Egi tal converter for converting a nmultitude of anal og input

4 digital out put signals by neans of one sigma-delta -
The invention relates to an _ _
Yat: P digit erter for converting gn anal og i nput signal into
a di’ ® ‘out Bb& %‘faﬂgl ., which converter conprises: - 1'%Q2.1993

i - . | ator for convertj t he apal og si.gnal .
over . 'ng i},ﬂgg-tg—%kgtlgl crrgrgv%n%r ?or converting a muiurt]@de of analog m%ut mgna.ls into digital

output signals by means of one sigma-delta modulator

- The invention relates to an analog-to-digital converter for converting an
analog input éignal into a digital output signal, which converter comprises:
- an oversampling sigma-delta modulator for converting the analog signal
into a bivalent signal with an oversampling rate N*Fs which is a multiple N of a
5 sampling rate Fs, N being an integer greater than 1, and
- a decimator for converting the bivalent signal into a decimated digital
/ signal with the sampling rate Fs.
Such an analog-to-digital converter is known inter alia from: J.J. van der
Kam "A digital decimating’ filter for analog-to-digital com)ersion of hi-fi audio sig-
10 nals", Philips Technical Review 42, No. 6/7, pp. 230-238, April 1986, in particular
Figure 3 thereof. Bivalent or 1-bit sigma-deita modulation is a technique by means of
which an analog signal is convérted into a 1-bit digital signal by oversampling with the
aid of quantization means having a deliberately low resolution and high quantization
noise. By means of a 1-bit digital-to-analog converter the digital signal is reconverted
15 into an analog feedback signal, which is subtracted from the analog input signal in a
differential stage. The difference of the two signals is filtered in a low-pass loop filter
and is applied to a clocked comparator operating as a 1-bit quantizer. The use of a

j sufﬁciently high loop gain for baseband frequencies of the analog signal ensures that in .
the 1-bit digital signal the quantization noise in the baseband is comparatively low at the

20 expense of a comparatively higher quantization noise above the baseband. However, as

: described comprehensively in the above article, a digital decimating filter enables the

; noise above the baseband to be suppressed effectively and also enables the oversampled

| 1-bit signal to be converted into a multi-bit digital signal at the desired lower sampling
rate. This 'iifgl;)g-digital conversion technique is attractive in particular because only a

25 ~'simpfe fécfsion circuit (comparator) iS required for thefactual quantization.

In the case of analog-digital conversion of more than one input signal the
need arises to limit the number of analog-to-digital converters. In the analgd-to-digital
conversion of more than one input signal it is known per se to utilize :Igﬁalog-to-
digital converter in time-sharing, an ‘analog multiplexer being arranged in series with the
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I nt o’lbi val ent signal with an oversanpling rate N*Fs which is a nultiple N
’ sanpling rate Fs, N being an integer greater than 1, and -
tor for converting the bivalent signal into a decimted digital
signal*with the sanpling rate Fs. Such an

anal 0g-t o- d| gPHM 143K erter is known inter &ia from J.J. van der 17.02.189m
"Adigital "decimating’ filter for analog-to-digital conversion of hi-fi
audi o isi g- 10inputednst'3 digital dermulfipieher beihg Rerunged it Zeribb with/tie opiput 38 the2hlog-

| -1986, articul ar ure 3 thereof Bi val ent or, 1-bit
?P(r_:ylrra del ta n@o‘ﬁg% Copverier, F P’é&"}?r#‘éf@i Brdigial genversion gp apalogro-gdigitabg
signal is co
2 0ot quant | Savelter of i Gskomtar) ffeingfbe Nsf] Mk ks PUASH SRR br Mibohstifie
guant i zation approxxmhmecorﬁ;emmrﬁaesé cmvbttbrsthmbegn icainmon- thatathey snppi?’ellié 6iitput

the digital nal eco ver 5 |n anal og, f eedback signal, which
i s subtracted® éhagsrr?‘f a‘ﬁ’é é ?h and # the desirrd samplingfate. The

di f ference ofAtsbenrtmcwmeluge b§af1'-$ii§irgﬁﬁ-dé1'taam&ﬁiﬁt8 %ui désitabR'i wew%l?d
l? use

is applied to a clocked conparator operating a quanti zer.
of a suf leSCSoIMlctyy ngweVempmugm not fpossmlasbecausel of ﬂtaqtmacdem infthe Mpaafatheg

oS0, 21t 5l b 5 e b Rl B

subtracted from an analog input signal which does not correspond thereto, which would

10 result in an inextricable crosstalk between the individual input signals.
P United States Patent 4,837,527 discloses a series arrangement of an
oversampling sigma-delta modulator and a decimating network to which a stereo
multiplex signal, formed by multiplexing the L and R audio signals, is applied. The
stereo multiplex signal comprises a baseband stereo sum signal (L+R), a 19 kHz stereo

15 pilot tone, and an amplitude modulated stereo difference signal (L-R) on an 38 kHz
suppressed carrier wave. The decimating network then supplies the digital representation
of the stereo multiplex signal, which must subsequently be demodulated digitally to
form the digital L and R signals. However, this demodulation is problematic because
the suppressed carrier wave must be regenerated.

20 Japan Patents Abstracts JP-A-2-95024 shows an analog-to-digital converter
comprising a sigma-delta modulator and a multiplexer for the application of more than
one input signal. A certain transition time is required before the sigma-delta modulator
signal is a correct representation of the input signal. This transition time depends on the
sampling rate of the sigma-delta modulator. After switching over to another input signal

25 it is‘sgain necessary to wait for the expiry of a transition time. In this known analog-to-
digital converter this transition time is minimized by initializing the sigma-delta

- . modulator uggn each change-over to another input signal. Th:s procedure makes the

system comparatively slow.
) e hIt is an object of the 1nvent10n to prov1de°ﬁ'n analog—to-dxgltal converter

30 comprising an oversampling 1-bit sigma-delta modulator which is capable of Pprocessing
more than one analog input signal and which does not have the afore-m?ﬁed

1tal

disadvantages. To this end, according to the invention, the analog-to-di converter of
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20 ense of a conparatively higher quantization noi se above the
base d However, as descri bed conprehensively in the above article, a
digit deC|nat|ng filter enables the noi se above the baseband to be

suppressed y and al so enabl es theg oversanpl ed 1-bit gj l..fo
be converteceiﬁl i)‘i éféml -bit digital si gn§| at the desi red | ower ﬁaﬁ%ﬁ?ﬂ%

rate. yThis a conversion tec ue is.attracti articular

becauge onl yt fé&fﬁﬁf] dhs PRENINE PATAETP ‘i griged in %g&ﬂﬂP&&O\d}ﬁm{ he

act ual qua”tc#oﬁ%x‘t&”fu er comprises: In the case of anal og-digital

convejsion of nore than one | nput signal the need arises to limt the
nunbeg of anal og-to- dlaglamlogdnnluptdxer havmgth inpuwrfef n@et\magjl(gammg signals and

convefsion of nmore than one inp Jis kn lize the
anal og-to- 10T St ying, to &he, §i8 Equeﬁq“ %]%%ﬁé‘ﬂ%@“%&?% l’H%P M er
bei g arran 95eidd" /&€ of @it Wniplingate Fs comprises successive portions of the K analog

signals, K representing an integer greater than 1,

- a digital demultiplexer for receiving the decimated digital output signal
and for supplying K time-shifted digital signals with the sampling rate Fs,
- a digital interpolator for converting the K digital signals with the sampling

: 10 rate Fs, which have been shifted in time relative to one another, into K concurrent

, interpolated digital signals with the sampling rate Fs, and
- a digital matrix for converting the K interpolated digital signals into K
digital output signals with the sampling rate Fs, each of the K output signals being
derived from at least one of the K interpolated signals.

15 ' Owing to the analog multiplexer and digital demultiplexer operating in
synchronism with the sigma-delta modulator and with the decimator a predictable
crosstalk is obtained between the demultiplexed digital time-sequential signals with the
sampling rate Fs, which crosstalk is removed by the digital matrix. The digital
interpolator ensures a simultaneous input of digital signal samples to the digital matrix.

20 A further embodiment of an analog-to-digital converter in accordance with
the invention is characterized in that the decimator comprises a time-discrete finite-
impulse-response half-band low-pass filter having a substantially constant envelope delay
and an amplitude characteristic having a roll-off with a 3-dB point situated at the
sampling rate Fs, said roll-off being substantially centrically symmetrical relative to

25 sampling rate Fs.

Such a half-band low-pass filter has the following advantages: the rising
spectrum of %g.quantization noise of the sigma-delta modulat’t;r is additionally
attenuated and a simple matrixing with predictable coefficients remains possible.

) “Z"These and other aspects of the invention well now be described afid

30 elucidated with reference to the accompanying drawings, in which

Figure 1 is a basic circuit diagram of an analog-to-digital ifnﬂ in

accordance with the invention, and
-
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| nput and a digital demultiplexer being arranged in series with the output
of thg anal og- to-digital converter. For the actual anal og-digital
converisi on an anal og-to-di gi tal converter of any customary type may be

used, ‘such a I mul ti step or successiv approxi mati on convertors.
These converﬁ’é‘&%qﬁ;’vg in commn that they s‘gppl y the output 5 silgrl@4.$993

directly with the desi digital word length and at the desjired sanpling
rate. Al'so in thi iseﬂt et L§e6 and 7 afe B}%@b%ﬂlﬁmta thy, OPRTAUQSY OQ\HUI d

be desirabl eahﬂo Woﬁ{a'l converte: 1°n With th@‘i‘ﬁ%ﬁﬁont his is not possible

because of the t y.In t oop o?éthe gnma-del ta nodul at or.
The 1-bit si grra del ta Fﬂglhméatshowouhmnalogﬂq-ldagna\lvoodvéneheﬂadwrdance withotheact ed

froman anal 0 h does nqQt correspond, ther i ch woul d
10" aoutt i PRy RicR B oF SxArtals KIEHASHILR APRIOE ST LR, Rib i ORdet fo

signals. .5 form two d]ggxtal mgnalEJrLﬁ ‘iﬂd ROV BSwERr e s’ ca’te MaptddoDandle

seri es arrangenent
more than two signals. The analog-to-digital converter comprises the series arrangement

of an analog multiplexer 2 having inputs 4 and 6 for receiving the analog input signals
LA and RA, a 1-bit sigma-delta modulator 8, a decimator 10, a digital demultiplexer
12, a digital interpolator 14 and a digital matrix 16. The operation of all the

10 components is controlled by clock pulses from a clock pulse generator, not shown. The
clock pulses are shown in highly simplified form. The frequency of the clock pulses is
equal to Fs or a multiple thereof. The multiplexer 2 switches from the input 4 to the
input 6 at the sampling rate Fs. As is shown in Figure 2 this yields an analog multiplex
signal MPXA which is the sum of two analog series of samples having a repetition rate

15 Fs and shifted 180 degrees relative to one another. The multiplex signal MPXA

! comprises a low-frequency component (L+R)/2 and a carrier wave component

SQWV*(L-R)/2, where L and R are the instantaneous amplitudes of the analog signals

L:A and RA and SQWYV represents a squarewave function which is alternately positive

and negative within the period 1/Fs and which may expressed as follows:

20 MPX-L;R L_fo.xsqu )

: The frequency spectrum of the multiplex signal MPXA is shown in Figure 3 and
comprises the baseband a and harmonics at odd multiples of the sampling rate Fs, of
which only the first harmonic b at Fs and the third harmonic ¢ at 3*Fs are shown.

= The multiplex signal MPXA is applied to the sigma-delta modulator 8
: 25 which operates at an oversampling rate N*Fs and which converts the analog multiplex
-~ . signal MPXMnto a bivalent or 1-bit digital signal SDMD. The effect of an
| oversamplmg 1-bit sigma-delta modulamr is inter alia that the comparatively very large
'quannzan;n :mme is shifted ("nmse shapmg") toa ranﬁ above the useful frequency
band of the modulated signal, in the present case the multiplex signal MPXA. This is
30 illustrated in Figure 4, in which the amplitude of the bivalent signal SD{_?fhas been
g

plotted versus the frequency and in which a and b have the same meaning as in Figure
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oversgrrpl ing signe-delta nodul ator and a decimating network to which a

stere mul tiplex signal, formed by multiplexing the L and R audio
signalis, is applied. The stereo multiplex signal conprises a baseband
stered sum si a 19 kHz stereo 15_pilot tone, and an anpl itud
modul at ed st 161#’§erence signal (L-R on5 an 38 kHz suppressl o& F993

O ® 3, The sEh bt e B ompatest o2 s of %m&m&ﬂéﬁw
be defrodul at gi%nﬁ' &Elltaarhbd’ Br r has b nOdifdd o gﬁ@hﬁ%}gysu ﬁcﬁ car ?hnléﬁ ?6

this ¢glenodul ation 1's pro ecause resse I er wa
must be r egemerpasediamﬂaf the low-pass filter in Shepiaop B thensigmaddelta awadulalor. Ahe- 95024
shows | an anaho\g]to di ﬁMconverter conprising a signma-delta

modul at or anyiVAleRh sign D may b wnleB@s:cat i on of nore than one i nput
signal. A certain t St 4IIITEIS required before the sigma-delta
modul pt or 5 SDM i oS xsin(2nfsitegpriBrnon of the i nput signal. Ti2s
trans|tion tinme dep ds & thE . sanpling rate of the sigma-delta

nmodul ptor. After switching over to another input signal 25 it is again
necessary to walt forTthe expiry of a transition tinme. In this known

anal of-to- i gitaN Conp%%%rthé Hi(ﬁﬁF}aP%?ﬁirﬁésod} th ETgn%lSMpﬂ%

iOthe
initiplizing't e SI guragdel upon eac ange-over to anot her
i nput| signal. This pMgedure makes the

noise of the sigma-delta modulator.
The decimator 10 functions as a digital low-pass filter and also converts

the bivalent signal SDMD having the sampling rate N*Fs into a multi-bit digital

10 multiplex signal MPXD having a lower sampling rate Fs. The theory and operation of
1-bit sigma-delta modulators and decimator$ are described comprehensively inter alia in
article cited above. Figure 5 shows the frequency spectrum of the digital multiplex
signal MPXD, which has been subjected to steep filtering in accordance with the curve
g of the decimator, so that the higher harmornics HF are suppressed completely and the

15 noise component n is suppressed almost completely. The digital multiplex signal MXPD
is shown in Figure 6 and comprises a series of samples made up of a first subseries of
samples bearing the numeral 1 and a second subseries of samples bearing the numeral
2, the samples of the two subseries alternating with one another. In each period 1/Fs
one sample 1 of the first subseries and one sample 2 of the second subseries occur.

20 Allowance being made for the phase shift of the decimator, the series of samples in the
digi;t.al multiplex signal MPXD may be represented as:

mpxD=L*R 2"‘“‘ B) x[+1,-1,41,-1,...] P G)
- : 2,0 .
3 R 1
s - The demultiplexer separam the two subsenes to form the dxgltal sxgnals

Q“.l

"DM1 and DM2, which are aiso shown in Figure 6. THE instantaneous value of the
25 samples 1 in the signal DM is:

(+DL+(E DR . #

DM1= 4)
2%
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systerf conparatively sl ow. It is an object of the
i nventlion to provide an anal og-to-digital converter 30 conprising an
oversgnpling 1-bit sigma-delta nodul ator which is capabl e of processing

nore tthan on @p%%qai nput signal and whi ch, does not have the

afore-nentio
the anal og- t’f"hd'r%hn?aneous value of tt?e samples 2 in the signal DM2 is:

3

i sadvant ages. To this ®nd, according to the i Av&R:1%A,
onvert e

(== -2)L+(-T-+2)R
2a

2«
DM2=
27

&)

The signals DMI and DM2 each comprise a mixture of the signal values L and R of the
analog input signals LA and ‘RA. Therefore, it is possible to reconstruct the values L
5 and R by means of a matrix circuit. For this purpose it is first necessary to calculate the
signal values of at least one of the subseries DM1 and DM2, for examiple those of the
subseries DM, for the instants at which the samples in the other subseries DM2 occur,
so that the samples of both subseries seemingly originate from the same instants.
This calculation of the intermediate samples is effected in the digital
10 interpolator 14 which derives from the subseries DM1 a new subseries INTI, as is
shown in Figure 6, and which also supplies a signal INT2 in response to the signal
DM2. The signal INT2 may be identical to the signal DM2 or to an interpolated version
thereof. In the latter case the signals INT1 and INT2 are both interpolated versions of
DM1 and DM2, respectively, each with a delay equal to half the time between the
15 samples in the digital multiplex signal MPXD.
In the digital matrix 16 the now concurrent samples of the interpolated
signals INT1 and INT2 are converted to the digital output signals LD of an amplitude L
and LR of an amplitude RD. The matrix coefficients follow from equations (4) and (5):

LD= 1NT1[.22+.1.]+11~1T2[3°‘_ .1.] 6)
20 RD= IN'rl[B l]+mn[£’. %] ™

-‘

Interpolators are known per se from, for example, the article: P.A. Regalia e al., "The
digital allpass filter: a first versatile signal processing buildingblock", Proceedings of
the IEEE, V76, No. 1, January 1988, pp. 19-32. Analog multiplexers, digital
giemultiﬁlgé_g{s. and digital matrices are devices whxchal} known per se in analog and
25 digital signal processing and require no further explanation.

From the above it will be apparent that the system can also be adapted to
more than two signals. The multiplexer 2 then cyclically applies the inptﬁﬁﬂs to the
sigma-delta modulator 8, the period of the cycle being 1/Fs. If there are K input signals
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the type defined in the opening paragraph is characterized in that the

anal ogf{to-digital converter further conprises: an
anal og{ mul ti pl exer having K inputs for receiving K anal og signals and

for supplying_to the S|gna del ta nodul ator g time-nultiplex signal which
withinja 5 PBBN&#31PFs of the sanpling ratke Fs conprises successi ¥é.02.1993

portiops of the K anal og signals, K representing an integer greater
than 1 each of the K signals g(lﬂehe mmmdpm&@ncmw L/{KEEs)v iThe angleg dewtipiex e d

o oh ?he"SLﬁS g W Ka pren i€ Lih of WPRInHIEIafindd Wnalnab il L bfhet Spicped"®! ©
converfing t hgsdfKidegrées! refative anm&thémmmsmdﬁ@ formuRsKs)... @)@k have

been shifted in tinme relative to one another, into K concurrent

i nt er ppl at ed Gblgmpélb)'slfw semigs; expapsion; ahphe; ﬂ@na} MBX A Therequired coefficients for

Gi gi £a] - ourpulteSspaRiE FaliEals Kol 6F Bgbrhiits supbifn 5F fig Uyl Bhlas.

si gnal s bei ng der| Vﬂdvintzgﬁbﬁl | th@ 34st dileer of tttefﬁecifnawt ¢0 medyadomtbrise Gntine-

15 to the analo mul tiplexer and digital denultiplexer

oper atf ng in discrete half gand low-pass filter having a finite impulse response and a substantially
constant envelope delay, whose amplitude characteristic h is shown in Figure 7. The
characteristic h is substantially flat for the baseband a and has a roll-off which is

10 centrically symmetrical relative to the sampling rate Fs and has a 3-dB point situated at
the sampling rate Fs. The roll-off may cover the entire spectrum of the entire first
harmonic b, as is shown in Figure 7, but it may also cover only a part of the spectrum
b. As a result of the roll-off the sum of the frequency components k, which are
centrically symmetrical relative to the sampling rate Fs, is substantially constant and is

15 equal to haif the sum of the frequency components b. The frequency-dependent
attenuation of the digital multiplex signal MPXD caused by the half-band low-pass filter
gives rise to an additional attenuation of the first harmonic b by a factor of 2.
Allowance can be made for this by replacing the factor 2« in the above equations (3) to
(7) by a. Such a half-band low-pass filter has the following advantages: the rising

20 spectrum of the noise component n is attenuated additionally and a simple matrixing
with predictable coefficients remains possible. The half-band filter may be formed, for

‘ example, by an 11-tap syminetrical fifth-order FIR (finite impulse response) filter,
which is known per se as a Quadrature Mirror Filter (QMF), for example, from the
article "A trick for the design of FIR half band filters" by P.P. Vaidyanathan et al.,

25 IEEE Transactions on Circuits and Systems, Vol. CAS 34, No. 3, March 1987, pp.

297-300.
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onismwi th the sigma-delta nodul ator and with the decimator a
t abl e crosstalk is obtained between the denultipl exed digital
equential signals with the sanpling rate Fs, which crosstalk is

d by t | matrix. The digital I nt er pol ator ensure
aneousrﬁﬂgt}g %@ digital signal sanpl e§ to the digital matri XS”‘;W 1993
her enﬁdl ment of an anal og-to-digital converter in accordance wth
venti o haracterized in that the decinmator co

iscrete finite- i mpul se-response hal f-band | ow pas uﬂwul!ﬂ E Ill]&l“l
tantially constant envel ope del ay and an anplitude

aroll-off with a 3-dB point situated at the sanpling rate

ol -of f being substantially centrically symetrical relative to o5’

ng rate Fs. Such a hal f-band | owpass filter has

| | owmi ng advant ages: the rising spectrum of the quantization noise
si gma-del ta nodul ator is additionally attenuated and a sinple
ing witlh predict Anl analogetotdigital cosverterdoneonyesingianeanalog input signal into a

and ot her. ects, of, t |nvent|on w Ll now be described and 30
at ed w#ﬂ“?&ﬁa"&ﬂsaah& EREREAMRES dr awi ngs, in which

1is a basic ci muv&sﬁhﬂ%gaagas-&m Aubior! ®) FoédrvertiR e ahalog N

signal into a bivalent signal with an oversampling rate N*Fs which is a multiple N of a

5 sampling rate Fs, N being an integer greater than 1, and

- a decimator (10) for converting the bivalent signal into a decimated digital
signal with the sampling rate Fs, characterized in that the analog-to-digital converter
further comprises:
- an analog multiplexer (2) having K inputs for receiving K analog signals

10" and for supplying to the sigma-deita modulator (8) a time-multiplex signal which within
a period 1/Fs of the sampling rate Fs comprises successive portions of the K analog
signals, K representing an integer greater than 1,

) a digital demultiplexer (12) for receiving the decimated digital output
signal and for supplying K time-shifted digital signals with the sampling rate Fs,

15 - a digital interpolator (14) for converting the K digital signals with the
sampling rate Fs, which have been shifted in time relative to one another, into K
concurrent interpolated digital signals with the sampling rate Fs, and
- _ a digital matrix (16) for converting the K interpolated digital signals into
K digital output signals with the sampling rate Fs, each of the K output signals being

20 derived from at least one of the K interpolated signals.

2. An analog-to-digital converter as claimed in Claim 1, characterized in that
the declmator (10) comprises a time-discrete ﬁmte-xmpulse-response half-band low-pass
ﬁlter, havmg a substantially constant envelope delay and an amplitude characteristic -
* having £7rotl-off with a 3-dB point situated at the sampﬁng rate Fs, said roll-off being
25 substantially centrically symmetrical relative to the sampling rate Fs.
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accordL\nce with the invention, and

4 Figures 2, 3, 4, 5 '6.and 7 are diagrans to illustrate
t he oppration of an anal og-t o-di gi tal converter in accordance with the
.invent] on. Figure 1 shows an anal og-to-digital converter
i n accpr dancePHIN M.8h@ i nvention, which%y way of exanple digit12.62.1998
anal og; signals LA and RAin order to

Abstract

Analog-to-digital converter for converting a multitude of analog input signals into digital

output signals by means of one sigma-delta modulator

An analog-to-digital converter for converting a multitude of analog input
signals into a corresponding multitude of digital signals comprises a series arrangement
of an analog multiplexer (2), an oversampling sigma-delta modulator (8), a decimator-
cum-low-pass filter (10), a digital demultiplexer (12), an interpolator (14) and a digital

5 matrix (16), which are all operated in synchronism.

- —

(Figure 1)
' 4
hnd -'#&
’ 4&.“." < ﬁ. e
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5 formgtwo digital signals LD and RD Fbmever the system can be adapted to
handl e more than two signals. The ‘anal og- to digital converter conprises
the ser]i es arrangenent of an anal og multiplexer 2 having inputs 4 and 6 _
for redeiving the anal og i nput signals LA and RA, a 1-bit sigma-delta
nodul atjor 8, a decimator 10, a digital | tiplexer 12, a digital
interpglator 14 and a digital matrix 16 e operation of all the 10
conmpongnts is contgoll ed by .l ock pulﬁes fromga clock pylse generﬁior, not
shown. {The faare sho rm e
frequency g 3 . The
mul tipl exerpa 'ﬁ% i ng
rate . " _ : aub2- i gnal
VMPXA wii ch 1'sg % St mm=a rrtng ¢ ition
rate 15 Fs.and s i fted 180] degrees relatlve tp one anotlher. The I tiplex
si gnal | MPXA : )/ 2 and carrier
wave cpnponent SQ/\X/*(IN ﬁ) /2, nst ant a us

r
anplitbdes of the anal og S|gnals LA and RA and S J1§p1esents a
squar epvave function which is alternately positive négative within
the pefiod | /Fs and which nmay expressed as foll ows:

=R
“—_ M

t | R L] R} L

[
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Fs 2Fs 3Fs -5
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20 MPX=[err] +[err] xSQNW

1) i The frequency spectrun1of the multiplex signal MPXA is shown in
JFigure:3 and conpri ses the baseband a and harnonics at odd nultiples of
‘the sanpling rate Fs, of “which only the first harnmonic b at Fs and the

third harnmonic ¢ at 3*Fs are shown. The mul tipl ex signal
MPXA is applied to the sigma-delta mthéZor 8 25 which operates at an
oversanpling rate N‘Fs and which converts the analog nultiplex ~ signal
MPXA into a| g ent or 1-bit digital signal SDVD. The effect of an
oversanpling 1-bft @si gma-defta nodul ator is inter alia that the
conparatively vefy{targe = t2ation noise is shifted ("noise
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Analog-to-digital converter for converting a multitude of analog input signals into digital

output signals by means of one sigma-delta modulator

The invention relates to an analog-to-digital converter for converting an
analog input signal into a digital output signal, which converter comprises:
- an oversampling sigma-delta modulator for converting the analog signal

into'a bivalent signal with an oversampling rate N*Fs which is a multipl"e."N of a

'samplmg rate Fs, N being an integer greater than 1, and

- a decimator for converting the bivalent signal into a decimated d1g1tal
signal with the sampling rate Fs.

Such an analog-to-digital converter is known inter alia from: J.J. van der
Kam "A digital *decimating’ filter for analog-to-digital conversion of hi-fi audio sig-
nals", Philips Technical Review 42, No. 6/7, pp. 230-238, April 1986, in particular
Figure 3 thereof. Bivalent or 1-bit sigma-delta modulation is a technique by means of
which an analog signal is converted into a 1-bit digital signal by oversampling with the
aid of quantization means having a deliberately low resolution and high' quantization
noise. By means of a 1-bit digital-to-analog converter the digital signal i§ reconverted
into an analog feedback signal, which is subtracted from the analog input signal in a

. differential stage. The difference of the two signals is filtered in a low-pass loop filter
- and is applied to a clocked comparator operating as a 1-bit quantizer. The use of a

sufﬁciently high loop gain for baseband frequencies of the analog signal ensures that in
the 1-bit digital signal the quantization noise in the baseband is comparatively low at the
expense of a comparatively higher quantization noise above the baseband. However, as
desCribed comprehensively in the above article, a digital decimating filter enables the
noise above the baseband to be suppressed effectively and also enables the oversampled
1-bit signal to be converted into a multi-bit digital signal at the desired lower sampling
rate. This analog-digital conversion technique is attractive in particular because only a

‘simple dectsion circuit (comparator) is required for the %ictual quantization,

In the case of analog-digital conversion of more than one input signal the
need arises to limit the number of analog-to-digital converters. In the analQg-to-digital
conversion of more than one input signal it is known per se to utilize tifé analog-to-

digital converter in time-sharing, an analog multiplexer being arranged in series with the
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series of sappebximationl€onvirdirs.aTNdsé TbnveiesLhiveSinommon that they supply the output
5 signals directly with the desired digital word length and at the desired sampling rate.

Also in this case the use of a 1-bit sigma-delta modulator would be desirable in view of
its simplicity. However, this is not possible because of the time delay in the loop of the
sigma-delta modulator. The 1-bit sigma-delta modulator output signal would then be
subtracted from an analog input signal which does not correspond thereto, which would

10 result in an inextricable crosstalk between the individual input signals.

United States Patent 4,837,527 discloses a series arrangement of an
oversampling sigma-delta modulator and a decimating network to which a stereo
multiplex signal, formed by multiplexing the L and R audio signals; is applied. The
stereo multiplex signal comprises a baseband stereo sum signal (L+R), a 19 kHz stereo -

15 pilot tone, and an amplitude modulated stereo difference signal (L-R) on an 38 kHz
suppressed carrier wave. The decimating network then supplies the digital representation
of the stereo multiplex signal, which must subsequently be demodulated digitally to
form the digitai L and R signals. However, this demodulation is problematic because
the suppressed carrier wave must be regenerated.

20 Japan Patents Abstracts JP-A-2-95024 shows an analog-to-digital converter
comprising a sigma-delta modulator and a multiplexer for the application of more than
one input signal. A certain transition time is required before the sigma-delta modulator
signal is a correct representation of the input signal. This transition time depends on the
sampling rate of the sigma-delta modulator. After switching over to another input signal

25 it is again necessary to wait for the expiry of a transition time. In this known analog-to-
digital converter this transition time is minimized by initializing the sigma-delta
modulator upon each change-over to another input signal. This procedure makes the
system.comparatively slow.

It is an object of the" inve;ltion to proviﬁe"a’h analog-to-digital converter

30 comprising an oversampling 1-bit sigma-delta modulator which is capable of processing
more than one analog input signal and which does not have the afore-mentiphed
disadvantages. To this end, according to the invention, the analog-to-digital converter of
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- an analog multiplexer having K inputs for receiving K analog signals and

for supplying to the sigma-delta modulator a ﬁhe-mulﬁplex signal which within a

5. period 1/Fs of the sampling rate Fs comprises successive portions of the K analog
- signals, K representing an integer greater than [,

- : a digital demultiplexer for receiving the decimated digital output signal

and for supplying K time-shifted digital signals with the sampling rate Fs,

- ~ a digital interpolator for converting the K digital signals with the sampling

10 rate Fs, which have been shifted in time relative to one another, into K concurrent
interpolated digital signals with the sampling rate Fs, and
- a digital matrix for converting the K interpolated digital signals into K
digital output signals with the sampling rate Fs, each of the K output signals being
derived from at least one of fhe K interpolated signals.

15 Owing to the analog multiplexer and digital demultiplexer operating in
synchronism with the sigma-delta modulator and with the decimator a predictable
crosstalk is obtained between the demultiplexed digital time-sequential signals with the
sampling rate Fs, which crosstalk is remaved by the digital matrix. The digital
interpolator ensures a simultaneous input of digital signal samples to the digital matrix.

20 A further embodiment of an analog-to-digital converter in accordance with
the invention is characterized in that the decimator comprises a time-discrete finite-
impulse-response half-band low-pass filter having a substantially constant envelope delay
and an amplitude characteristic having a roll-off with a 3-dB point situated at the
sampling rate Fs, said roll-off being substantially centrically symmetrical relative to

25 sampfing rate Fs.

Such a half-band low-pass filter has the following advantages: the rising
spectrum of the quantization noise of the sigma-delta modulator is additionally
attenuated and a simple matrixing with predictable coefficients remains possible.

These and other aspects of the invention will now be described and

30 elucidated with reference to the accompanying drawings, in which

Figure 1 is a basic circuit diagram of an analog-to-digital conyérter in

accordance with the invention, and
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Figures 2, 3, 4, 5, 6 and 7 are diagrams to illustrate the operation of an
analog-to-digital converter in accordance with the invention.

Figure 1 shows an analog-to-digital converter in accordance 'with the
invention, which by way of example digitizes two analog signals LA and RA in order to
form two digital signals LD and RD. However, the system can be adapted to handle
more than two signals. The analog-to-digital converter comprises the series arrangement
of an analog multiplexer 2 having inputs 4 and 6 for receiving the analog input signals
LA and RA, a 1-bit sigma-delta modulator 8, a decimator 10, a digital demultiplexer
12, a digital interpolator 14 and a digital matrix 16. The operation of all the
components is controlled by clock pulses from a clock pulse generator, not shown. The
clock pulses are shown in highly sirﬁpliﬁed form. The frequency of the clock pulses is
equal to Fs or a multiple thereof. The multiplexer 2 switches from the input 4 to the
input 6 at the sampling rate Fs. As is shown in Figure 2 this yields an analog multiplex
signal MPXA which is the sum of two analog series of samples having a repetition rate
Fs and shifted 180 degrees relative to one another. The multiplex signal MPXA
comprises a low-frequency component (L+R)/2 and a carrier wave component
SQWV*(L-R)/2, where L and R are the instantaneous amplitudes of the analog signals
L.A and RA and SQWYV represents a squarewave function which is alternately positive
and negative within the period 1/Fs and which may expressed as follows:

MPX= + == XSQWYV

The frequency spectrum of the multiplex signal MPXA is shown in Figure 3 and
comprises the baseband a and harmonics at odd multiples of the sampling rate Fs, of
which only the first harmonic b at Fs and the third harmonic ¢ at 3*Fs are shown.

- The multiplex signal MPXA is applied to the sigma-delta modulator 8
which operates at an oversampling rate N*Fs and which converts the analog multiplex
signal MPXA, into a bivalent or 1-bit digital signal SDMD. The effect of an
oversamplmg 1-bit sigma-delta modulator is inter alta that the comparatlvely very large
quannzatxon noise is shifted ("noxse shaping") to a range above the useful frequency
band of the modulated signal, in the present case the multiplex signal MPXA. This is
illustrated in Figure 4, in which the amplitude of the bivalent signal SDME¥ has been

plotted versus the frequency and in which a and b have the same meaning as in Figure



anal og .input signals LA and RA. Therefore, it is possible t¢ RES QEEMENTt SHEET
the values L 5 and R by neans of a matrix circuit. For thi¢$ purpose it is
first necessary to calculate the signal val ues of at | dadt e é

subseries DML and DWR, for exanple those of the subser ijes [1/2 F?
I nstants at which the sanples in the other subseries DV ocgqur
that the sanples of both subseries seem ngﬂ y originate fromjthe safne

i nst ant s. This cal cul ati on of the internddiate—sanptes

i s effectedl.iThe kpecd’ugu ofathe diserdomponkat wias Adesuli oﬁtmenoamesmanmuohen the
subseries DML a new eries |INT1 Figure 6, and which
al so suppl |%gma-d§f dl&f@(ﬂfzh*}srpqeéssbgwgé°taoﬁmng¥ e 'Which qbﬁ&m PIpmEntary 1oy

T2 MRy Dernk 4R bR of e 166-asORftbr WMhebop Bf A} sifihEIERA MG, Then

thereof. In er case signal s | 2 are both interpol ated
ver si ons ofbivalent $ijfial SDMDVRiay ibesprten ael y, each with a delay equal to half
the tine between the 15 sanples in the digital nultiplex signal MPXD.

In the diggi LR, LoRhéanpwy YL EFs@mpl es of the interpolated(
signal s ISNT E%Igal RT2 are co;ﬂvertegllib§ Jz’ﬁmidl gital output signals LD of (a)n

anplitude L and LR of an anplitude RD. The matrix coefficients follow
fromequations (4) and (5):
where a= N , HF are the higher harmonics of the signal MPXA, and n is the

sin.x
N

noise of the sigma-delta modulator.
The decimator 10 functions as a digital low-pass filter and also converts

the bivalent signal SDMD having the sampling rate N*Fs into a multi-bit digital

10 multiplex signal MPXD having a lower sampling rate Fs. The theory and operation of
1-bit sigxﬁa—delta modulators and decimators are described comprehensively inter alia in
article cited above. Figure 5 shows the frequency spectrum of the digital multiplex
signal MPXD, which has been subjected to steep filtering in accordance with the curve
g of the decimator, so that the higher harmonics HF are suppressed completely and the

15 noise component n is suppressed almost completely. The digital multiplex signal MXPD
is shown in Figure 6 and comprises a series of samples made up of a first subseries of
sémples bearing the numeral I and a second subseries of samples bearing the numeral
2, the samples of the two subseries alternating with one another. In each period 1/Fs
one sample 1 of the first subseries and one sample 2 of the second subseries occur.

20 Allowance being made for the phase shift of the decimator, the series of samples in the
digital multiplex signal MPXD may be represented as:

L+R 20:(L R)

5 x[+1,-1,+1,-1,...] . '(3)

MPXD=

The demultiplexer _se_zparateé the two subseries to form the digita:l signals
DMI1 and DM2, which are also shown in Figure 6. The instantaneous value of the
25 samples 1 in the signal DM1 is:

(=X-+2)L +(.._ -2)R

DM1=_2% @
27
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known per se in

The signals DM1 and DM2 each comprise a mixture of the signal values L and R of the
analog input signals LA and RA. Therefore, it is possible to reconstruct the values L
5 and R by means of a matrix circuit. For this purpose it is first necessary to calculate the
signal values of at least one of the subseries DM1 and DM2, for example those of the
subseries DM1, for the instants at which the samples in the other subseries DM2 occur,
so that the samples of both subseries seemingly originate from the same instants. |
This calculation of the intermediate samples is effected in the digital
10 interpolator 14 which derives from the subseries DM1 a new subseries INT]1, as is
shown in Figure 6, and which also supplies a signal INT2 in response to the signal
DM2. The signal INT2 may be identical to the signal DM2 or to an interpolated version
thereof. In the latter case the signals INT1 and INT2 are both interpolated versions of
DM1 and DM2, respectively, each with a delay equal to half the time between the
15 samples in the digital multiplex signal MPXD.
In the digital matrix 16 the now concurrent samples of the interpolated
signals INT1 and INT2 are converted to the digital output signals LD of an amplitude L
and LR of an amplitude RD. The matrix coefficients follow from equations (4) and (5):

2a0 1 2« 1

LD=INT1[4_T+§]+INT2[4_T-§] ©
2a 1 2 1
2 = =1+ Pt ek
0 RD IN'rl[41r 8] 1N'1‘2[41r 8] | )

~

Interpolators are known per se from, for example, the article: P.A. Regalia er al., "The
digital allpass filter: a first versatile signal processing building:block", Proceedings of-
" the IEEE, Voi*'76, No. 1, January 1988, pp. 19-32. Analog multiplexers, digital
dgmulﬁﬁléxsgg and digital matrices .are devices 'which.aref known per se'in analog and
25 digital signal processing and require no further explanatién.

From the above it will be apparent that the system can also be adapted to
more than two signals. The multiplexer 2 then cyclically applies the input-ggnals to the
sigma-delta modulator 8, the period of the cycle being 1/Fs. If there are K ini)ut signals
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The anal og nul ti pl ex signal MPXA then is the sum of m&@&é}\i%ﬁﬂ
signal s having a phase shift of 360/ K degrees relativge {0 one ano;&er
The corresponding fornulas (1)...(3) are obt ai ned by :0@ i2e? Kl ites
expansi on of the signal MPXA. The required coefficients fo 5 the
corresponding matrix are conputed by appropgri ate adaptati op of the above
fornul as. Advant ageously, the last filt¢r of the

deci mat or 1Gaolmyf denKrsigmalawill BB transmittedi ifi & RiRidnal/(K #R4) I The th8g Sndifiplee’ -
having a finite inpulse response and a substantially .

signal MPXA then is the sum of K sampled analog signals having a phase shift of
360/K degrees relative to one another. The corresponding formulas (1)...(3) are
obtained by Fourier series expansion of the signal MPXA. The required coefficients for
5 the corresponding matrix are computed by appropriate adaptation of the above formulas.
Advantageously, the last filter of the decimator 10 may comprise a time-
disqrete half-band low-pass filter having a finite impulse response and a substantially
_canstant envelope delay, whose amplitude characteristic h is shown in Figure 7. The
characteristic h is substantially flat for the baseband a and has a roll-off which is
10 centrically symmetrical relative to the sampling rate Fs and has a 3-dB point situated at
the sampling rate Fs. The roll-off may cover the entire spectrum of the entire first
harmonic b, as is shown in ngure 7, but it may also cover only a part of the spectrum
b. As a result of the roll-off the sum of the frequency components k, which are
centrically symmetrical relative to the sampling rate Fs, is substantially constant and is
15 equal to half the sum of the frequency components b. The frequency-dependent
attenuation of the digital multiplex signal MPXD caused by the half-band low-pass filter
gives rise to an additional attenuation of the first harmonic b by a factor of 2.
Allowance can be made for this by replacing the factor 2« in the above equations (3) to
(7) by a. Such a half-band low-pass filter has the following advantages: the rising
20 spectrum of the noise component n is attenuated additionally and a- simple matrixing
with predictable coefficients remains possible. The half-band filter may be formed, for
example, by an 11-tap symmetrical fifth-order FIR (finite impulse response) filter,
which is known per se as a Quadrature Mirror Filter (QMF), for example, from the
article "A trick for the design of FIR half band filters" by P.P. Vaidyanathan et al.,
25 IEEE Transactions on Circuits and Systems, Vol. CAS 34, No. 3, March 1987, pp.
297-300.
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signal into a bivalent signal with an oversampling rate N*Fs which is a multiple N of a
5 sampling rate Fs, N being an integer greater than 1, and |
- a decimator (10) for converting the bivalent signal into a decimated digital
signal with the sampling rate Fs, characterized in that the analog-to-digital converter
further comprises: _
- an analog multiplexer (2) having K inputs for receiving K analog signals

10 and for supplying to the sigma-delta modulator (8) a time-multiplex signal which within
a period 1/Fs of the sampling rate Fs comprises successive portions of the K analog
signals, K representing an integer greater than 1, '

- a digital demultiplexer (12) for receiving the decimated digital output
signal and for supplying K time-shifted digital signals with the sampling rate Fs,

15 - a digital interpolator (14) for converting the K digital signals with the
sampling rate Fs, which have been shifted in time relative to one another, into K
concurrent interpolated digital signals with the sampling rate Fs, and
- ) a digital matrix (16) for converting the K interpolated digital signals into
K digital output signals with the sampling rate Fs, each of the K output signals being

20 derived from at least one of the K interpolated signals. |
2. An analog-to-digital converter as claimed in Claim 1, characterized in that
the decimator (10) comprises a time-discrete finite-impulse-response half-band low-pass
filter, having a substantially constant envelope delay and an amplitude characteristic -
‘having a Toll-off with a 3-dB point situated at the sampling rate Fs, said roll-off being

25 substantially centrically symmetrical relative to the sampling rate Fs.
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Abstract- 1
Analog-to-digital converter for converting a multitude of analog input signals into digital

output signals by means of one sigma-delta modulator

An analog-to-digital converter for converting a multitude of analog input
signals into a corresponding multitude of digital signals comprises a series arrangerhem
of an analog multiplexer (2), an oversampling sigma-delta modulator (8), a decimator-
(cum-low-pass filter (10), a digital demultiplexer (12), an interpolator (14) and a digital

5 matrix (16), which are all operated in synchronism.

(Figure 1)
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Abstra
Analog-to-digital converter for convérting a multitude of analog input signals into digital
output signals by means of one sigma-delta modulator

An analog-to-digital converter for converting a multitude of analog input
signals into a corresponding multitude of digital signals comprises a series arrangement
of an analog multiplexer (2), an oversampling sigma-delta modulator (8), a decimator-
cum-low-pass filter (10), a digital demultiplexer (12), an interpolator (14) and a digital

matrix (16), which are all operated in synchronism.

(Figure 1)



