedly defined crosstaik of the stereo
information which is carried by the original even and odd signal samplings. The
following stereo signal combinations are obtained at the output SMO at a 76 kHz
sampling frequency at the even and odd sampling instants:

Instant: Stereo signal combination:

0 (L+R)+(-n=3/2L+1/2R REPLACEMENT SHEET
1 (L+R)-(-r)=1/2L+3/2R ) 03 MAR 1997

2 L+R)+(-r)=3/2L+1/2R. '

The crosstalk between the left and right stereo signals which is introduced into a
stereo multiplex signal due to the suppression by the low-pass edge of the low-
pass filter QMF(I-SMO) can be subsequently compensated by means of a simple
linear signal processing operation.

The low-pass edge is to start preferably after the highest frequency of the stereo
sum signal (L+R) and before the lowest frequency of the stereo difference signal
(L-R) and should mainly exhibit a linear decay. Time-discrete halfband low-pass
filters such as the filter QMF between the input I and the output SMO are known
per se and can be dimensioned in such a way that they have phase and amplitude
characteristics which are substantially linear and approximate the idealized curve
C4 in Fig. 3 to a sufficient extent for a correct selection of the stereo multiplex
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operating as differential stages which are coupled to outpytg of the addé
.stages 27, 28. If the output of the delay circuit 44 of the HQ.EIMxR?g'?on
circuit is referred to as 1C and the output of the adder|stage 25 of the

va a coefficient Ler 8 as

interpolation circuit 1Cis referredt%@s IC2, then IC1
well as to i S 'S
Sith 6166 GAARS are Ve sullfbi T fié ard etg@eggle) g?éqneb%%

an inverting input of the adder stage
al so coupl ed a non-inverting inpdt o
coupled to ethhémm@luplﬂgslgmiut of the adder stage 27 via a coefficient

multiplier 9. 1C2 is also coupled to an inverting input of the adder stage
28, as well as to inputs of the adder stages 23 and 21. Qut puts of the

adder st agesFigl4tshows $hes frgienicy 3Peddaing BRASteRd tuitisler s %&uva ygrine right

stereo audi 0 Si gnal and _left Stereo audio signal, res

coef fi ci ent bythgilpwrpass fifer QMB (FrSMO): This Figure skoobs that thel M wiangile t o

roepect fvel yor et hirieef adiinlilvdin gfeh‘i?e% sof s acks, pariealaroriay

conpensat e ttheu p%exgﬁdebaﬂdw@wmrebraxfﬁéuée sa.gﬁ
rrultlpllers D in the sanpling values a an y gﬁswrm Iflaneously
enabl e an o-nmgmmstxmmwasmmmmm aforeudi 0 signal s

in DEM Vﬂ‘%‘ﬁ“’%ﬁg&“f’e‘%’n t he foregoing, the inventive idea can al so be

wor ked out

The alternately successive even and odd sampling values of the selected stereo
multiplex signal supplied by the filter QMF at the signal output SMO occur at a
sampling frequency of 76 kHz, as has been noted hereinbefore. These even and
odd sampling values are mutually shifted in phase in the interpolation circuit IC
in such a way that they become simultaneously available at outputs of the
interpolation circuit IC at a sampling frequency of 38 kHz. Such a signal
processing operation can be realised by means of a known bireciprocal halfband
filter.

As aiready stated hereinbefore, the left and right stereo audio signals are
subsequently dematrixed in the dematrixing circuit DEM by means of suitably
chosen linear signal combinations.

Fig. 2 shows a practical embodiment of a stereo decoder for use as a time-
division multiplex decoder of the stereo information in a receiver as shown in
Fig. 1. The time-discrete halfband low-pass filter circuit QMF (I-SMO) is
constituted by an 11-tap symmetrical FIR (finite impulse response) filter of the
fifth order which is known per se, for example, from the article "A trick for the
design of FIR halfband filters” by P.P. Vaidyanathan and T.Q. Nguyen,
published in IEEE Transactions on Circuits and Systems, Vol. CAS 34, No. 3,
March 1987, pp. 297-300. The filter circuit QMF has a delay circuit 30 via
which the input I is coupled to a delay compensation branch 31 to 34, and 2
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different types of filter circuits than the ones shown and | hg~etass—et
tinme-discrete hal fband | owpass filter circuits may very we] | pr%' gg
digital or non-digital versions in which, for exanple, swtgh d0, b i 1987 s
are used and whi ch devi ate ’

16 in their formfromthe ones shown but 3#hose operation’ cdrresponds to

et e ool bain s BCID ohd 31, Fob P e s
adder ci rour 158 egiskFy FHANSRQUOOR S BTk il c 1S3 WR) P hiE S
charact eri st ithe bthenelementsof thefilter QMF operate at pulodkIrequeney whichagRgsad t o
the Iow pass to half the value of the first sampling frequency (76 kHz). This provides the )

possibility of delaying one of the even and odd, for example, the even input

signal samplings and to process, in this example, the odd samplings in the signal

branch, or conversely, The delay compensation branch incorporates four cascade-

arranged delayed circuits 31 to 34 and the signal branch incorporates a cascade

circuit of first to ninth signal delay circuits 35 to 43. Each delay circuit 35 to 43

is incorporated between a successive pair from a series of adder circuits 10 to

19. For example, the first delay circuit 35 is incorporated between adder circuits

10 and 11, the second delay circuit is incorporated between the adder circuits 11

and 12, and so forth. Inputs of the adder circuits 10, 19; 11, 18; 12, 17; 13, 16;

14, 15 are connected to outputs of first to fifth coefficient multipliers 1 to 5,

respectively. Inputs of these first to fifth coefficient muitipliers 1 to 5 are

connected in common to the input I of the stereo decoder SD. Due to this

structure the signal samplings located symmetrically with respect to time around

the fifth delay circuit 39 are added to the output signal values of the first to fifth

coefficient multipliers. An input of the adder circuit 10 is connected to a

reference zero value, while an output of the adder circuit 19 is connected both to

the adder circuit 20 and to an inverting input of an adder circuit 29 operating as

a differential stage. An output of the delay compensation branch is connected to

inputs of the adder circuits 20 and 29. Outputs of these adder circuits constitute

the afore-mentioned stereo multiplex signal output SMO and the radio data signal

output RDO, respectively. An amplitude transfer characteristic as is illustrated by

means of curve C4’ in Fig. 3 is obtained by means of a suitable choice of the

coefficients or weighting factors of the coefficient multipliers 1 to 5, which curve

approximates the desired amplitude transfer characteristic C4 closely enough for

'a correct operation of the stereo decoder according to the invention.

To understand the invention, a further elaboration on the operation of the filter
QMF is not necessary and reference is made to the above-mentioned article.



characteristic illustrated by neans of curve C4 in Fig.
t-he possibility of using the filter QW al so for selecti
signal RDS and/or the ARl signal. In the enbodi nent of
hal fband filter QW shown a hi gh-pass characteristic is
means of the adder circuit 29. As is knoWwl fromthe arti
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| ow-pass filter circuit, a high-pass_edge in t I tude characteristic .

| ocated i n aSigRalRUPWAMEa Theiptezpolatinn eleguit [ ix to nealise asr amplitudew- pass
filt [ ' ' ' h dth ' |
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circuit is pthevoutpt sigdah of tik filter cirduitdQME s@ that thiesé Ve asd b sathpifrg ence
bet ween the output sanpling val ues of the delay conpensation branch on the

one hand andValHes _%E?rﬁ‘@ﬂlm_“é‘ﬂtwﬂg&nﬁ this eodiuse carobe made of aHIR (finitde| ay
o the di f1elise fesbofiBfbf it RRint idbilye flopBibel, Al S}Eh RN sre b nc
hi gh- pass fi pérese, for example from the article "The digital all-pass filter: a first versatile

signal processing building block” by P.A. Regalia et al., published in

Proceedings of the IEEE, vol. 76, no. 1, January 1988, pp. 19 to 32.

The interpolation circuit IC, shown in Fig. 2, at the signal output SMO of the
filter QMF has a delay branch 44 and a signal branch 6, 7, 24 to 26, 45. The
delay compensation branch is provided with a delay circuit 44 which operates at
a clock frequency of 76 kHz. The signal branch of the interpolation circuit IC
includes a coefficient multiplier 6 coupled to the signal output SMO and having
an output connected to an inverting input of a first adder stage 24 operating as a
differential stage, an output of which is connected to an inverting input of an
adder stage 25 also operating as a differential stage and, vig a second coefficient
multiplier 7, to a non-inverting input of a third adder stage 26 operating as a
differential stage. An output of this third adder stage 26 is connected to a non-
inverting input of the adder stage 25 and, via a delay circuit, to the non-inverting
input of the adder stage 24 as well as to an inverting input of the adder stage 26.
~ The circuits in the signal branch 6, 7, 24 to 26, 45 operate at a clock frequency

which has half the value of the clock frequency of the delay circuit 44, i.e. 38
kHz. The output of the delay circuit 44 and the output of the adder stage 25
constitute outputs of the interpolation circuit IC at which the even and odd signal
samplings occur simultaneously at 2 sampling frequency of 38 kHz. The
interpolation circuit IC converts sequentially occurring even and odd signal

- samplings into pairwise simultaneously occurring even and odd signal samplings
by means of an amplitude-independent phase shift of the even input signal
samplings with respect to the odd ones, or conversely. The weighting factor of



CLAIMS: 1. A receiver having a signal path incorporating a tuner, a

denodul ator circuit for supplying a stereo nultiplex signal

conprising a

baseband stereo sumsignal (L+R), a 19 kHz stereo pilot and a stereo
di fference signal (L-R) which is double siggband anplitude-nodul ated on a

suppressed 38 kHz subcarrier, a sanpler for converting an anal og signal
into a time-diberceeHficiingmuiltiplier 6ihas a6 Cenction s the dctialtsighal Prodessingin the

mul ti pl ex decqgkr}golgﬁogc{ré&?i& gcret e.stereo_multiplex

ut mainly serves for optimum utilization of the available
register length of the digital divider circuits of IC. Said phase shift can be
adjusted to a desired value by means of the weighting factor of the coefficient
multiplier 7. To understand the invention, a further elaboration on the operation
of the interpolation circuit IC is not necessary and reference is made to the last-
mentioned article.

The dematrixing circuit has first and second signal combination stages for
dematrixing the left and right stereo audio signal. The first and second signai
combination stages comprise adder stages 27, 28 and adder stages 23, 22
operating as differential stages which are coupled to outputs of the adder stages
27, 28. If the output of the delay circuit 44 of the interpolation circuit is referred
to as IC1 and the output of the adder stage 25 of the interpolation circuit IC is
referred to as IC2, then IC1 is connected to an inverting input of the adder stage
27 via a coefficient multiplier 8 as well as to inputs of the adder stage 22 and an
adder stage 21. IC1 is also coupled to a non-inverting input of.the adder stage
28. IC2 is coupled to a non-inverting input of the adder stage 27 via a coefficient
multiplier 9. IC2 is also coupled to an inverting input of the adder stage 28, as
well as to inputs of the adder stages 23 and 21. Outputs of the adder stages 21 to
23 supply the baseband mono audio signal and the right stereo audio signal and
left stereo audio signal, respectively. The coefficient multipliers 8 and 9 multiply
the sampling value applied to these coefficient multipliers by weighiting factors of
1/2 and 2, respectively. These weighting factors are chosen to be such that they
compensate the weighting factors introduced by the other coefficient multipliers
of SD in the sampling values at IC1 and IC2 and simultaneously enable an
effective dematrixing of the left and right stereo audio signals in DEM.

As is evident from the foregoing, the inventive idea can also be worked out with
different types of filter circuits than the ones shown and the class of time-discrete
halfband low-pass filter circuits may very well provide digital or non-digital

versions in which, for example, switched capacitors are used and which dej’g&__.j
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signal into tine-discrete left and right stereo signals, characterized in
t-hat the stereo decoder conprises a time-discrete hal fband | ow pass filter
circuit having a finite inpulse response and a substantially constant group
delay tine, with a | ow pass edge in the1 litude transfer characteristic
| ocated in a transition band which has at™1east a part in common with the

hat -val e ¢ AadlE fO Froff BIE GleS Snahfr e wihole GREAich SBond o hdré ., ., .,
subcarrier wdldimsestfe it fespéot ¢ theefiltevpropeties.dge i s substantially

poi nt-symetrical, said receiver also including an interpolation circuit
which is coupled to an output of the filter circuit for converting
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000 SamPl 119 STy O ukh the i QMH'Hho £ slbGing e aio dia sghal RDS

' and/or the ARI signal. :

In the embodiment of the time-discrete halfband filter QMF shown a high-pass
characteristic is easily obtained by means of the adder circuit 29. As is known
from the article relating to this filter, the time-discrete haifband filter circuit
QMF operating as a high-pass filter between the input I and the radio data signal
output RDO has the same half-value frequency, order and group delay time as
the low-pass filter circuit, a high-pass edge in the amplitude characteristic located
in a transition band which corresponds to that of the low-pass filter circuit, and it
has the delay compensation branch and the signal branch of the low-pass filter
circuit in common. The high-pass filter circuit is provided with a differential
stage for forming the difference between the output sampling values of the delay
compensation branch on the one hand and the sum of the output sampling values
of the (2n+1)th delay circuit and the first coefficient multiplier on the other
hand. An output of the differential stage then also constitutes an output of the
halfband high-pass filter circuit.
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circuit, which ohas Q%EPLACMNieEHE&Te< t he phase difference between the

.even and odd sanplin atues: neceiver as clained in daim1l or 2,
characterized in thpatjt nc circuit conprises first and second
dematri xi ng stages, \Aﬂ%ﬁ% fatlri xi ng stages a linear sumand

di fference conbinati n aljues i realis m

18 . A receiver as dlai med in anyel mlcml"uwnmlmno 3,

characterized Q%L fre | ow- pass fittér &irtult conprises
a del ay conpen3atl ranch and a signal branch for

separately processing even and odd input signal sanplings, the del ay

1. A receiver having a signal path incorporating a tuner, a demodulator circuit

- for supplying a stereo multiplex signal comprising a baseband stereo sum signal
(L+R), a 19 kHz stereo pilot and a stereo difference signal (L-R) which is
double sideband amplitude-modulated on a suppressed 38 kHz subcarrier, a
sampler for converting an analog signal into a time-discrete signal and a stereo
decoder for time-division multiplex decoding of a time-discrete stereo multiplex
signal into time-discrete left and right stereo signals, characterized in that the
stereo decoder comprises a time-discrete halfband low-pass filter circuit having a
finite impulse response and a substantially constant group delay time, with a low-
pass edge in the amplitude transfer characteristic located in a transition band
which has at least a part in common with the frequency range of said modulated
stereo difference signal and with a half-value transfer which is located at the
frequency of said 38 kHz stereo subcarrier with respect to which the low-pass
edge is substantially point-symmetrical, said receiver also including an
interpolation circuit which is coupled to an output of the filter circuit for
converting time-sequential even and odd sampling values of the output signal of
the filter circuit into time-sequential pairs of simultaneously occurring sampling
values, and a dematrixing circuit coupied to the interpolation circuit for a linear
combination of said pairs of sampling values and a compensation of the crosstalk
between the left and right stereo signals caused by the filter circuit.

2. A receiver as claimed in Claim 1, characterized in that the interpolation circuit
includes an all-pass filter for an amplitude-independent phase shift of at least one
of said even and odd sampling values of the output signal of the low-pass filter
circuit, which ohase shift compensates the phase difference between the even and
odd sampling values. '

3. A receiver as claimed in Claim 1 or2,wmmmdeMg
circuit comprises first and second dematrixing stages, in which two dematrixing
stages a linear sum and difference combination of sampling values is realised.
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and the first coefficient multiplier.

5. A receiver as claimed in any one of Claims 2 to 4, characterized in that an
input of the interpolation circuit is coupled to a first output of the interpolation
circuit via a delay circuit, the all-pass filter device comprises first to third adder
stages each having an inverting and a non-inverting input and an output, the input
of the interpolation circuit is connected to the inverting input of ‘the first adder
stage via a first coefficient muitiplier, the output of said first adder stage is
connected to the inverting input of the second adder stage as well as to the non-
inverting input of the third adder stage via a second coefficient multiplier, the
output of the third adder stage is coupled to the non-inverting input of the second
adder stage as well as to the input of a further delay circuit, the output of said
further delay circuit is connected to the non-inverting input of the first adder
stage as well as to the inverting input of the third adder stage and the output of
the second adder stage constitutes a second output of the interpolation circuit.

6. A receiver as claimed in any one of Claims 3 to 5, gharacterized in that the
dematrixing circuit comprises first and second signal combination stages, in
which first signal combination stage a sum as well as a difference formation of
the output signal samplings of the interpolation circuit is effected, which results
in a sum signal and a difference signal, respectively, and in which second signal
combination stage a sum and difference formation of said sum and difference
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adder stage as well as to the input of a further delay circuit, the output
,of said further delay circuit i W,
non-i nverti ng input of the first adder st age as vveII as to

the inverting input of the third adder stage and

t he second adder stage constitutes a sed®nd out pﬂm mam“ ation
circuit. 6. A receiver as clali any "oné of Cains 3
to 5, char aignal iszeffectéda t hat t he dematrixing circuit

conprises first and second signal conbination stages, in which first si gnal
combi nation stage a sumas well as a difference formation of

the output i g0 dcehveihis'chiiinedin Cliim B! 'k, ShaRBeiLS B 'a Haitpihd ﬁghed whi ch

results I n a sum si gnal nce signa
respect i vel yassafilter eirquit whichdwagthe mgenaalf-value frequency, order amingronpidelag st age

a sumand difterence Lof i ieABwofass Hidr SR Tha iR a0 S high-pass edge in
the amplitude characteristic located in a transition band which corresponds to that
of the low-pass filter circuit, while it has the delay compensation and the signal
branch of the low-pass filter circuit in common and is provided with a
differential stage for forming the difference between the output sampling values
of the delay compensation branch on the one hand and the sum of the output
sampling values of the (2n+ 1)th delay circuit and the first coefficient multiplier
on the other hand, an output of the differential stage also constituting an output
of the halfband high-pass filter circuit.
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19 signal is effected. 7. Areceiver as claimed in Cdaim3, 4 or 5,
characterized by a halfband high- pass filter circuit which has the sane
‘hal f -val ue frequency, order and group delay time with respect to the

| ow-pass filter circuit, and which has ay§i gh-pass edge in the anplitude
characteristic located in a transition band which corresponds to that of

the | ow passﬁﬁmﬁrcuit, while it has the delay conpensation and the
signal branch 0 ow pass filter circuit in comon and is provided with

a dif f er ent i Timetisgretd sterebodacoder. t he di f f erence bet ween the out put sanpling

val ues of the delay conpensati on branch on the one hand and the sum of the

out put sanpling values of the (2n + 1)th delay circuit and the first

coefficient multiplier on the other hand, an output of the differential

stage also constituting an output of the hal fband high-pass filter circuit.
A receiver havmg a si path incorporating a tuner, a demodulator circuit for

supplying a stereo multiplex signal comprising a baseband stereo sum signai
(L+R), a 19 kHz stereo pilot and a stereo difference signal (I-R) which is
double sideband amplitude-modulated on a suppressed 38 kHz subcarrier, a
sampler for converting an analog signal into a time-discrete signal and a stereo
decoder for time-division multiplex decoding of a time-discrete stereo multiplex
signal into time-discrete left and right stereo signals. In order to realise an
effective selection of the sterso multiplex signal by means of an easily integrable
low-pass filter, the stereo decoder comprises a time-discrete halfband low-pass
filter circuit having a finite impulse response, with a transition band which is
substantially located in the frequency range of said modulated stereo difference
signal and with a half-value transfer which is located at the frequency of said 38
kHz stereo subcarrier, which filter circuit has a substantially linear amplitude
. transfer characteristic as well as a linear phase transfer characteristic in the

B transition band, said receiver also including an interpolation circuit which is
coupled to an output of the filter circuit for converting time-sequential even and
odd sampling values of the output signal of the filter circuit into time-sequential
pairs of simultaneously occurring sampling values, and a dematrixing circuit
coupled to the interpolation circuit for a linear combination of said pairs of
sampling values and a compensation of the crosstatk between the left and right
stereo signals caused by the filter circuit.
Fig. 1.
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