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_ This invention relates to apparatus for reproducing digital
and analogue audio signals.

Analogue audio tape recorders are known wherein an analogue
signal is recorded in a longitudinal track on a magnetic tape driven
past a stationary head that reproduces the analogue signal. In high
fidelity audio equipment , two channels of audio signal are normally
recorded to provide left (L) and right (R) stereophonic channels of
audio information. Typically, the magnetic tape is housed in a
cassette, such as a compact cassette, wherein the tape may be driven
first in one direction to reproduce one audio programme comprising
left and right channels of audio information recorded on one "side" of
the tape, and then in the opposite direction to reproduce'another
programme of left and right channels of audio information recorded on
the other "side".

-In some cassette players operable with such cassettes, the
two different directions of movement of the magnetic tape are achieved
simply by turniné the éassetbe over to play a “différent side" of the
tape. ‘Other cassette players include a so-called "auto-reverse"
feature, whereby the tape is driven in one direction to reproduce
signals from one "side" and then, when the tape reaches its end, or
upon selection by the user, the tape transport direction is reversed

such that signals recorded on the other "side" are played back. In '
actuality, the two "sides" of the tape comprise upper and lower

longitudinal halves of one tape surface, the two halves respectively
lying above and below the centre line of the tape. Digital audio tape
players also are known in which audio signals are recorded in digital
form in separate longitudinal tracks, or chamnnels of the tape.
Recording or reproduction of these digital siénals is achieved by
using an individual head for each channel, whereby a plurality of
channels are neecrded'or reproduced substantially simultaneously.
Like the analogue audio cassette player, the digital audio cassette
player, -is capable of reproducing digital signals recorded in
longitudinal tracks on two "sides" of the tape, that is in tracks on

- upper and lower halves of the tape.
In one type of digital tape player the ;tape muft bé thraéd 1 f@
: 1Y e i . 3 . t‘ i N

. 5 . % L AODae %
dinal track ogna.magnetic tape’ l;\,l:\??ﬁ{l ..........
T RIPGH

L
o

o
L’
/

-



i?,tion Typical ly, the magnetic tape is housed in a .

cassegte’i@uch as a conpact cassette, wherein the tape nay be drlven'
flrsﬁé?n bhe direction to reproduce one audi o programme conpri ghl MmUﬁwB%
| ef f*and

the tapekg

Fi ght .channel s of audio information recorded on one "SI
and then in the opposite directi,on to reproduce anoth

progra of | eft and right channels of aldio information recorde

the otheg "side" In sonme cassette players operable
with suc Casse&vteﬁsbo SdMmit the digital SLgnJl‘QOre%Meﬂr&néﬁcW 'rsEiEE" QPSnelt aﬁgverrent
of the ghetic tape- are ac urni ng

cassette
cassette
wher eby
signal s
upon sel

over t%® pleayplavedij backy entlnsijoyher ofigibal tape players ha‘!’d’pe thex her

pl ayerﬁ‘ob&ﬁnﬁ%eﬂ 1 t6 dlek@fbe’ AtalarelV Bl Qirection of movementf @Rt Ure,
he tape \h.one direction

S o SR Gpf ' BitaL] netFesih o et G EAGRALY rpeondgson gach
gctigpn 'lxslde'heomrepxb&meﬁape transport direction is reversed
zetual 1], Tthe tuo -si Heaobanpig? sl bt saBl BB TRIBE Spe tabeo

§nal hatevessedf featurd,atuw sensfaﬁeeactshaaret oarmablyyvprovi dedicond vet o

fve and.Debivet i165R" b€ dif a1 0ighlifs (4P %ne RaBkiRly B irPoh 206
half portion of the tape (for example from "side" A) when the tape is

10 driven in the forward direction, and another set of heads to reproduce
analogue or audio signals from the other half portion of the tape (for
example from “side" B) when the tape is reversed. Of course, for
analogue and digital tape players that do not exlilbit the “auto
reverse" capability, only one set of heads need be provided.

15 Although separate analogue audio signal reproducing apparatus
and digital signal reproducing apparatus are known, it is often
desirable to provide both analogue and digital reproducing
capabilities in a single machine. It had been thought that such dual
analogue and digital capability requires separate transducers (that is

20 separate -analogue and digital heads) as well as separate and
indebendently operable signal processing circuitry. Of course, the
use of separate sets of heads and separate processing circuits is
expensive, occupies substantial space, results in bulky equipment, and
is complicated to assemble and use.

25 Aceording to the present invention there is provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or ah'analogue
audio signal recorded in one longitudinal track on a record medium,
the apparatus comprising:

30 a plurality of heads for reproduelng the M channels of dlgxtal audio
signals or for reproducing the analogue audio signal;
multiplexer means coupled to said plurality of heads for multiplexing
the digital or analogue audio signals reproduced by said heads;
analegue-to-digital converter (ADC) means coupled to said multiplexer

35 means for digitizing the multiplexed audio signals;
waveform equalizer means coupled. to Sald ADC means for waveform
equalizing a digitized audio signal recovered from said digital audLo'

- -
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5. are known in which audio signals are recorded in digital

L&arate | ongi tudi nal tracks, or channels.of the tape.
Recesei n@ or reproduction of these digital signals is achieved by
usi /g an
channel s

§ ndi vi dual head for each channel, where Fﬁw%&mk
lare recorded or reproduced substantlally
Li ke thefanal ogue audi o cassette player, Bhe digi tte

pl ayer, capable of reproducing digital signals recorde

| ongi t udgnal % on two "sides" of the tape, that is in tracks on
upper ant Iowers Ba+\Pas of the tape. In one type of
digital @ape plprpeessihg meamt‘mushmthgttHeneitltized audio signals produced by

said ADC means when said plurality of heads reproduce an analogue
audio signal;

5 digital handling means coupled to said waveform equalizer means for
digitally processing the waveform equalized digitized audio signal;
digital filter means coupled to receive the summed digitized audio
signals from said processing means when said plurality of heads
reproduce an analogue audio signal and to receive the digitally

10 processed audio signals from said digi;al handling means when said
plurality of heads reproduce a digital audio signal; and
digita1~t04analogue converter means coupled to said digital filter
means for producing an analogue audio signal in response to digital
signals supplied thereto by said digital filter means.

15 According to the present invention there is also provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or an analogue
audio signal recorded in one longitudinal track on a record medium,
the apparatus comprising:

20 a plurality of heads for reproducing the M channels of digital audio
signals or the analogue audio signal, with at least one of said heads
being displaced relative to the other heads in a longitudinal
direction such that a relative time shift‘t is imparted between the
audio signal reproduced by the displaced heads and the audio signals

25 reproduced by the other heads;
delay means for delaying the audio signals reproduced by the displaced
heads relative to the audio signals reproduced by the other heads to
minimize said time shift * ; and
summing means for summing the audio signals reproduced by said other

30 heads and the delayed audio signals to recover the analogue audio
signal recorded in said one track.

According to the preéent invention there is also provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or left-channel (L)

35 and right-channel (R) analogue audio signals recorded in respective
.longitudinal tracks on a record medium, the apparatus comprising:

M magnetoresistive heads for reproducing the M channels of digital
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analogue-to-digital converter (ADC) means coupled to said multiplexer
means for producing digitized samples of the M multiplexed channels of
digital audio signals or the N multiplexed channels of L and R
analogue audio signals;

10 waveform equalizer means coupled to said ADC means and including
summing means normally operable to equalize digitized waveform samples
recovered from said digital audio signals and selectively operable to
sum N/2 digitized samples of L analogue audio signals and to sum N/2
digitized samples of R analogue audio signals;

15 data detecting means coupled to said waveform equalizer means for
producing M-data channels of digital audio signals;
digital signal processing means coupled to said data detecting means
when said heads reproduce digital audio signals for demodulating said
M data channels of digital audio signals, said digital signal

20 processing means being coupled to said summing means when said heads
reproduce analogue audio signals for providing summed L signals and
summed R signals; and '
digital-to-analogue converter (DAC) means coupled to said digital
processing means to convert to analogue form the digitized signals

25 supplied thereto,

According to the present invention there is also provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or left-channel (L)
and right-channel (R) analogue audio signals recorded in respective

30 longitudinal tracks on a record medium, the apparatus comprising:

M heads for reproducing the M channels of digital audio signal, N of
said M heads {N¢M) reproducing the L and R analogue audio signals and
at least one of said N heads being displaced relative to the other
heads in a longitudinal direction such that a relative time shift T is

35 imparted between the audio signals reproduced by the displaced heads
and the audio signals reproduced by said other heads;
multiplexer means coupled to said M heads for multiplexing the M
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' data processing and detecting means coupled to said ADC means and
normally operative to process the digitized samples of said M
multiplexed channels for producing M data channels of digital audio
10 signals;

digital signal processing means coupled to said data processing and
detecting means when said heads reproduce digital audio signals for
demodulating said M data channels of digital audio signals, said
digital signal processing means including delay and summing means

15 coupled to said ADC means when said heads reproduce analogue audio
signals for delaying selected ones of N/2 digitized samples of the L
analogue audio signal reproduced by the displaced heads and for
delaying selected ones of N/2 digitized samples of the R analogue
audio signal reproduced by the displaced heads substantially to

20 eliminate said time shift = , and for summing the delayed and
undelayed digitized samples of the L analogue audio signal and for
summing the delayed and undelayed digitized samples of R analogue
audio signal; and )
digital-to analogue converter (DAC) means coupled to said digital

25 signal processing means to convert to analogue form the summed
digitized samples produced by said digital signal processing means.

In an embodiment of this invention, apparatus is provided for

reproducing either M éhannels of digital audio signals recorded in
several longitudinal tracks on a record medium or an analogue audio

30 signal recorded in at least one longitudinal track on a record medium.
4 plurality of heads reproduces the M channels of digital audio
signals or the analogue audio signals; and the reproduced audio
signals are multiplexed. An analogue-to-digital converter (ADC)
digitizes the multiplexed audio signals which are supplied to a

35 waveform equalizer. A processor sums the digitized audio signals
| produced by the ADC when an analogue audio signal is reproduced by the
heads and the summed signals are supplied to a digital filter which
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normally receives the output of a digital handling circuit that

digitally processes the waveform equalized digitized audio signal when

a digital audio signal is reproduced. The output of the digital

filter is converted to analogue form by a digital-to-analogue
5 converter,

In one embodiment, the heads comprise M magneto-resistive
heads, and only N of those heads (N < M) are used to reproduce the
analogue audio signal. In this embodiment, the aforementioned
processor is included in the waveform equalizer and includes a

10 synchronous detector for detecting digitized samples produced by the
ADC and a summing circuit coupled to the synchronous detector for
summing N successive samples from the ADC. #As one aspect, the summing
circuit comprises an adder and an accumulator interconnected such that
the contents of the accumulator are summed in the adder with a sample

15 produced by the ADC and the summed signals are loaded into the
accumulator to be summed with the next sample that is produced by the
ADC.

Inan ali:ernate embodiment, the heads are formed as bulk-type
magnetic heads, such as induction-type heads, at least one of which is

20 displaced relative to the others in a longitudinél direction such that
a relative time shift v is imparted between the signals reproduced by
the displaced heads and the signals reproduced by the other heads. In
this embodiment, the processor includes a delay circuit for
selectively delaying by a predetermined amount, such as ¥ , the

25 digitized samples from the ADC when analogue audio signals are
reproduced by the displaced heads. As one aspect of the embodiment,
the processor comprises-a storage circuit for storing the digitized
analogue audio samples produced at sampling intervals k, (k - 1), (k -

2), 4vas (k-1 ~-mn), ...; and an accumulator for accumulating the

30 sum of the digitized samples recovered from the other heads at the
{(k - 1)th sampiing interval and the digitized samples recovered from
the displaced heads at the (k - 1 -n)th sampling interval.

The invention will now be described by way of example with
reference to the accompanying drawings, throughout which like parts

35 are referred to by like references, and in which:

Figures 14 and 1B, in combination, illustrate a block diagram
of one embodiment of the present invention;
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Figures YA to H4J are timing diagrams relating to the
embodiment of Figures 14 and 1B;

Figures 5% and 5B, in combination, iliustrate a block diagram
of another embodiment of the present invention;

10 Figure 6 is a schematic representation of the heads which may
be used to reproduce digital or audio siénals in the embodiment of
Figures 54 and 5B;

Figure 7 is a flow chart for the embodiment of Figures 54 and
5B, _

15 Figure 8 is a block diagram of yet another embodiment of the
present iavention;

Figures 9A to 9M are timing diagrams for the embodiment of
Figure 8;
Figures 10 and 11 are block diagrams of other arrangements

20 which may be used to reproduce analogue audio signals from a record
medium;

Figure 12 is a frequency characteristic vector dxagram
relating to the embodiment of Figures 5& and 5B; and )

Figure 13 is a graphical representation of a frequency

25 characteristie relating to the embodiment of Figures 54 and 5B.

Before deseribing the embodiments of the present invention,
reference is mélde to Figure 2 which schematically illustrates a
magnetic tape TA on which a digital audio signal or an arialogue audio
signal may be recorded.

30 ~ Assuming that the tape TA conforms to the standards adopted
for the compact cassette, the width of the tape TA is 3.81 mm and,
when analogue audio signals are recorded thereon, left-channel L and
right-channel R analogue audio signals are recorded in respective
longitudinal tracks by ordinary analogue recording heads. As is

35 standard, the recording heads are positioned such that the left-
channel and the fight-lchannel signals are recorded in respective
tracks on one half portion of the tape TA, such as side &. More
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e which the tape TA is housed is turned over, the heads LA and RA record

left-channel and right-channel audio signals on the side B. When the

side A is recorded, the tape TA is transported in the left-to-right

direction for the recording of left and right channel signals; and

10 when the compact cassette is turned over, the tape TA may be thought

of as now being driven in the right-to-left direction such that left

and right channel signals are recorded on the side B. Of course, to

reproduce these left-channel and right-channel audio signals, the

heads LA and RA are used to play back the audio signals from the side

15 A and, when the tape TA is turned over, the audio signals are played
back from the side B.

If the recording apparatus with which the tape TA is used has
an "“auto reverse" feature, two sets of analogue heads are used: one
set comprising heads LA and RA to record the aforementioned left and

20 right channel audio signals on the side A&; and a mirror image'

e g e e
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representation comprising heads LB and RB to record the left and right

channel audio signals on the side B. Audio signals are recorded on

the side A when the tape TA is transported in the left-to-right

direction and audio signals are recorded on the side B when the tape

25 TA is transported in the right-to-left di'reetion, thus requiring two

sets of playback heads. Alternatively, the reproducing apparatus may

be provided with but a single set of the heads LA and RA, thus

requiring the ﬁpe TA to be turned over to reproduce the audio signals

from the side B. Consistent with the standards adopted for recording

30 analogue audio signais on a compact cassette, the heads RA and RB are
located closer to the centre liné CL than are the heads LA and LB,

As an alternative to having analogue audio signals recorded

on respective tracks on the sides & and B of the tape TA, the tape TA

may have digital audioc signals recorded thereon. In one technique,

35 stereophonic digital audio signals, comprising left-channel and right-

channel information, are recorded in multiple channels, or tracks,

such as in M tracks, by M heads. For digital recording/playback
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pl exi ng the M channels of digital audio s
and R anal ogue audi o signals; anal ogue-to- d|
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apparatus having auto reverse capability, two sets of M hg;ds may be
ppovided. one set disposed on one side of the centre line CL to record
or reproduce digital audio signals on the side A of the tape TA, and
the other set disposed on the opposite side of the centre line CL to
record or reproduce digital audio signals on the side B, If the
recording/playback apparatus is not capable of operating in an auto
reverse mode, only one set of heads need be provided, and signals may
be recorded on both the sides A and B-simply by turning the tape TA
over. _

Figure 2 illustrates a set of eight magnetic heads (M=8) 14,
28, 34, ...TA, OA for recording eight channels of digital audio
signals on the side A. In the absence of an auto reverse capability,
these same heads 14 to 7A, OA are used to record/reproduce digital
audio signals from the side B when the tape TA is iransported in the
reverse direction: '

Typically, analogue recording/playﬁack apparatus is not
capable of recording or reproducing digital audio signals and,
similarly, digital recoéding/playback apparatus is not capable of
recording analogue audio signals. To provide dual capabilities in the
same device, analogue recording/playback heads and digital
recording/playback heads have heretofore been required. Thus, and
with reference to Figure 2, the heads LA and RA (as well as the heads
LB and RB) would be used to record or reproduce analogue audio signals
only; and the heads 1A to O& (as well as the heads 1B to 0B) would be
used to record or reproduce digital audio signals only. If the
analogue audio signals are stereophonic signals, they are recorded in

_two tracks on one side of the tape TA, and if the audio signals are
monophonic signals, they are recorded in only one track. Stereophonie

digital audio signals are recorded in M tracks on one side of the tape
TA and; in one recording technique, the digital audio signals comprise
audio information recorded by the heads 1A to TA (as well as by the
heads 1B to 7B}, and cue signals recorded by the head 0A (as well as
by the head 0B). The cue signals relate to the location of various
audio programmes for quick access, such as by fast forward operation,
and also may be used to perform other known functions. Such cue
signals are useful in reproducing the digital audio information, thus,

for the purpose of the present discussion, the head 0A {and the head

igital audio S|gnals or the
¥ channel s of L and R anal ogue audi o signals;

?als, N of said.magnetoresistive heads (N err]M reproducing
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In an embodiment of the present invention, the heads normally
used to reproduce digital audio signals are used to reproduce analogue
audio signals that may have been recorded on a separate device by the

10 analogue recording heads LA and RA {or by the heads LB and RB)}. A
comparison of the alignment of the analogue heads with the digital
heads in Figure 2 indicates that, when analogue audio signals are
recorded by, for example, the head LA, the digital heads 1A, 2A and 34
reproduce respective portions, or sub-channels, of the analogue audio

15 signal. Likewise, when analogue audioc signals are recorded by the
head RA, the heads 54, 64 and 7A reproduce respective sub-channels of
that analogue audio signals and, thus, are assumed not to reproduce
useful information. Similarly, the head OA is aligned between the
centre line CL of the tape TA and the track of analogue audio signal

20 recorded by the analogue head RA and, therefore, it too is assumed not
to reproduce useful analogue information, In similar manner, if two
sets of digital heads are provided, the heads 1B, 2B and 3B reproduce
individual sub-channels of the left channel audio signal recorded by
the analogue head LB, and the digital heads 5B, 6B and 7B reproduce-.

25 individual sub-channels of the right channel audio signal recorded by
the head RB. Here too, the heads 4B and OB are assumed not to
reproduce useful analogue information. Thus, of the M heads used for
digital audio signal reproduction, N of those heads (N<M) are used to
reproduce analogue audio signals. In the illustrated embodiment, M=8

30 and N=6, although in general, 2<N¢M.

The manner in which signals are repr-oduced from the tape TA
by the heads 1A to 7A and OA and by the heads 1B to 7B and OB will be
discussed in conjunction with the block diagrams shown in Figures 14
and 1B. It is assumed that the digital heads 1A to 74, OA and 1B to

35 7B, OB are constructed as magnetoresistive heads. These heads are
sufficiently small as to be aligned transversely of the longitudinal
axis of the tape TA. As is known, to reproduce digital signals, the
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i slpwphid Rigure 1A, is coupled to the magnetoresistive heads from a DC

pias current generator 19 by a suitable switch sw3. The switch sws is
illustrated schematically as an electromechanical switch, but it will
be appreciated that it is a solid-state switching element,

Although not shown in detail in Figure 1A, each
magnetoresistive head comprises a magnetoresistive sensing portion and
a bias portion which applies a bias magnetic field to the sensing
portion. The DC bias current produced by a bias generator 19 ié
supplied to the bias conductor which applies a bias magnetic field to

the sensing portion of the magnetoresistive head. When this sensing

portion detects a changing magnetic field, as from signal recorded on
the tape TA, its resistance value changes proportionally thereto; and

this change in resistance value is detected to produce a signal
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representing the recorded signal. As will be described, when digital
audio signals are reproduced from the tape TA, the bias conductor
included in the magnetoresistive head is supplied with an AC clock
signal produced by an AC bias clock generator 20 which is coupled to
the magnetoresistive heads by the switch SW3 and the DC bias current
is supplied to the magnetoresistive semsing portion. Accordingly,
when digital audio signals are to be reproduced by the apparatus of
Figures 1A and 1B, the switch SH3 couples the bias generator 19 to the
magnetoresistive h.eads; and when analogue audio signals are to be
reproduced, the switch SW3 is operated to couple to the bias portion

of the magnetoresistive heads, the AC bias clock signal produced by -

the clock generator 20.

The signal reproducing apparatus comprises a multiplexer 3,
an analogue-to-digital converter (ADC) 4, a waveform equalizer 5,
digital handling circuitry 30 (Figure 1B), a digital signal processor
14, an over-~sampling filter 15 and a digital-to-analogue converter
(D4C) 16. The multiplexer 3 comprises an analogue multiplexer having
plurality of inputs coupled to the heads 14 to TA (or to the heads 1B
to 7B) by amplifiers 2,, 2,, 23, ...2q, respectively. The analogue
multiplexer multiplexes the sub-channel signals supplied thereto from
the digital heads in time division multiplexed form so as to provided
a serial signal. It is appreciated that, when digital signals are
recorded on magnetic tape, the signals reproduced by the digital heads

is inparted between the
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signals having analogue waveforms are reproduced by the digital heads
or analogue signals are reproduced thereby, the multiplexer 3
functions to provide a serial analogue signal corresponding to the
reproduced analogue wave shapes reproduced from the respective digital
channels or analogue sub-channels by the heads.

The multiplexer 3 is coupled to the ADC 4 which is supplied
‘with a sampling clock signal of frequency Fg. The ADC 4 samples the
serial signal produced by the multiplexer 3 to provide a multi-bit
digital representation of each sample. When the illustrated apparatus
is used to reproduce digital audio signais, the ADC & functions as a
wave shaper and serial-to-parallel converter'for the digital signals
which are reproduced with analogue wave shapes. Of course, when
analogue audio signals are reproduced by the digital heads, the ADC 4
serves to sample the multiplexed sub-channel signals recovered from
individual heads and to digitize each sample.

The digital audio signals which are reproduced by the
illustrated apparatus are normally recorded in a time compressed mode,
whereby ori'ginal audio signals are digitized by a 16-bit linear
quantization process, time compressed by a factor of 1/4, interleaved
and recorded on seven parallel tracks. A&s is typical, to record an
original analogue audio signal in digital form, the analogue signal is
sampled at a frequency f'y, that iIs at least tuice the maximum
frequency included in the analogue signal., Hence, the sampling
frequency f'g may be about 32 kHz, 44.1 kHz, 48 kHz or another known
sampling frequency. A&ccordingly, to be compatible with the sampling
frequency used for recording, the frequency Fy of the clock signal
supplied to the ADC 4 for sampling the multiplexed signals recovered
from the playback heads may be expressed as Fg = 8f'g.

The waveform equalizer 5 is coupled to the ADC 4 and receives
a parallel "8-bit digital signal from the ADC 4, The waveform
equalizer 5 functions as a digital filter, such as a finite impulse
response filter. The waveform equalizer 5 serves to correct amplitude
variations in the magnetically recorded signal due to the digital

digital audio signal or N channels of L and R anal ogue

0 process the digitized sanples
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In accordance with this transfer function, the output signal level
exponentially decreases as the frequency of the signal inereases. If
the digital signal is recorded as a non-return to zero {NRZ) pulse,
10  the output waveform reproduced by the magnetic head appears sinusoidal
having a relatively large level when a continuous "“i" or "O" is
recorded; but the level of this sinusoidal wave is relatively low when
the recorded digital signal comprisés alternating "1" and "0". The
uavefofm equalizer 5 operates to increase the level of the sinusoidal
15  wave in the event that alternating 1's and 0's are reproduced, whereby
the original digital signal, such as a square wave, may be recovered
accurately from the output of the playback head. .

di gi tal
audi.o g

In one example, the waveform equalizer 5 comprises a series
of cascaded delay circuits Sa, 5b, 5c and 5d, each delay circuit being
20 formed as an B-bit shift register having sixteen stages. Thus, if the
clock signal Fg is supplied to the delay circuits, each delay circuit
imparts a time delay of about 16‘1‘s wherein T = 1/F,. The outputs of

the delay circuits 5a to 5d, as well as the output of the ADC 4, are
i coupled to a data selector 5e which functions to select a desired time
| 25 delay by coupling one of the delay circuit outputs therethrough. If
T = 16'1'3, then the data selector 5e selectively delays the digitized
samples produced by the ADC 4 by 0 x T, 1x T, 2xT, 3xTor U4 xT.
The output of the data selector Se, that is, the selectively
delayed 8-bit digitized sample produced by the ADC 4, is coupled to a
30 multiplier 5f which multiplies the digitized sample with a
predetermined coefficient. In this regard, the digital coefficient
generator 5g is selectively coupled to another input of the multiplier
5¢f by a switch SW,. The switch SW, is ganged for similtaneous
operation with the switch SW3 such that, when the playback heads
35 reproduce a digital audio signal, the switch SW, couples the digital
coefficient generator 5g to the multiplexer 5f, but when an analogue
audio signal is reproduced, the switch SWy couples the clock generator
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20 to the multiplier S5F. The digital coefficient generator 5g
.supplies a parallel 8-bit signal representing a predetermined
coefficient that corresponds to the pafticular delay selected by the
data selector Se.. Thus, the coefficient with which the selectively
delayed digitized sample is multiplied is itself a function of that
selected delay.
The output of the mulbiplier 5f is coupled to a summing
circuit comprising an ‘adder 5h and an accumulator 5i. The output of
the adder 5h is coupled to the accumulator 5i which, in turn, has an
output that is fed back to the adder 5h to be summed with the output
of the multipiier 5f. Accordingly, the contents of the accumulator
5i, which are represented as a 12-bit parallel signal, are summed with
the output of the multiplier 5f to produce a parallel 12-bit summed
signal that 1is loaded into the accumulator 5i to be summed
subéequently with the next product produced by the multiplier 5f.
The output of accumulator 51 is used as the output of the
waveform equalizer 5; and in one example, the six most significant
bits of the 12-bit signai stored in the accumulator 5i are provided as
the waveform equalized output signal. The output of the waveform
equalizer 5 is coupled to the digital handling circuit 30 which
supplies a digitally processed, waveform equalized, digitized audio
signal to the digital signal processor 14. More particularly, a
switch SW,, uhich‘may be ganged with switches SWy and sw3, couples the
output of the digital handling circuit 30 to the digital signal
processor 14 when the illustrated apparatus is used to reproduce
digital audio signals; and the switch SW, is operated to couple the
output of the waveform'equalizer 5 to the digital signal processor
when analogue audio signals are reproduced by the playback heads.
The digital handling circuit 30 comprises a data detector 6
~supplied with a clock signal generated by a phase locked loop {PLL)
circuit 7, the latter being coupled to the output of the waveform
equalizer 5 to extract a clock signal from the waveform equalized
digitized audio signal supplied thereto. In response to the extracted
clock signal, the data detector 6 recovers a time division frequency
multiplexed digital audio signal corresponding to the digital audio
signal reproduced from the parallel tracks by the heads 14 to TA. One
example of the data detector 6 and the PLL circuit 7 may be of the
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to a synchronizing signal separating circuit 9 to separate a
synchronizing signal therefrom. The 7-chamnel digital audio signals
then are coupled to an eight-to-ten (8/10) demodulator 10 and to a
10 synchronizing interpolating circuit 11, from which the demodulated T-
channel digital audio signals are supplied to an input/output (1/0)
circuit 12. An error correcting circuit 13 is coupled to 1/0) circuit
12 to perform an error correcting operation, if necessary. Error
correction of digital signals is known and further description thereof
15 is not provided.

The purpose of the 8/10 demodulator 10 is to recover 8-bit
data from 10-bit data that is normally recorded. Although not shoun
herein, it will be appreciated that, during a digital audio signal
recording operation, 8-bit digital samples of the audio signal are

20  converted to ten bits for recording; and the demodulator 10 functions
to reconvert the recorded 10-bit signals to 8-bit format.

A system controller 18, shown in Figure 1A, is supplied with
a cue signal normally reproduced by the head OA {or the head OB) and

: also with a control signal from the I/0 circuit 12. The system
25 controller 18, which forms no part of the present invention per se,
functions to ‘supply control signals to respective portions of the
reproducing apparatus.
i © The digital signal processor 14, which is selective_ly coupled
‘ to the I1/0 cireuit 12 by the switch SW,, functions to demodulate the
30 T7-channel digital signals in accordance with the bit rate reduction
used for recording, The digital signal processor 14 includes a
programmable sequence, accumulator and random access memory described
further below in conjunction with Figures 54 and S5B. The output of
the digital signal processor 14 is coupled to the over-sampling filter
35 15, thereby supplying thereto either the summed digitized audio
signals provided at the output of the accumulator 5i when analogue
audio signals are reproduced by the playback heads, or the digitally
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analogue form by the DAC 16; and the converted analogue signal then is
filtered by a low-pass filter 17 to recover analogue audio signals.
Thus, whether digital or analogue audio signal are reproduced by the
playback heads, the low-pass filter 17 produces an analogue audio
signal which may be converted to audible sound. The filter 17 also
functions to remove a final aliasing noise component, thus producing
left-channel and right-channel stereophonic audio signals.

In accordance the present case, the circuitry normally used
to recover and process digital audio signals is used to recover and
process analogue audio signals. In particular, the manner in which
the multiplier 5f in the waveform equalizer 5 is used to process
analogue audio signals is best illustrated in Figure 3, Here, a
magnetoresistive head 21 is shown with its sensing portion 22 and bias
conductor 23. When connected to recover analogue audio signals, the
AC bias clock generator 20 is coupled by the switch sw3 to the bias
conductor 23; and the sensing portion 22 is supplied with a constant
bias current from DC bias current generator 13, As mentioned above,
the DC bias current produced by the bias generator 19 is supplied to
the sensing portion 22 when both digital and analogue audio signals
are reproduced. However, the bias conductor 23 is supplied with the.
DC bias current when digital audio signals are played back with the AC
bias clock when analogue audio signals are played back. The output of
the sensing portion 22 is coupled through the amplifier 2 and the
multiplexer 3 (not shown in Figure 3} to the ADC 4, whereat the
recovered, multiplexed analogue signal is digitized. The multiplier
5f is supplied with the AC bias clock by the switch SW, when analogue
audio signals are reproduced; and the AC bias clock functions to
synchronously detect the digitized samples.

The manner in which the apparatus shown in Figures 1A and 1B
reproduces analogue audio signals now will be described with reference
to the waveform diagrams of Figures 44 to 4J. Figure YA illustrates
the sampling clock of frequency Fg having a period Tg suppliéd to the

8ads and the signals reproduced by the other heads. In this
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OABC Y, Figure 4B schematically represents the successive time
division multiplexed samples produced by the multiplexer 3 in response
to the control signal supplied thereto 50 as to serialize the analogue
signals reproduced from the sub-channels by the heads 1& to TA and 04
{(as well as by the heads 1B to 7B and OB). It is seen that the
frequency of the multiplex control signal is equal to the sampling
clock frequency Fg such that, during each sampling elock period, the
signal produced by a respective one of the playback heads from a sub-
channel is coupled through the multiplexer 3 to the ADC ¥,
Figure UC represents the outpuﬁ derived from the multiplexer
3. Assuming that the control signal supplied thereto exhibits
repetitive intervals 0, 1, 2, ... 6, 7, 0, 1, ... and so on, it is
seen from Figure HC that, since the output from the head OA (or the
head 0B) is not supplied to the multiplexer 3, the output of the
multiplexer 3 at sample time 0 {which corresponds to the output from
this head) may be thought of as being "idle". At sample times 1, 2
and 3, the multiplexer 3 supplies analogue outputs from the sub-
channels reproduced by the heads 1&, 2A and 3A, respectively. At
sample time 4, the multiplexer 3 supplies the output reproduced by the
20 head UA; but from Figure 2, it is seen that the head 48 is aligned
between the left~channel and right-channel analogue tracks. Hence,
the information produced from the head YA may be thought of as noise.
At sample times 5, 6 and 7, the multiplexer 3 supplies the
analogue outputs from the sub-channels reproduced by the heads 54, 6A
25 and 78, respectively. Then, the foregoing multiplexing process

repeats.
From Figure 2, it is recognized that the heads 14, 2& and 34
reproduce analogue signals included in the left-channel; and the heads
54, 6A and T& reproduce analogue signals included in the right-
30 channel. Figure UC conforms to this notation and indicates that the
analogue signals produced by the multiplexer 3 during sample times 1,
2 and 3 are derived from the left-chammel; and the analogue signals
produced during sample times §, 6 and 7 are included in the right-
channel. For convenience, Figure #C 111u$trates the left-channel and
35 right-channel signals produced by the multiplexer 3 during the 0-th
sampling interval, followed by the signals produced during the 1st
, sampling interval, followed by the signals produced during the 2nd
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= Although Figure 4C has been described in conjunction with the
multiplexed signals produced by the heads 1A to TA, it will be
appreciated that the same description applies if the multiplexed
signals are derived from the heads 1B to 7B.

The AC bias clock signal shown in Figure 4D is supplied to

10 the multiplier 5f whereat it is multiplied with the digitized
multiplexed samples produced by the ADC Y from the samples supplied by
the multiplexer 3. As a result, the digitized multiplexed samples are
synchronously detectéd and may be represented as shown in Figure 4E.
Figure 4E is similar to Figure 4C, except that the respective sampling

15  intervals noted as the Oth, ist, 2nd, and so on in Figure 4C are not
similarly designated in Figure YE,

Figure 4F illustrates the output of the adder 5h when the
synchronously detected digitized multiplexed samples from the ADC 4
are summed with the contents of the accumulator 5i. Initially, it is

20 assumed that the contents of the accumulator 5i are equivalent to
zero. Thus, as shown in Figure 4F, the first digitized sample
recovered by the head 1A and supplied by the multiplier 5f is summed
with the zero contents of the accumulator 5i, and at the next clock
pulse this sun is loaded into the accumulator 51 to be fed back and

25 summed with the next digitized sample. Assuming that this first
digitized sample is represented as 1, and consistent with the
assumption that the initial contents of the accumulator 5i are
represented as 0, the adder 5h produces the sum: 1 + 0 = 1. This sum
is stored in the accumulator 5i. .

ch may be used to reproduce anal ogue audi o signals froma
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30 Then, when the next digitized sample 2 recovered from the
head 24 is provided at the output of the multiplier 3, it is summed
with the present contents of the accumulator 5i, producing the sum:
2 + 1, This sum is loaded into the accumulator 5i at the next clock

, pulse for sdmming with the next digitized sample presented to the
- 35 adder 5h,

From Figure UE, it is seen that the nexf. sample supplied to

the adder Sh by the ADC § is sample 3 recovered by the head 3A. When
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gf thej tape TAthé%Qufﬁnéiigeré%resMEg as the sum: 3 + 2 + 1 {see Figure 4F).

This sum is loaded into the accumulator 5; at the next slock pulse to
be summed with the next sample supplied to the adder 5n from the ADC
5 4, °
Figure 4G is a timing diagram representing the contents of
the accumulator 5i. The contents are updated at the clock rate Fg to
store temporarily the sum produced by the adder Sh. Figure 4G
illustrates that the output of the adder 5h is loaded into the
10  accumulator 5i at the next sample time following the production of the
sum, that is, when the next sample produced by the ADC Xk is supplied
to the adder 5h,
From Figures UC and YE, it is seen that the adder 5h is first
supplied with three samples from respective sub-channels of the audio
15  signal recorded in the left-channel track on the tape TA, followed by
three samples from respective sub-channels of the audio signal
recorded in the right-channel track on the tape TA. It is appreciated
that the left-channel information generally is not related to the
right-channel information. Accordingly, the contents of the
20 accumulator 5i should be cleared after all of the samples from the
sub-channels of the left-channel audio signal have been summed so that
such samples are not summed with the sub-channel samples derived from
the righb' channel audio signal. Figure KH illustrates a clear, or
reset, signal which may be derived from the AC bias clock shown in
25 Figure UD, this clear signal being generated at every fourth sampling
clock time so as to erase the contents of the accumulator 5i before
digitized audio signals derived from the next channel first are
presented. Figure G illustrates the contents of the accumulator 51
from sample time to sample time, and particularly represents the

30 clearing of the accumulator 5i in response to the clear signal shown
in Figure 4H.

PR

The contents of the accumulator Si are supplied to the
digital signal processor 14 by the switch SW,. The digital signal
3 processor 14 incli;des a storage circuit, such as an accumulator 5i or
35 a lateh circuit for storing the contents of the accumulator 5i just

prior to the aforementioned resetting thereof. Figure YI illustrates
the data which are stored in this latch circuit; and it is appreciated
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plghtpeliamael bagdiof Isapndibe isi dabdlantially the same as that
described above. For the right-channel sampling interval R-0, if
multiplexed digitized samples thereof are identified as samples 5, 6
and 7 (recovered by the heads 54, 6A, TA) as shown in Figure 4E, the
output of the adder 5h is as shown in Figure 4YF. It is appreciated
that, when sample 5 is present, the contents of the accumulator 5i
will have been reset; and, therefore, sample 5 is summed with ©
resulting in the sum: 5. When next-following sample 6 is supplied to
the adder 5h, the accumulator 5i contains the sum 5, and these
contents are summed with sample 6 resulting in the sum: 6 + 5. At the
clock pulse just prior to the arrival of the next sample 7, the sum 6
+ 5 is loaded into the accumulator 5. When sample 7 is supplied to
the adder 5h, the contents 6 + 5 of the accumulator 5: are fed back to
the adder 5h and summed with sample 7, resulting in the sum: 7 « 6 +
20 5. At the next clock pulse, this sum is stored in the accumulator 5i
and then is latched in the latch cireuit of the digital signal
processor . The accumulator 5i then is cleared.

As the foregoing operation continues, the latch circuit

included in the digital signal processor 1l stores the summed sub-

25 channel samples which, in successive sampling intervals, comprise
alternating left-channel and right-channel sampling intervals L-0, R-

0, L-1, R-1, L-2, R2, and so on, as illustrated in Figure 4I. It is
appreciated that the summed samples for each left-channel and right-
channel sampling interval form a digital reconstruction of the sub-

30 channel analogue samples produced by the multiplexer 3 from the left-
channél and right-channel analogue audio signals that are recovered by

the heads 1A to 34 and 54 to 7& {or 1B to 3B and 5B to TB). After
being stored in the latch circuit of the digital signal processor il,

the digital repreéentations of the reproduced analogue audio signals

35 are read out, as shown in Figure 4J, to be filtered by the over-
sampling filter 15 and converted to analogue form by the DAC 16. The
resultant left-channel and right-channel analogue audio signals
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audi o, s@nal s amwumcm@fem typan abﬂ@ tiecﬁi:ﬂuqm@ The circuitry which
i normally processes the reproduced digital audio signal serves: to
reduce the aliasing noise that may be present in the sub-channels of
10 the analogueé audio signal which are reproduced by the digital heads.
1t is appreciated that the summation of the digitized sub-channel
signals represents the originally recorded left-channel or right-
channel analogue audio signal. |
' Another embodiment of .the present invention is illustrated in
15 the block diagram comprising Figures 54 and 5B. In this embodiment,
the magnetié heads which are used to reproduce digital or analogue
audio signals differ from the magnetoresistive heads that are uéed in
the aforedescribed embodiment. In particular, in this embodiment,
rather than using magnetoresistive heads, so-called "bulk-type" heads,
20 such as induction-type magnetic heads, are used. These bulk-type
magnetic heads are somewhat larger than the aforedescribed
magnetoresistive heads and thus one complete set of heads is not
aligned transversely of the longitudinal direction of the tape TA.
Rather, alternate ones of these bulk-type heads are staggered, ok
25 longitudinally displaced from each other, in the manner shown in
Figure 6. ‘

As was the case for the arrangement of heads shown in Figure

2, these heads with the suffix "A" are used to reproduce signals

recorded on the side A and, if the reproducing apparatus has auto

30 reverse capability, those heads identified with the suffix "“B" are
used to reproduce signals from the side B. In the absence of an aﬁto _

reverse mode, the “A" heads are used to reproduce signals recorded on

the side A and, when the tape TA is turned over, to reproduce those

signals recorded on the side B. Figure & also illustrates the

35 relativq positioning of the digital heads 1A to 74 and 0A (and 1B to

78 and OB) relative to the tracks in which the left-channel and right-

channel analogue audio signals are recorded by analogue heads. As

e i
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before, the heads 1A, 28 and 34 are positioned to reproduce the left-
channel analogue audio signals and the heads 5&, 64 and T4 are
positioned to reproduce the right-channel analogue audio signals.
These digital heads, of course, reproduce M channels of digital audio
signals as well. As in the previous embodiment, N<M and, as one
example, M=8 and N=z6. '

Assuming that successive heads are longitudinally displaced
from each other by the distance d, for example assuming that the odd-
numbered heads are dispiaced by the distance d from the even-numbered
heads, and further assuming that the tape TR is transported in the
direction shown in Figure 6 at a transport speed of y, then at any
given time, the signals reproduced from the side & by the odd-numbered
heads are delayed relative to the signals reproduced by the even-
numbered heads by the delay time T . When analogue audio signals are
reproduced by the digital heads, sub-channels of the left-channel
analogue audio signals are reproduced by the heads 1A, 28 and 34 and
sub-channels of the right-channel analogue audio signals are
reproduced by the heads 5&, 6& and 7A. Assuming that the analogue
audio signals reproduced by the heads 1A and 3A are represented as
F(t), wherein t represents time, the analogue audio signal reproduced
by the head 2A may be expressed as F(t + T ). If each head is assumed
to reproduce a sub-channel of the left~channel (or right-chanmel)
analogue audio signal, then the left-channel audio signal (as an
example) may be represented by the suﬁ of the sub-channel signals
reproduced by the heads 14 to 3A, If the sum of these signals is
represented as S{t), then: '

S(t) = 2 F(t) +« F{t + ¥
The frequency characteristic of this summed signal S(t) may be
expressed as follows:

(S (W)t 7 Fl )l = {[2F(w) + Flw) exp(+)w &) VF(w)

= 2+ exp{+jw )
A vector representation of this frequency characteristic of the summed
sub-channels is illustrated in Figure 12. The frequency
characteristic itself is graphically depicted in Figure 13. A&s shown
in Figure 13, a dip, or minimum magnitude, occurs at those frequencies
f wherein f = t/2 «, 3/2 ¢, 5/2 ¢, and so on, which results in a
deteriorated frequency characteristic of the reproduced summed sub-

lﬁg”ic digital audio signals, conprising |eft-channel and right-
i nformation, are recorded in nultiple channels, or tracks,

such as
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LA and @ (as fRm the supes oStd  the signal-to-noise {S/N) ratio is degraded by a

factor up to approxlmtely,./'z_/_ 3. The embodiment shown in Figures 4A
and 5B avoids a deteriorated frequency characteristic without
degrading the S/N ratio. This is achieved by delaying the sub-channel

10 signals reproduced by the head 2a by the delay time T and then adding
this delayed signal to the sub-channel signals reproduced by the heads
1A and 3A.. Likewise, the sub-channel signals reproduced by the head
64 and delayed by * and added to the sub-channel signals reproduced
by the heads 5& and 7A. The resultant summed signal is an accurate

15 reproduction of, for example, the left-channel (or, when the heads 54
to TA are used, the right-channel)} analogue audio signal.

Turning to Figures 5A and 5B, the circuitry illustrated
therein is similar to that discussed hereinabove in conjunction with
Figures 1A and 1B and like reference numerals are used to identify the

20 same elements. Further duplicative description is not provided. It
will, of course, be appreciated that the embodimént shown in Figures
58 and 5B functions to reproduce digital audio signals in
%Jbstantially the same way as that of the embodiment shown in Figures
1A and 1B, 1In the presently described embodiment, however, the DC

25 blas current generator 19 and the AC bias clock generator 20 are not
provided because the heads are not magnetoresistive. Furthermore, the
multiplier 5f, the adder 5h and the accumulator 5i included in the
waveform eqixa.lizer 5 are not used to recover the summed sub-channel
signals as was done in the embodiment of Figures 14 and 1B. Rather,

30 in the embodiment of Figures 5& and 5B, the output of the ADC 4 is
coupled directly to the digital signal processor 14 by the switch SW,
when the apparatus is used to reproduce analogue audio signals.

The digital signal processor 14 shbwn in Figure 5B delays the
sub-channel signal produced by the head 2A {and also delays the sub-

35 channel signal produced by the head 64) by the time delay ¥, and then
sums this delayed signal with the undelayed sub-channel signals
recovered from the heads 14 and 34 (or from the heads 54 and 74, as
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(and ead  flow chart shown in Figure 7 and now described.

Let it be assumed that the ADC 4 digitizes the multiplexed
analogue audio signals in the manner shown in Figure 4C. Let it be
further assumed that sampling interval L-0 is produced at sampling
interval. k, sampling interval L-1 is produced at sampling interval
k+1, sampling interval L-2 is produced at sampling interval k+2, and
so on. In similar fashion, the right-channel sampling intervals R-0,
R-1, R-2 are produced at sampling intervals k, k+1, k+2, and so on.
It is appreciated that the time division multiplexed sub-channel
samples are produced successively during each sampling interval. Now,
when the routine of Figure 7 begins, instruction ST-1 operates to read
from the Rm; sample S,(k-!} which is loaded into the accumulator ACC.
From Figure 4C, it will be appreciatéd that this sample is derived
from the sub-channel signal reproduced by the head 1A during the
20 (k-1)th interval.

The routine then advances to instruction ST-2, wherein sample
S4{k), which is assumed to be the sample presently derived at the k-th
interval from the head 1A, is written into the RAM. The routine then
advances to instruction ST-3, whereupon sample SZ(k-1—n), which had
25 ©been derived from the head 2A during the (k-1-n)th interval and had
been stored, is read- from the RAM and loaded into the left-channel
register. It is appreciated that this sample had been derived (1+n)
sampling intervals preceding the present k-th sampling interval.
Thereafter, the routine advances to instruction ST-4, wherein
30 the contents of the accumulator ACC are summed with the contents of
the left-chamnnel register L-REG; and this sum is loaded into the
accumulator ACC. Hence, at this time, the accumulator ACC is loaded
with the following sum:
54(k-1) + Sy(k-1-n)
35 Advancing to instruction ST-5, the digitized sample S,(k), presently
derived from the head 24, is written into the RAM, The routine then
advances to instruction ST-6 wherein sample S3(k-1) is read from the

ERE T
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headﬁié‘i’%ié@&j s%l(eo ro%Xced at Q%ad(sk Lrﬁ and iﬁ‘terval from the
sub-channel signal reproduced by the head 34 and which had been stored
in the RAM now is stored in the left-channel register L-REG, Then,

5 instruction ST-7 is carried out wherein the present contents of the
accumulator ACC are summed with the present contents of the left-
channel register L-REG and the sum is loaded into the accumulator ACC.
Thus, the following sum is loaded into the accumulator ACC:

S4(k-1) « S,(k-1-n} + S3(k-1)

10 This sum, which is stored temporarily in the accumulator ACC, then is
written into the left-chamnel register L-REG, as indicated by
instruction ST-8. Then, the routine advances to instruction ST-9 for
writing into the RAM the k-th sample S3(k) presently derived from the
head 3A.

15 The illustrated routine is repeated for processing similar
signals recovered from the right-channel analogue audio signal by the
heads 5A, 64 and TA. It is appreciated that after this routine has
been repeated, the right-channel register stores therein the following
sum:

20 SS(k-t) + Sg(k-1-n) + ST(k-t)

It 1is recognized that the RAM stores the digitized
multiplexed audio signals produced by the ABC 4 at sampling intervals
k, {k-1), (k-2), ... {k-1-n)}, and so on.  Selected ones of these
stored digitized multiplexed audio signals are summed to recover a

25 digitized representation of the original analogue audio signals; and
the value "n" is a function of the time delay ~ caused by the
displaced heads (24, HA) and the sampling interval T.. That is, in
the embodiment described herein, the digitized sample derived from the
head 2A {or the digitized sample derived from the head 64) that is n

30 samples away from the'digitized audio signals derived from the heads
14 and 3& {or from the heads 5A and 74) is combined therewith to
compensate for the delay T .

After the left-channel register L-REG and right-channel
register R-REG aré loaded with their respective summed sub-channels,

35 the contents thereof are read out at instructions ST-{X-1) and ST-X,
respectively, to be converted to analogue form by the DAC 16. If
desired, separate left-channel and right-channel digital-to-analogue
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3 digital signal processor il in the manner illustrated in Figure 7, the
digital signal processor 14§ which is normally used to process digital
10 audio signals can be used to recover analogue audio signals that have
been reproduced by digital heads and digitized by the ADC &,
Accordingly, the analogue audio signal may be reproduced with high
J . sensitivity and improved frequency characteristics. The undesired
characteristic illustrated in Figure 13 is avoided by the embodiment
15 discussed above. ' '

' Another embodiment which can be used to recover analogue
audio signals that are reproduced by digital heads is illustrated in
Figure 8. For simplification, Figure 8 illustrates only the heads 14,
28 and 34 for rebroducing the sub-channels included in, for example,

20  the left-channel analogue audio signal that may be recorded on the
tape TA. 1t is assumed that these digital heads are formed as bulk-
type heads similar to those discussed above in conjunction with Figure
6.  Accordingly, although not shown in Figure 8, it will be
appreciated that the head 2A is longitudinally displaced with respect

25 to the heads 1A and 3A.

The embodiment of Figure 8 comprises a multiplexer 100, an
analogue-to-digital converter (ADC) 101, individual retiming or delay
channels, a summing circuit 107 and a digital-to-analogue (DAC)
converter 110, The multiplexer 100 may be similar to the

30 aforedescribed multiplexer 3 and is supplied with a control signal for
sampling, in succession, the analogue audio signals reproduced by the
heads 1A, 28 and 3A and supplied thereto by amplifiers 24, 2, and 23,
respectively. The multiplexer 100 is coupled to the ADC 101 which
digitizes each multiplexed analogue sample. The output of the ADC 101

35 is coupled in common to the individual delay channels,

& first delay channel comprises a clocked flip-flop cirecuit,
such as a D-type flip-flop circuit 102 supplied with a first phase 561
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is the sampling frequency supplied to the ADC 101 {(and also is the
frequency of the control signal supplied to the multiplexer 100). The
flip-flop cireuit 102 is comnected in cascade with D-type flip-flop
circuits 105 and 106 which are supplied with clock pulses of a .
frequency equal to the sampling frequency Fg.

A second delay channel coupled to the ADC 101 comprises a D~
type f1ip-flop circuit 103 supplied with a second phase P 2 of the
timing signal whose frequency is F/3. The output of the flip-flop
circuit 103 is connected to a shift register 108 which also is
supplied with the phase p 2 of the aforementioned timing signal_; and
the output of this shift register 108 is coupled to another D-type
flip-flop circuit 109 to which the clock signal of sampling frequency
Fg is supplied.

The third delay channel comprises simply a D-type flip-flop
circuit 104 supplied with a third phase 953 of the timing signal whose
frequency is Fs/3. The respective outputs of the delay channels are
coupled to the summing circuit 107; and the output of this summing
circuit 107 is connected to the DAC 110. The DAC 110 is supplied with
the third phase 963 of the timing signal of frequency F /3 to produce
an analogue output, The DAC 110 is coupled to a low-pass f;lter 111
which smooths the analogue output and supplies the resultant analogue
audio signal to an output terminal 112.

The manner in which the embodiment. shown in Figure 8 operates
will now be described in conjunction with the timing waveforms shown
in Figures QA to O9M. Figure 94 illustrates the sampling clock
frequency F,. Figure 9B illustrates the time division multiplexed
analogue audio signals reproduced by the heads 1A, 284 and 34. It will
be appreciated that, because of the longitudinal displacement of the
head 2& relative to the heads 1A and 3A, the sub-channel signals
produced by the heads 14 and 3A are delayed with respect to the sub-
channel signal reproduced by the head 2A. The multiplexed sub-channel
signals shown in Figure 9B are digitiﬁad by the ADC 101, resulting in
the successive digitized samples shown in Figure 9C.

Phase P, of the timing sigpal shown in Figure 9D clocks the
digitized output of the ADC 101 into the flip-flop circuit 102. From
Figure 9D, it is seen that phase ® 1 eoincides with the digitized

i, the heads

These heads
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be time-shifted as shown in Figure 9J.

The digitized samples produced by the ADC 101 also are
clocked into the flip-flop circuit 103 in response to phase ¢2 of the
timing signal shown in Figure 9F. 1t is seen that phase ¢ , coincides
with samples 32(0)', So(1), S5(2), and s0 on. That is, phase &,
coincides with the digitized samples recovered from the head 2A.

The output of the flip-flop ecircuit 103 is illustrated in
Figure 9G and comprises successive samples derived from the head 2A.
Each such sample is shifted in the shift register 108 in response to
phase ¢ 5 resulting in a delay time substantially equal to t. For
example, the shift registe} 108 may comprise n stages such that, after
a sample s shifted therethrough, it is subjected to a time delay 7 .
The shifted sample then is re-clocked by the flip-flop eireuit 109,
As a result of the time delay produced by the shift register 108 and
the re-clocking provided by the flip-flop circuit 109, the delayed
sample derived from the head 24 is as shown in Figure 9K. It will be
appreciated that this delayed sample from the head 24 is now in time
coincidence with the sample derived from the head 1A and re-clocked By
the flip-flop circuits 105 and 106, as shown in Figure 9J.

Finally, the digitized samples produced by the ADC 101 are
loaded into the flip-flop circuit 104 in response to phase ¢3 of the
timing signal shown in Figure SH. It i{s seen that this- phase ¢3
coincides with digitized samples 83(0), S3(1), 83(2), and so on.
Recordingly, only the digitized samples derived from the head 34 are
clocked into the flip-flop circuit 104, as shown in Figure 9I. It is
seen that these samples which are extracted from the digitized
multiplezxed audio signals are in time coincidence with the samples
derived from the head 1A and the samples derived from the head 24
(illustrated in Figures 9J and 9K, respectively). This time
coincidence is attained because phase ¢, leads phase 4 3 by two clock
periods and phase ¢, leads phase #3 by one clock period; and the



e magnetoresi stive head is supplied with an AC cl ock si gnal
an AC bi as cl ock generator 20 which is coupled to the
i ve heads by the switch SWB and the DC bi as cur refi{Shied Has Been R

. . ; . . ]
k't he magnet oresi stive sensing portion. Accor di ngl paced
H 0 signals are to be reproduced by the apparatus of Hmlm ",
"switch SWerr] couples the bieds generator 19 to th
stive heads; and when anal ogue audio signals are to be
th | §@ﬁ IS rated tqg couple to [ rti on of the
sti \%Ejf\?é%%‘g,s eesAEB%:gﬁéedcg%cé}‘a?f ﬁél al:;oer 3%9%53 @ t'tq'ﬁe.uc cc%ck
p0. periods by Tthe Slipr&lop egirowlivsi P adPaloh vandc Sherdisdsized
3. sBih1RAURBRR O itdkd 3., GOR\RI4yRl dy b ofo ﬁm@fb r |
, di gi taFEﬂhan Iinﬂyﬁ rcu%?% go % igure 185’, cé(apl gl ta? t!s‘ﬁlegnal
14, ShiRrFeoR sineyit i8S 1 | Theee delnyadapartad 4ot the- 3280 afarenguered
( @ﬁlctl‘rénﬁfthjéhﬁedtﬂﬂ LY p&zﬂ%l Q&t Sm{sﬁ rie.ﬁms eﬁn.i&lmtén%?i%\g%&n@?' btt- Ellh@r(] er g
rality. i nputs ¢o e a o] or to e heads
|B to 7Biby aﬁ%ﬁ%ﬁe‘?&ﬁ%ﬁr#gﬂﬂq&&ffe%ﬁ 1:f’.As.“Z[ err], respectively.
The anal ggue mul tipl e>fertierhérep| byxdalaying thebsampbesn pécovemsdatomstippheadd
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head 28 is shifted by time delay ¥ into time coincidence with the
10 samples then being reproduced by the heads 1a and 3A because T is a
function of n and the frequency of the timing signal supplied to the
shift_register-!ﬂB. From Figures 9I, 9J and 9K, it is seen that sub-
channel samples 5,4(0), Sz(o-n) and 33(0) are in time coincidence; and
these coincident samples are summed in the summing circuit 107.
16 Figure 9L represents the summation of these time coincident samples.
Even although the sub-channel reproduced by the head 24 is advanced
relative to the sub-channels reproduced by the heads 1A and 34, the
time delay imparted thereto by the shift register 108 effectively
.cancels this advance.
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20 The summed signals produced by the summing circuit 107 are
converted from digital to analogue form by the DAC 110, as represented
by the waveform of Figure 9M. The analogue signal is then filtered to
reproduce the original analogue signal that had been recorded on the
tape TA and played back in respective sub-channels by the heads 14, 24

25 and 3A.

Although the ecircuitry illustrated in Figure 8 has been
described in conjunction with the reproduction of only one channel of
stereophonic analogue signals, it will be appreciated that this same
circuitry can be used to recover the other channel as well. For

30 example, if the multiplexer 100 is coupled to the heads 54, 64 and 74,
then the illustrated circuitry may be operated alternately to recover
the left-channel audio signal and the right-channel audio signhal. As
a modification to the illustrated circuitry, another set of
multiplexer, ADC and delay channels may be used to recover the right-

35 channel audio signals. In any event, it is appreciated that the
circuit arrangement shown in Figure 8 and described in conjunction
with Figures 94 to 9M operates to recover analogue audio signals
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exhibit pure digital form Rather th
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al ogue wave shapes are nul ti pl

leads in time division mul ti pl exed formso as to provided a
It is appreciated that, when qm ém Si S dhe recor ded
ape, the signals reproduced by the ﬁ

square or

edintlrre

accurately and with good frequency characteristics even when using
bulk-type magnetic heads.

_ Figure 10 illustrates a simplified arrangement by which bulk-
type magnetic heads, such as those used in the Figure B embodiment,
normally operative to reproduce digital signals are used to reproduce
analogue audio signals. A4s before, each head is assumed to reproduce
a sub-channel of, for example, the left-channel (or the right-channel)
audio signal recorded in a longitudinal track on the tape TA., Since
bulk-type magnetic heads are used, 1t also is assumed that the head 24
is longitudinally displaced from the heads 1A and 3A such that the
sub-channel signals reproduced thereby are advanced from the sub-
channel signals reproduced by the heads 14 and 34 by . The Figure
10 arrangement serves to cancel this advance by delaying the signals
recovered from the head 2A by an equal amount t .

'Here, three separate ADCs are used. As shown, ADC 201
digitizes the sub-channel audio signals reproduced by the head 24 and
ADC 202 digitizes the sub-channel audio signals reproduced by the head
34. Preferably, each ADC is supplied with a sampling clock of
frequency Fg. The ADC 201 is coupled to a suitable digital delay
circuit 203, such as a multi-stage register, which also is supplied
with the clock frequency Fs. The delay circuit 203 functions to delay
each digitized sample produced by the ADC 201 by the time delay v .
Hence, each digitized sample recovered from the head 28 is
sufficiently delayed as to be in time coincidence with the
corresponding samples derived from adjacent sub-channels by the heads
1A and 3A.

These time coincident samples are supplied to and summed in
a summing circuit 204, resulting in a reconstructed digitized signal
representing the summation of the sub~channels recovered by the heads
14 to 3A. This reconstructed digital signal is converted to analogue
form by a DAC 205 and supplied to an output terminal 207 by low-pass
filter 206, Hence, an analogue signal corresponding to, for example,
the left-channel signal reproduced by the heads 1A to 34 is supplied
to the output terminal 207, Alternatively, if the arrangement
illustrated in Figure 10 is used to reproduce the right-channel
analogue audio signal, the foregoing operation nevertheless is carried
out to supply a reconstructed right-chamnel signal to the output

wave shapes;



gerial formby the nmultiplexer 3. Thus, whether digital signals

[l ogue waveforns are reproduced by the digital heads or anal ogue

e reproduced thereby, the nmulti-pl exer 3 functions to provide a

1l ogue signal corresponding to the reproduced anal ogue wave shapes

| fromthe respective digital channels or anal ogue sub-channel s by
The multiplexer 3 1is ébupled to the ADC 4 which is

ith a sanpling clock signal of frequency Flerr]. The ADC 4

e serial._sjgnal produced by the nultiplexer 3 to provide a

A
di vi-si Off
havi ng- 3
signal s 1
serial af
repr oduc
t he headf
suppl i ed}

mul ti-bi @ digi ip resentation of each sanple. Wen the illustrated
apparatug i s used to Féguredliicéllistpates aaathipde siegredestatiion ofDcheiménnect i ons
as a wave§ shap | il 0 I t el kanal s
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conpressqd nodeeproducing a sub-channel of the analogue audio signal having a
relative time advance T, this sub-channel is supplied to an analogue
delay circuit 301 which has a compensating time delay . Hence, all
10 of the analogue sub-channels are now in time coincidence and may be
summed by a sumeing circuit 300 to recover the original left-channel
{or right-channel) audio signal. The recovered signal is supplied to
an output terminal 302 for further utilization. In this illustration,
the suming circuit 300 comprises an analogue adder.
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i nal audio signals are digitized by a 16-bit |inear

quant i’z process, tinme conpressed by a factor of 1/4, interleaved and
recor dedjg- seven paral lel-tracks. As is typical, to record an original
anal ogue £ d'o SI%Pa| |n dlgltal form the analogue signal is sanpled at a
frequencys

‘[err] t tmnc the nBX|nun1frequency i ncl uded in
t he anal game si gnali u e sarrpl g frequency f's nmay be about 32
kHz, 44.13KkHz, 48 known sanpling frequency. Accordingly, to
be conpat@ple with the sanpling frequenggsed for recording, the frequency
Flerr] ofghe clock signal supplied to‘t‘m,r“ADC 4 for sanpling the
mul ti pl ex@@d signals recovered fromthe playback heads may be expressed as
Flerr] = @#f's 1. ga’dietwmf LT EEY iel?ier&l bﬁarﬁﬁ!ﬂ@hﬂ'&itg@%%lhﬁuﬁ@cf4 and
recei ves par |t romt he e _waveform
equal i zer§5 fuﬁjtq gﬁsreé:gr% di-Bi ?‘?ﬂgi?‘qu{’%r racks, onsd 5 %”ﬁ?tlﬁeqi%u?m%"
response @i bt eanaldpee wadif atgmbmbr@érixﬁomlmgstmdinabmradt oanprecarde

vari ati orf

I n mug?%gtgpw&%sr&w;&@&:si gnal due to the digital
a plurality of heads (14...) for reproducing the M channels of digital
audio signals or for reproducing the analogue audio signal;
multiplexer means (3) coupled to said plurality of heads (1A...) for
t0 multiplexing the digital or analogue audio signals reproduced by said
heads (14...);
analogue-to-digital converter (ADC) means (4) coupled to said
multiplexer means (3) for digitizing the multiplexed audio signals;
waveform equalizer means (5) coupled to said ADC means (§) for

15 waveform equalizing a digitized audio signal recovered from said
digital audio signals;
processing means (5) for summing the digitized audio signals produced
by said ADC means (4) when said plurality of heads (1A...) reproduces
an analogue audio signal;

20 digital handling means {30) coupled to said waveform equalizer means
(5} for digitally processing the waveform equalized digitized audio
signal; '
digital filter means (15) coupled to receive the summed digitized
audio signals from said processing means (5) when said plurality of

25  heads (1)} reproduce an analogue audio signal and to receive the

digitally processed audio signals from said digital handling means

(30) when said plurality of heads (1A...) reproduce a digital audio

signal; and

digital-to-analogue converter means (16) coupled to said digital
30 filter means (15) for producing an analogue audio signal in response
to digital signals supplied thereto by said digital filter means (15).

2. Apparatus according to claim 1 wherein said plurality of
heads (1A...) comprise a plurality of magnetoresistive heads (14...).
35 - .
3. Apparatus according to claim 2 wherein said plurality of
magnetoresistive heads (1A...) are aligned transversely to said

R




Ethat may be recorded. To best appreciate the function
o m equal i zer 5, let it be assunmed that the nmagnetic

for oduci ng system conprises a magnetic recording head, a

¥e and a magnetic playback head exhibiting a transfer function

rein: _ H ([err]) = exp HeEhReIaced
hith this transfer function, t3e out put S|gnal Ie " [”#

y decreases as the frequency of the signal |ncre

al 1&:?315;3819:596&331?. a non-return to zero (NR2)

4, ~ Apparatus according to claim 2 wherein said processing means
(5) is included in said waveform equalizer means (5) and comprises
5 synchronous detecting means (5f} for detecting the digitized audio
signals recovered from said analogue audio signal, and summing means
{5h) coupled to said synchronous detecting means (5f) for summing a
predetermined number of successive digitized audio signals produced by
said ADC means {i).
10
5.° Apparatus according to claim § further comprising AC bias
clock generator means (20) coupled to said magnetoresistive heads
(14...) for supplying an AC bias clock signal thereto when an analogue
audio signal is reproduced; and wherein said synchronous detecting
15 means {5f) comprises multiplier means (5f) coupled to said ADC means
(4) and said AC bias clock generator means (20) for multiplying the
digitized audio signals with said AC bias clock signal when analogue
audio signals are repx;oduced. |

20 6. Apparatus accord'ing to eclaim 5 wheréin said ADC means'(l#)
includes a source of timiné pulses of frequency fg and said AC bias
clock signal comprises clock pulses of frequency fo/M having a duty
cycle of 50%.

35 T Apparatus according to claims § wherein said analogue audio
signal comprises a left-channel signal recorded in one track and
further comprises a right-channel signal recorded in a second track,
said multiplexer means (3) multiplexing the left-channel and right-
channel signals reproduced by said plurality of heads (1A...); and

30 wherein said APC means (U) includes a source of timing pulses of
frequency fg and said AC bias clock signal comprises clock pulses of
frequency f /2M havihg a duty cycle .of 50%.

8. Apparatus according to claim Y4 wherein said summing means
35 (5h) comprises an adder (5h) and an accumulator (5i) connected such
that the contents of said accumulator {5i) are summed in said adder
{5h) with a digitized audio signal and the summed s1gnals are loaded

] B ll Illl



'vefbrm reproduced by the magnetic head appears sinusoi dal
B ot | Vel shet g& Heevdplavdien a conti nuous "1" or "0" is recorded,;

el of t [ wave is relatively | ow when the recorded
jnal co I ing "1" and "0". The waveform equalizer 5
p i ncrea f the sinusoidal wave in the event that

1's and 0's are reproduced, ereby the original digital
h as a square wave, nay be recovered accurately fromthe out put

bac e e ef L a
se?’?%s%gf' Caé:%u&ago ggetcﬁ )rsguﬂﬁbgahﬁg ‘B dﬁgg Luéégh del ay
ng &ignaddext m‘ndrszebllty sihidf £DG sganst €1 .havi ng SI Xt een st ages.

e clock signal Fs is supplied to the delay circuits., each del ay
parts a tinme delay of about 16Ts wherein Ts = 1/Fs. The out put s
ay cPrcui t s ABRANABISs ocarding| £o aeladme 1oHbenedn o¥ herdsabiha.dar e

. 2 daéma@deesimru 5&&@1@ bf fauptal GiAid SigiRl£ahd & KiQas r(e@hdm e

Emoupl |€& ne’ of d del% ircuit outputs therethrough. I =
B the' %eels%ié’t 8‘? I8sigBakectively delays the digitized sarrpl es

produteytheADC4byOxT 1xT, 2x T, 3x Tor 4xT

} 10. Apparatus according to claim 1 wherein at least one of said

plurality of heads (1A...) is displaced relative to the other heads

10 (14...) in a longitudinal direction such that a relative time shift ¢

5 is imparted between the signals reproduced by the displaced heads

{14...) and the signals reproduced by the other heads (1A...).

11. Apparatus according to claim 10 wherein said processing means
15 (5) includes delay means (5a) for selectively delaying by a
' predetermined amount the digitized audio signals recovered from the
analogue audio signals reproduced by the displaced heads (1A4...).

12. Apparatus according to claim 11 wherein said delay means (5a)
20  imparts a time delay T to the digitized audio signals.

13. Apparatus according to claim 12 wherein said processing means
{5) comprises storage means (5i) for storing digitized multiplexed
audio signals produced by said ADC means (i} at a plurality of
25 sampling intervals k, (k-1), (k~2), ... {k-1-n) ...; and accumulator
means (5i) for accumulating the sum of the digitized audio signals
recovered from sald other heads (14...) at the (k-1) sampling interval
and the digitized audio signals recovered from said displaced heads
{1a...) at the {k-1-n) sampling interval.
30 '
14, Apparatus according to claim 13 wherein n is a function of
_said delay v and said sampling interval.

15. Apparatus for reproducing either M channels of digital audio

35 signals recorded in longitudinal tracks on a record medium or an
analogue audio éignal recorded in one longitudinal track on a record

[
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j the data selector 5e, that is, the selectively del ayed 8-bit
Is coupted to a multiplier 5f which
the digitized sanple with a predeterm ned coeff]

AR D & dBlased
digital coefficient generator 5g is sel ectivel'blls B s Bt kel
put of the nultiplier 5f by a s%tch SWerr]. T:i mlm
ganged for sinultaneous operatifon with the switc , _

ayback heads reproduce a digital audio signal, the switch

pl esapheradliiey b2ines®SY 14 SL £7or 9620 10E 38 N enddRg14TWE Wipiexer 5,
anal ogue audio si.gnal is reproduced, the swtch SV\gerrla coupl es
i ener%‘fdg one of said

p signals or the analogue audio signal, with at least

heads (1A...) being displaced relative to the other heads (1A...) in
a longitudinal direction such that a relative time shift v is imparted
between the audio signal reproduced by the displaced heads (1A.. ..) and
the audio signals reproduced by the other heads (14...);

delay means {102...) for delaying the audio signals reproduced by the
displaced heads {1A...) relative to the audio signals reproduced by
the other heads {1A...) to minimize said time shift © ; and

summing means (107) for summing the audio signals reproduced by said
other heads (14...) and the delayed audic signals to recover the
analogue audio signal recorded in said one track.

16, Apparatus according to c¢laim 15 further comprising
multiplexer means (100) for multiplexing analogue audio signals
reproduced by said displaced and other heads {14...); and analogue-to-
digital converter means (101) for digitizing the multiplexed analogue
audio signals to supply said delay means {102...) with successive
samples of the digitized audio signals.

17. Apparatus according to claim 16 wherein said delay means
(102...) comprises a plurality of delay channels {102, 103, 10l), each
including at least one clocked latch circuit for storing a respective
sample of the digitized, multiplexed analogue audio signals.

18. Apparatus according to claim 17 wherein those delay channels
{102...) which store samples from the displaced heads {14...) further

include shift means (108) for shifting the samples supplied thereto by
an amount equal to T .

19. Apparatus according to claim 18 wherein those delay channels
(102...) which store samples from the other heads (14...) further
include retiming means for selectively retiming said samples from the
other heads {1A...) such that respective samples from said other heads
{1A...) are brought into time coincidence.

20. Apparatus according to claim 19 wherein said summing means

L.
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Fmultiplier 5f is coupledto sumﬂng CII’CUIt corrpr'
-an accurrul ator 5i. The output of the adder 5h is coupl ed to

" rahssd i Hog el W Ui s S B

mul ti-plier 5F. The digital coefficient generator 5g

The
ng

gal | el 8-bit signal representing a predeterm' ned coeffi ci ent
fkds to the particular delay sel ect®ésS @e@eﬂe a@él ecto :
fficient with which the sel ectivel y | zed sarrpl e
p.is itself a function of that el ec

Ty,

of efhddeday Lghahualsr (B]2 . whifoh adddng dqbeesmt colingddent] sanples
?:%ﬁcé}”ﬁi@‘é pyd th the output of the multiplier 5f to produce
- b|

summed sighal that is |oaded into the accumnul ator 5i

21, Apparatus according to claim 20 further comprising digital-
to-analogue converter means {(110) coupled to said digital adding means
{107) for converting the added samples to analogue form.

22,  Apparatus for reproducing either M channels of digital audio .

sighals recorded in longitudinal tracks én a record medium or left-
channel (L) and right-channel (R} analogue audio signals recorded in
respective longitudinal tracks on a record medium, the apparatus
comprising:

.M magnetoresistive heads (14...) for reproducing the M channels of

digital audio signals, N of said magnetoresistive heads (1A...} (N<M)
reproducing the L and R analogue audio signals;

multiplexer means (3) coupled to said M heads (1A...) for multiplexing
the M channels of digital audio signals or N channels of L and R
analogue audio signals; .
analogue-to-digital converter (ADC) heans (4) ecoupled - to said
multiplexer means {(3) for producing digitized samples of the M
muitiplesed channels of digital audio signals or the N multiplexed
channels of L and R analogue audio signals;

waveform equalizer means (5) coupled to said ADC means (#) and
including suming means (5h) normally operable to equalize digitized.
waveform samples recovered from sald digital audio signals and
selectively operable to sum N/2 digitiged samples of L analogue audio
signals and to sum N/2 digitized samples of R analogue audio signals;
data detecting means (6) coupled to said waveform equalizer means for
producing M data channels of digital audio signals;

digital signal processing means (30) coupled to said data detecting
means {6) when said heads (1A...) reproduce digital audio signals for
demodulating said M data channels of digital audio signals, said
digital signal processing means {30) being coupled to said summing
means (5h) when said heads reproduce analogue audio signals for
providing summed L signals and summed R signals; and
digital-to-analogue converter (DAC) means {16) coupled to said digltal

to

bsequently with the next product produced by the nultiplier 5f.
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» of accumul ator 5i is used as the output of the waveform
5; and in_one exaﬁle t he SIX rmst significant bits of the

12-'bi t hnal st Bt | at or are provided as the waveform’
equal i Zj out put l
to the ¥t al

put of the wavef orm equal i zer 5 is coupl ed
0 whi ch supplles a digitally processed,

wavef or§ -quallzed d|g|t|zed audi o S|gn to the digital signal processor
14. Mo particularly, a switch SWerr], which may be ganged with sw tches
SWerr] gnd SWB, coupl es the,out put of t he di al handl i cji,rgyit. 30 to
the di gifllal si BYPEST8C e, {%é adiiiid It?ug‘ﬁa%‘?d%gﬁ'ba ’Ir:tg 2¢ed to
reprodudll di gi sidnadsiduppldedthésztoand the switch SW2 is operat ed to couple
t he out i@t of the waveformequalizer 5 to the digital signal processor when
anal oguegaudi o_signal s are reproduced by the pl ayback heads. The
di gi tal Bandli®% cir cAprargtusc eperdieg 40 dalainddlechereis sajidl Mavefarmh a
clock signas g Qitﬁdm&hsa(ﬂhﬁﬁ@héxo%ﬁ@désoﬂﬂtﬁﬂy‘ﬁyg (ideéﬁé“(Sfyno%Ql)} atter
bei ng cdgpled to the ou he, wavef or m eegua i zer to e cl ock
o gnal 18 om ¢ nEPSTabEA 67 ML pieGialELred anich RbeRvesed TEPs SAUbAIGHAL her ot o
In respofise toaidi® sighaRChPdelected predetermined coefficients to synchronously
; detect; the digitized samples recovered from said analogue audio
signals,
10
24, Apparatus according to claim 23 further comprising AC bias

clock generator means (20) coupled to said magnetoresistive heads
(14A...) for supplying an AC bias clock signal thereto when an analogue
audio signal is reproduced and for supplying said AC bias clock signal
15 to said multiplying means {5f) for synchronously detecting the
digitized samples recovered from said analogue audio signals.

25. Apparatus according to claim 24 wherein said summing means
(5h) cemprises an adder (5h) coupled to receive signals produced by

20 said multiplying means {5f), an accumulator {5i) for receiving signals
produced by said adder {5h), and feedback means for feeding back to
said adder {5h) signals accumulated in said accumulator (5i); whereby
when said heads {1A...) reproduce analogue audio signals, a digitized
sample produced by said ADC means (4) is summed with the signals

25 accumulated in said accumulator means (5i) and the summed signals are
loaded into said accumulator means (5i) to be summed with the next
digitized sample produced by said ADC means (4).

26. Apparatus of claim 25 further comprising means for clearing

30 said accumulator means {5i) after the sum of the (N/2)th digitized
sample produced by said ADC means {4) and the signals accumulated in
said accumulator means (5i) are loaded into said accumulator means
(51).

35 27,  Apparatus for reproducing either M channels of digital audio
signals recorded in longitudinal tracks on a record medium or left-
channel (L} and right-channel (R) analogue audio signals recorded in

N




gnal , the data detector 6 recovers a tine division frequency
mul ti pfg@xed digital audio signal corresponding to the digital -audio signal - -

reprodyjled fromthe parallel tracks by the heads 1A to 7A One X
t he dat@ detector 6 and the PLL circuit 7 may be of the ﬁ‘nghasé)eenieﬁird

15 (@ described in Japanese | ai d-open patent specification Sjmﬂwuuuml
The ting division nmultiplexed signal recgered by the data dete
supplic® to a serial-parallel converter 8 wherein the

respective longitudinal tracks on a record medium, the apparatus
comprising:
M heads (14...) for reproducing the M channels of digital audio
signal, N of said M heads (1A...} (N¢M) reproducing the L and R
5 analogue audio signals and at least one of said N heads (1A...) being
displaced relative to the other heads {1A...) in a longitudinal
direction such that a relative time shift T is imparted between the
audio signals reproduced by the displaced heads {1A...) and the audio
signals reproduced by said other heads (1A...);

10 multiplexer means {3) coupled to said M heads (14...) for multiplexing
the M channels of digital audio signal or N channels of L and R
analogue audio signal;
analogue-to-digital converter (ADC) means (#) coupled to said
multiplexer means (3) for producing digitized samples of the M

15 multiplexed channels of digitized audio signals or of the N
.multiplexed channels of L and R analogue audio signals;
data processing and detecting means (5) coupled to said ADC means (4)
and normally operative to process the digitized samples of said M
multiplexed channels for producing M data channels of digital audio

20 signals;

digital signal processing means (14) coupled to said data processing
and detecting means {5) when said heads (1A...) reproduce digital
audio signals for demodulating said M data channels of digital audio
signals, said digital signal processing means (14} including delay and
25 summing means coupled to said ADC means {4) when said heads (14...)
reproduce analogue audio signals for delaying selected ones of N/2
digitized samples of the L analogue audio signal reproduced by the
displaced heads (1&...) and for delaying selected ones of N/2
digitized samples of the R analogue audio signal reproduced by the
30 displaced heads substantially to eliminate said time shift *, and for
sumning the delayed and undelayed digitized samples of the L analogue
audio signal and for summing the delayed and undelayed digitized
samples of R analogue audio signal; and
digital-to analogue converter (DAC) means {16) coupled to said digital
35 signal processing means (14) to convert to analogue form the summed
digitized samples .produced by said digital signal processing means
(30). S
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¥ signal i's reconverted into the original 7-channel digital audio
roducedﬁ}x shad@idi8aslRedited 0 7A (or by the heads 1B to 7B). The

recoverg seven-ch udi o signals are supplied to a
synchr ongi ng S|gn$u ircuit 9 to separate a synchroni zi ng
signal t@erefrom igital augy o signals then are coupled to

an ei ghtgo-ten (8/10) denodul ator 10 and to a synchronizing interpolating
circuit , fromwhich the denodul ated 7- channel digital audio signals.are
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10 functifons to reconvert the recorded 10-bit signals to f or mat
3 produced by said displaced heads {(1A...) at the (k-1-n} sampling
interval; where n is a function of said delay * and said sampling

interval.
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ontroller 18, shown in Figure 1A is supplied with a cue signal

e

nor nal- gl epr oduced by the head OA (or the head OB) and also with a control
signal gomthe 1/Ocircuit 12. The system controller 18, which forms no
part of #he present invention per se, functions to supply control signals
to respgtive portions of the reproduci ng apparatus. The digita
si gnal [geocessor 14, which is selectivel 0coupled to the I/Ocircuit 12 by
the swit@#lh SW2, functions to denodul ate the 7-channel digital signals in
accordarile with the bit rate reductionqégﬁg.{or recordi ng. The digital
signal pRocessor 14 includes a progra equence, accunul ator and
random agcess nenory descri bed further below in conjunction with Figures 5A
gcgrSSBa 2 |T.hﬁg°}‘f Ptﬁmmmb%ﬁ' PhibucIN BRI TRL ONSSMALOGLE AUDI6 MiBhAL to the
digitize§ audi o si'gnals provided at the output of the accunulator 5| mhen
S_na! ?gﬁe augi 0 si gnal sappaRatius PisOgtvdedd Yot MRpRIdA¥DRC K1 thRAUS chdinell§ Cof
igitall?y '

digital audio signal recorded in longitudinal tracks on a record
medium or an analogue audio signal recorded in one or two stereo
tracks. M heads (1A...) are used to reproduce the M channels of
digital audio signals and N of those heads (1A...,) {(N¢M) are used to
10 reproduce the analogue audio signal. The reproduced digital or-
analogue audio signals are multiplexed (3) and digitized (4). When
digital audio signals are reproduced, the digitized multiplexed
signals are digitally processed and then converted {16) to analogue
form. When analogue audio signals are reproduced, the digitized
15 wmultiplexed signals are summed such that signals reproduced by the N
heads (1A) are combined to form a digital representation of the
recorded analogue audio signal. The summed signals then are converted
(16) to analogue form to recover the original analogue audio signal.

20

Figure 54/B
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jpads, the low pass filter 17 produces an anal ogue audi o signal
@be converted to audible sound.2/ge filter 17 al so functions to
i nal aliasing noise conponent, thus producing | ef fﬂ%lmmd

el stereophonic audio signals. In accor .

e, the circuitry normally used to recover and pr [HEE ”& '
als is used tg oyer and process anal ogue audi o
i€h the multiplj n the waveform equal i zer
audi o signal s}is bestfillustrated in Figure
head 21 is shogn wth jts sensing portion 22
bnnect ed t regover anpl ogue audi o signal s,
) i s coupl the swtch SWB to the bias
portion 22 isysuppliefl with a constant bias
enerator 19. nment i pned above, the DC bias

enerator 19 i s $uppl led to the sensing
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ik when anal ogue audio signals are played back. The output of the

Sortion 22 is coupled through BHe3anplifier 2 and the nultlplexer 3
in Figure 3) to the ADC 4, whereat the recoveriddShetilasi

signal is digitized. The nultiplier 5f is supplie

k by the swtch SWerr] when anal ogue audi o si gna

d; and the AC bias clock functions to synchronously etect t he

The manner in which the apparatus shown in

A aﬁﬁ?%g Kﬁpro ces anal ogue audi o signals now will be described
ren ef orm di agrans of Figures 4ARAo 4J. Figure 4A

Il lust es the sanpling cl oDideBf requency Fs havi ng(a period Ts supplied
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4. Fi gure 4B schemat
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be thought of as being "idle".

i s not supplied to the multiplexer 3, the output of tH&SSheet HasBeen Re
At sanple tines 1, 2 a

lace
or 3z samie't1m 0"t o' caiiesponcs o the ouput HHANAIFY

nutti pl3eer 3 supplies anal ogue outputs fromthe sub- channels reproduced
by the g§mads 1A, 2A and 3A, respectively. At sanple tine t he
mul tipl ger 3 supplNg@s thg out pu reproqgﬁgg+b 4P but
Figure ¥ it is segayt hat d 4A i3 ; d betwgen theil eft ychannel
and ri gi@- chann 1l ogug_track$. Hencq, the ilnformafion duce romthe
head 4A ey be t t of{as noi ge. t sanple ti 5, d 7,
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) Q@ are derived fromthe Ieft-chaqgggé and t he anal ogue signals
producgd during sanple tines 5, 6 and e included in the right-

B For convenience, Figure 4Cillustrates the |eft-channel and
annel signals produced by the multiplexer 3 during the Oth
interval, followed by the signals produced during the 1st
interval, followed by the signals produced during the 2nd
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j i nterval
Bl e of the AC bias clock signalz/d3own in Figure 4D. A conparison of

ion applies iff the

and so on. These sanpling intervals are defined by each

Dwith Figures 4A, 4B and 4C indicates that the AGpRisB&: Bs@eh Re

laced -
[err] 16Ts and sanpling frequency Fs 16Fc. mﬁm A

C has been described in conjunction with the multip Hﬂ'ﬁm
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as cl ock signdl in Figure 4D is supplied

egt it isnmultiglied wigh the digitized
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4 the digi mul tip
may be represqnted asjshown in Figure 4E. Figure
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are d with the contents of the accumulator 5i. Initially, it is
4dssuned@@hat the contents of the accunul&®ftlsr 5i are equivalent to zero
Thus, a@sshown in Figure 4F, the first digitized sanple .recovered by the

head 1A; d supplied by the multiplier 5f is summed with the zero contents

of the dMcumul ator 5i, and at the next clock pul se thi&s B into
the accugul ator 51 to be fed back and summed with the ]
sanple. @ Assunming that this first digitized sanple is 1

and consfistent with the assunption that the initial contents of the

accunul a@or 5i are represented as 0, the adder 5h produces the sum 1 + 0 =
1. This gumis stored in the accunul ator 5i. ' Then, when the next
digitized sanple 2 recovered fromthe head 2A is provided at the output of
the multigplier 3, it is summed with the present contents of the accunul ator
5i, prodgcing the sum 2 + 1. This sumis |oaded into the accunul ator 5i at
t he next %cl ock pul se for summng with the next digitized sanple presented
to the adqder 5h. From Figure 4E, it is seen that the next sanple

suppliedito
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the ad 5h by the ADC 4 is sanple 3 rgzz#ered by the head 3A. \Wen

10 th sanple is sutmmed with the pre contents of the accunul ator 5i,
the resi@tant is represented as the sum 3 + 2 + 1 (see Figure 4F). This
sumis |g@aded into the accunulator 5; at the next clock pulse to be sum*red
with the@inext sanple supplied to the adder 5h from t h@hisBKset Has Been R

16, 7 B 11D
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Figure 4Gis a timng diagraqifgf
 or 5i. The contents are update&' t-
& |y the sum produced by the adder 5h.
Wt of the adder 5h is | oaded into the accunul ator 5i

he cl ock

resenting the contents of the

rate Fs to store

Figure 4G illustrates that

at the next

sanple g me follow ng the production of—the—sum—that is_ when fhe next
sanpl e & oduced by the ADC 4 is gupatigd to the adder 5h. From
Figuresg#C and 4E, it is seen th t hedadder 5h is first supplied with
three s@mples fromrespective sub- CiTf s _of the audio signal rgcorded in
the | ef & channel track 4¢n the tape bl | owed by thfee sanpl es Jfrom
respectigve sub-channel sjof the audio s§gnal recorded | n the right} channel
track o the tape TAYH is appreci%?eu that the |eft}channel infformation
generalldy is not relateq to the right-¢hannel infornpation. AQcor di ngl y,
the cortents of t nmul at or pe=aiaayl d be cl earfpd after t he
sanpl es from the subjchanngl sypf thg leftchgnnel audy o signal &
sumed éo t hat such ganpl eq dae not fsunmred Wit h the sub-chggn:l sang e
derived from «¢po —
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by t he
Y

ﬁ;étor Si for the digitized sub-channel sanples derived®

aat when the sum3 + 2 + 1 |s Iﬂ@?gg into the accunul ator. 5i
#annel sanpling interval L-

The foregoing operatlon of the adder 5h an

it - C?E? udigyysi gnal s is substantially the same as fhéi3desc
g Foi dp ah annel sanpling interval R0, if nultipléxed

ed sanpl es thereof are ident200ed as sanples 5, 6 and 7 (reco?@
iheads 5A, 6A, 7A) as shown |W Figure 4E, the -
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‘oqtpui%ﬂ; the adder 5h is as shown in F| %Vﬁ I s appreciated that,
hen sagkle 5 is present, the contents of e accunulator 5i will have been
38d, therefore, sanple 5 is sumed with O resulting in the sum 5.
@-following sanple 6 is supplied to the adder 5h, the accunul ator

@ ns the sum5, and these contents are sumred with sanple 6

@ in the sum 6 + 5. At the clock pulse just prior to the arrival
#xt sanple 7, the sum6 + 5 is |loaded into the accunul ator 5. Wen
sanpl e 7%is supplied to the adder 5h, the contents 6 + 5 of the accumul ator
5. are fed-back to the adder 5h and sunmed with sanmple 7, resulting in the
sum 7 +:6 + 5. At the next clock pulse, this sumis stored in the

accumul at or i's tched in the latch circuit of the digital

si gnal processo§c$4, &;e mul ator 5i then is cleared. As the

f oregoi ng operation contlnues the latch circuit included *in the digital

si gnal processor 14 stores the summed sub- channel sanples which, in
succe55|ve sanpling intervals, conprise alternating |eft-channel and

ri ght- chinnel sanpl i ng |nte4QeIs L-0, R- 0, L-1, R1, L-2, R2, and so on,
as. |IIustrated in Figure 4l. '} It is
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appreci ated that the summred sanples for each Ieft-channel and right-

WI sanpling interval forma digital reconstruc¥i on of the sub-*chanref
an gue sanpl es produced by the nmultipl exer 3 fror‘r‘i/t he left--chanrfel and-i3.
ri ght-channel anal ogue audi o signals that are recov?ed by the heads 1A to: LS
3A and 5A to 7A (or 1B to 3B and SBto /7/B). After I ng stored-initthe l.atch =~

!
i
circuit of the digital signal processor 14, the digital representations of
the reproduced appARgUS FOHREPROUUGING DIGHTAL MARO CANAUSGUEARUPIBOSIENLES G pirad !

to be filtered by The over- sanpling fi1ter 15 and converted 1o anal ogue = - -
formby the DAC 16. The resultant |eft-channel and right-channel anal ogue
audi o signals This invention relates to apparatus for reproducing digital

and analogue audio signals.

Analogue audio tape recorders are known wherein an analogue
signal is recorded in a longitudinal track on a magnetic tape driven
past a stationary head that reproduces the analogue signal. In high
fidelity audio equipment , two channels of audioc signal are normally
recorded to provide left (L) and right (R) stereophonic channels of
audio information. Typically, the magnetic tape is housed in a
cassette, such as a compact cassette, wherein the tape may be driven
first in one direction to reproduce one audio programme comprising
left and right channels of audio information recorded on one “side" of
the tape, and then in the opposite direction to reproduce another
programme of left and right channels of audio information recorded on
the other “side".

In some cassette players operable with suech cassettes, the
two different directions of movement of the magnetic tape are achieved
simply by turning the cassette over to play a "different side" of the
tape. Other cassette players include a so-called "auto-reverse"
feature, whereby the tape is driven in one direction to reproduce
signals from one “side" and then, when the tape reaches its end, or
upon selection by the user, the tape transport direction is reversed
such that signals recorded on the other “side" are played back, In
actuality, the two "sides" ‘of the tape comprise upper and lower
longitudinal halves of one tape surface, the two halves respectively
lying above and below the centre line of the tape. Digital audio tape
players also are known in which audio signals are recorded in digital
form in separate longitudinal tracks, or channels of the tape.
Recording or réproducticn of these digital sigpnals is achieved by
using an individual head for each channel, whereby a plurality of
channels are recorded or reproduced substantially simultaneously.
Like the analogue audio cassette player, the digital audio cassette
player, is capable of reproducing digital signals recorded in
longitudinal tracks on two "sides" of the tape, that is in tracks on
upper and lower halves of the tape.

In one type of digital tape player the tape must be turned

~ This is ths replacement sheet
. 2 1 AN 83
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21 prOV|ded at the output of the DAC 16 are filtered by the | ow pass
filter 17 and nade avail able for further processing, such as sound
reproduction, further recording, signal transm ssion, or the like.

It is appreciated fromthe foregoing dj scussion that the circuitry shown in
Figures 1A and 1B is used to process either digital audio signals or

anal ogue audi o signals which may be reproduced by the digital heads of the

type shown MrF&ogFéme -thd "R g Cla1Clighi s Wtlobded K @aérl ysmem@:seﬁes tagee
reproduced di audi 0 signal] serves to.reduce the aliasin n0|se t hat

may be pres‘é’n 9 np]lan% sPf¥chantfel 2thgr ﬂ'ﬁé%aﬁfﬁué’lém"so havitg) thehich are
reproduced dfforeinemttorgidt tduthemdrersd't féftupptRe idirest ivhadf mbeemutmart i on of

ot channefeofats, G BRTy 13BNy Yol BTl Rt dFgRlshiBkich SPEGRERT
enmbodi ment ‘tﬁidehewpbeesemodumdent ion is illustrat ed in

In both analogue and digital tape players having the "auto
reverse" feature, two sets of heads are normally provided: one set to
reproduce analogue or digital signals (as the case may be) from one
half portion of the tape (for example from "side".ﬁ) when the tape is
driven in the forward direction, and another set of heads to reproduce
analogue or audio signals from the other half portion of the tape (for
example from "side" B) when the tape is reversed. Of course, for
analogue and digital tape players that do not exhibit the “auto
reverse" capability, only one set of heads need be provided.

Although separate analogue audio Slgnal reproducing apparatus
and digital signal reproducing apparatus are known, it is often
desirable to provide both analogue and digital reproducing
capabilities in a single machine. It had been thought that such dual
analogue and digital capability requires separate transducers (that is
separate analogue and digital heads) as well as separate and
independently operable signal processing cireuitry. Of course, the
use of separate sets of heads and separate processing circuits is
expensive, occupies substantial space, results in bulky equipment, aqd
is complicated to assemble and use.

According to the present invention there 1is provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or an analogue -
audio signal recorded in one longitudinal track on a record medium,
the apparatus comprising:

a plurality of heads for reproducing the M channels of digital audio
signals or for reproducing the analogue audio signal;

multiplexer means coupled to said plurality of heads for multiplexing
the digital or analogue audio signals reproduced by said heads;
analogue-to-digital converter (ADC) means coupled to said multiplexer
means for digitizing the multiplexed audio signals;

waveform equalizer means coupled to said ADC means for waveform
equalizing a digitized audio signal recovered from said digital audio

This is ths replacernent sheet
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the bl ock di agram conprising Figures 5A and 5B. In this enbodinent, the
magnei i ¢ heads which are used to reproduce digital or anal ogue audio
signals differ fromthe nmagnetoresistive heads that are used in the

af oredescri bed enbodinent. In particul@ar, in this enbodinment, rather than
usi ng nmagnet oresi stive heads, so-called "bul k-type" heads, such as
I nducti on-type nagnetic heads, are used. These bul k-type magneti c heads

are sonmewhat sigmager than the aforedescribed nagnetoresistive heads and thus

one conpl et eplstﬁ:tesglf.n NEags fot ﬂaaiﬁéh'tger Wl 1€ 208 W8P STp1s! oo @iadhy udi nal

direction of te ones of t ese bul k-type heads
are stagger e®® dorwcw&jmﬁu‘meﬁaﬁﬂﬂ dlenslibe PIT headse 2EPFOSUPR AN RRAYOERE nanner
shown in Fi ggﬁﬁ&signal, As was the case for the arrangenent of heads
shown in Fi ga@&% ﬁf} heads vvlt?eth(eJ S ffIX "A arelgsed to r?ﬁéoduce
signals reco ng; PRanA ooypled ftog $add, ¥AYREORT: LARLIAT PSR TREs aut o
reverse capabigithyly pheesiigatiee wiheTord qudaM/zédl digrtised faudid Bigmae used to
o0t St G0 £ Wil bl B )0 BRE Syl uBbdted i ode

signals from said processing means when said plurality of heads

reproduce an analogue audio signal and to receive the digitally

processed audio signals from said digital handling means when said

plurality of heads reproduceé a digital audio signal; and

digital-to-analogue converter means coupled to said digital filter

means for producing an analogue audic signal in response to digital

signals supplied thereto by said digital filter means.

According to the present invention there is also provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or an analogue
audio signal recorded in one longitudinal track on a record medium,
the apparatus comprising: '

a plurality of heads for reproducing the M channels of digital audio
signals or the analogue audio signal, with at least one of said heads
being displaced relative to the other heads in a longitudinal
direction such that a relative time shift ~ is imparted between the
audio signal reproduced by the displaced heads and the audio signals
reproduced by the other heads;

delay means for delaying the audio signals reproduced by the displaced
heads relative to the audio signals reproduced by the other heads to
minimize said time shift T ; and

summing means for summing the audio signals reproduced by said other
heads and the delayed audio signals to recover the analogue audioc
signal recorded in said one track.

According to the present invention there is also provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or left-channel (L)
and right-channel (R) analogue audio signals recorded in respective
longitudinal tracks on a record medium, the apparatus comprising:
¥ magnetoresistive heads for reproducing the M channels of digital

This 15 the replacement sheet
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the side A and, when the tape TA is turned over, to reproduce those signals
recorded on the side B. Figure 6 also illustrates the relative
posittioning of the digital heads 1A to 7A and OA (and 1B to 7B and OB)
relative to the tracks in which the |ef{-channel and right- channel

anal ogue audi o signals are recorded by anal ogue heads. As

22 before, the heads 1A, 2A and 3A are positioned to reproduce the left-

audio signals, N of said magnetoresistive heads (N<M) reproducing the
L and R analogue audio signals;

multiplexer means coupled to said M heads for multiplexing the M
channels of digital audio signals or N channels of L and R analogue
audio signals;

analogue-to-digital converter {ADC) means coupled to said multiplexer
means for producing digitized samples of the M multiplexed channels of
digital audio signals or the N multiplexed channels of L and R
analogue audio signals;

waveform equalizer means coupled to said ADC means and including
summing means normally operable to equalize digitized waveform samples
recovered from said digital audio signals and selectively operable to
sum N/2 digitized samples of L analogue audio signals and to sum N/2
digitized samples of R analogue audio signals;

data detecting means coupled to said waveform equalizer means for
producing M data channels of digital audio signals;

digital signal processing means coupled to said data detecting means
when said heads reproduce digital audio signals for demodulating said
M data chanmnels of digital audio signals, said digital signal
processing means being coupled to said summing means when said heads
reproduce analogue audio signals for providing summed L signals and
summed R signals; and

digital-to-analogue converter (DAC) means coupled to said digital
processing means to convert to analogue form the digitized signals
supplied thereto. )

According to the present invention there is also provided
apparatus for reproducing either M channels of digital audio signals
recorded in longitudinal tracks on a record medium or left-channel (L)
and right-channel (R} analogue audio signals recorded in respective
longitudinal tracks on a record medium, the apparatus comprising:

M heads for reproducing the M channels of digital audio signal, N of
said M heads (N<M) repioducing the L and R analogue audio signals and
at least one of said N heads being displaced relative to the other
heads in a longitudinal direction such that a relative time shift ris
imparted between the audio signals reproduced by the displaced heads
and the audio signals reproduced by said other heads;

multiplexer means coupled to said ¥ heads for multiplexing the M
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channel anal ogue audi o signals and the heads 5A, 6A and 7A are positioned
to reproduce the right-channel anal ogue audi o signals. These digital heads,
of ‘course, reproduce M channels of digital audio signals as well. As in

t he previous enbodi nent, N<M and, as oge exanple, M8 and N=6.

Assum ng that successive heads are longitudinally displaced fromeach other
by the distance d, for exanple assum ng that the odd- nunbered heads are

di spl aced byharinelslicf digitall duddondigealevwenN ehatrededohdadsd RaadaXogne her

assum ng thgky gohglé‘%ﬁe TA is transported in the direction shown in Figure 6
at a transport S y, then at any given tine, the signals reproduced
fromthe si G@awgls?-itq'réigiddl eanNecten (MK deeans @Oweéy@ds&fél nelitiplexer t he

signal s 1 ePmeghiceck Brodulndyfifle /b hap AL P86 b LKL eSEd BlarkbPof o 1]

When anal ogue audi 0 SI? I's are reE uced Eu‘)é’ t he dj |taI heads,
sub- channel $1gktizad audiq signalsctr ahathegl audbiplexed §F|%H"§ 298 Feoliuced by
t he heads 1An312)%uar§ixd3&\sa§ﬁh1§l;lb channel s of the right-channel anal ogue

nal oguc audREE JFGREFUn o detsti, BEH. KB 1Y 14 EABRL AR sont ed as
normally operative to process the digitized samples of said M
multiplexed channels for producing M data channels of digital audio
signals;
digital signal processing means coupled to said data processing and
detecting means when said heads reproduce digital audio signals for
demodulating said M data channels of digital audio signals, said
digital signal processing means including delay and summing means
coupled to said ADC means when said hé;ds reproduce analogue audio
signals for delaying selected ones of N/2 digitized samples of the L
analogue audio signal reproduced by the displaced heads and for
delaying selected ones of N/2 digitized samples of the R analogue
audio signal reproduced by the displaced heads substantially to
eliminate said time shift = , and for summing the delayed and
undelayed digitized samples of the L analogue audio signal and for
sumeing the delayed and undelayed digitized samples of R analogue
audio signal; and _
digital-to analogue converter {(DAC} means coupled to said digital
signal processing means to convert to analogue form the summed
digitized samples produced by said digital s'ignal processing means.
In an embodiment of this invention, apparatus is provided for
reproducing either M channels of digital audio signals recorded in
several longitudinal tracks on a record medium or an analogue audio
signal recorded in at least one longitudinal track on a record medium.
A plurality of heads reproduces the M channels of digital audio
signals or the analogue audio signals; and the reproduced audio
signals are multiplexed. 4&n analogue-to-digital converter (ADC)
digitizes the multiplexed audio signals which are supplied to a
waveform equalizer. A processor sums the digitized audio signals
produced by the ADC when an analogue audio signal is reproduced by the
heads and the summed signals are supplied to a digital filter which
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F(t), wherein t represents tine, the anal ogue audi o signal reproduced by

t he head 2A may be expressed as F( t + [err]). |If each head is assuned to
reproduce a sub-channel of the |eft-channel (or right-channel) anal ogue
audi o signal, then the |eft-channel aypdio signal (as an exanple) nmay be
represented by the sum of the sub-channel signals reproduced by the heads
1A to 3A |If the sumof these signhals is represented as S(t), then:

S(t) = 2 Fobépmatly-(tectiesr the amutreqwmmiedlammmbsbmu@t thdts summed

Z::?Fglr ; ]S§ t éiq@?%ll& Yx)‘eo exp?fﬁjg t%g?ﬁr&) lfg? pﬁitxzed gwdig[selgmll/ ut{:e[n ( [ er 1)1

exp(+j [ erriat $igital candde a‘iapalesienremnodma#f t Hhes dbbmpjexﬁcyhe:wagm:a‘lerl st i c of
t he sunmed a S t The
fi)ﬁt‘ép q8anBRtetted Sto | H)&i%kﬁé’?‘ Fcﬂ'l C(H}I J depli%al §g-ana'£oggur

frequency racteristic 1tselt 1s-grap cte e 13. As
shown in FPPUYEFEETE3, a dip, or ninimum nagnitude, occurs at those

frequencies f V\hehebﬁé fembodlbé’n euﬂd ‘hedds? cbﬁéﬂke W/wdghéoltesigfiheSO ON,

which resu|ts in det eri nc aracterlstlc of the re roduced
sunmed subfeads, and only fp tg ose head q'ﬁ ¥1) are used to reproduce the P

analogue audio signal. In this embodiment, the aforementioned
processor is included in the waveform equalizer and includes a
synchronous detector for detecting digitized samples produced by the
ADC and a summing ecircuit coupled to the synchronous detector for
summing N successive samples from the ADC. As one aspect, the summing
circuit comprises an adder and an accumulator interconnected such that
the contents of the accumulator are sumgg in the adder with a sample
produced by the ADC and the summed signals are loaded into the
accumulator to be summed with the next sample that is produced by the
ADC.

In an alternate embodiment, the heads are formed as bulk-type
magnetic heads, such as induction-type heads, at least one of which is
displaced relative to the others in a longitudinal direction such that
a relative time shift % is imparted between the signals reproduced by
the displaced heads and the signals reproduced by the other heads. 1In
this embodiment, the processor includes a delay circuit for
selectively delaying by a predetermined amount, such as ¥ , the
digitized samples from the ADC when analogue audio signals are
reproduced by the displaced heads. As one aspect of the embodiment,
the processor comprises a storage circuit for storing the digitized
analogue audio samples produced at sampling intervals k, (k - 1), (k -

2), «... (k-1 -mn), ...; and an accumulator for accumulating the
sum of the digitized samples recovered from the other hea;is at the
(k - 1)th sampling interval and the digitized samples recovered from
the displaced heads at the (k - 1 -n)th sampling interval.

The invention will now be described by way of example with
reference to the accompanying drawings, throughout which like parts
are referred to by like references, and in which:

Figures 14 and 1B, in combination, illustrate a block diagram
of one embodiment of the present invention;
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23 * channel s. This deterioration in the frequency characteristic
Is due to the delay (or advance) between the sub-channel signals reproduced
by the heads 1A and 3A and the sub-channel signals reproduced by the head
2A. 1f the sub-channel signal reproduced by the head 2A is renoved fromthe
sum S(t), the signal-to-noise (S/Ny ratio is degraded by a

Figure 2 is a schematic representation of one example of an
arrangement of heads for reproducing digital or analogue audio signals
in the embodiment of Figures 14 and 1B;

Figure 3 is an equivalent block diagram of a portion of
Figures 1A and 1B used to reproduce analogue audio signals;

Figures 44 to 4J are timing diagrams relating to the
embodiment of Figures 14 and 1B; _

Figures 54 and 5B, in combination, illustrate a block diagram
of another embodiment of the present invention;

Figure 6 is a schematic representation of the heads which may
be used to reproduce digital or audio signals in the embodiment of
Figures 5& and 5B;

Figure 7 is a flow chart for the embodiment of Figures 5A and
5B; g

Figure 8 is a block diagram of yet another embodiment of the
present invention;

Figures 94 to 9M are timing diagrams for the embodiment of
Figure 8;

Figures 10 and 11 are block diagrams of other arrangements
which may be used to reproduce analogue audio signals from a record
medium;

Figure 12 is a frequency characteristic vector diagram
relating to the embodiment of Figures S& and 5B; and .

Figure 13 is a graphical representation of a frequency
characteristic relating to the embodiment of Figures 5& and 5B.

Before describing the embodiments of the present invention,
reference is made to Figure 2 which schematically illustrates a
magnetic tape TA on which a digital audio signal or an analogue audio
signal may be recorded.

Assuming that the tape TA conforms to the standards adopted
for the compact cassette, the width of the tape TA is 3.81 mm and,
when analogue audio signals are recorded thereon, left-channel L and
right-channel R analogue audio signals are recorded in respective
longitudinal tracks by ordinary analogue recording heads. As is
standard, the recording heads are positioned such that the left-
channel and the right-channel signals are recorded in respective
tracks on one half portion of the tape TA, such as side &. HMore
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factor up to approximately [err]. The enbodi nrent shown in Figures 4A and 5B
avoids a deteriorated frequency characteristic wthout degrading the S/ N
ratio. This is achieved by del aying the sub-channel signals reproduced by
the head 2a by the delay time [err] and8then adding this delayed signal to
t he sub-channel signals reproduced by the heads 1A and 3A. Likew se, the
sub- channel signals reproduced by the head 6A and del ayed by’é&]err] and
added to the gapticolemgelandiagnisl shawspinoBileneel 2hanal eguenhesds Wpandh BR 28¢ The

resultant su ' | C (=r]g ' f anall Bfuee® he, the
| ef t - channel %&,iﬁ}j e%btﬂﬁgoﬁgéﬁegﬁﬁﬁgl 7a,§\ea‘?gh%t§g§,me?h%mr i %l#\t - channel)

anal ogue audirespeic§iegly, on the sideTh,pfijtage TA- FIRpupde BAsshewBED FHRCE rcuitry
ilTustrated thes ehd 1bwerShdlif! Rirtich b dhe dape T8 TeTat106 BonEHOVEnYre Ximsj unct i on

with Figures 1A and 1B and |like referen uneral s are used to, jdentify the
same el enent $& W§FeHer I&u‘b‘ﬂ?c"&t?ﬂ?é"‘&@?ﬁ‘f?ﬁ%'o epd o"t%?%@f’ﬁses&tl"? teinwi 11, of

course, be appi@rthé edpd NRtistHoRsed s dummesdt ovehpwhe iheads Garad BArecwtd5B

LS RN M Bl AU TR O DR W Y b tagore v

descri bed entxdde ers, rdcordedgrthet bapeDTA is transported in the left-to-right
direction for the recording of left and right channel signals; and
when the compact cassette is turned over, the tape TA may be thought
of as now being driven in the right-to-left direction such that left
and right channel signals are recorded on the side B. Of course, to
reproduce these left-channel and right-channel audio signals, the
heads LA and RA are used to play back the audio signals from the side
A and, when the tape TA is turned over;'bhe audio signals are played
back from the side B.

If the recording apparatus with which the tape TA is used has
an “auto reverse" feature, two sets of analogue heads are used: one
set comprising heads LA and RA to record the aforementioned left and
right channel audio signals on the side 4; and a mirror image
representation comprising heads LB and RB to record the left and right
channel audio signals on the side B. Audio signals are recorded on
the side A when the tape TA is transported in the left-to-right
direction and audio signals are recorded on the side B when the tape
TA is transported in the right-to-left direction, thus requiring two
sets of playback heads. Alternatively, the reproducing apparatus may
be provided with but a single set of the heads LA and RA, thus
requiring the tape TA to be turned over to reproduce the audio signals
from the side B, Consistent with the standards adopted for recording
analogue audio signals on a compact cassette, the heads RA and RB are
located closer to the centre line CL than are the heads LA and LB.

As an alternative to having analogue audio signals recorded
on respective tracks on the sides A and B of the tape TA, the tape T4
may have digital audio signals recorded thereon. In one technique,
stereophonic digital audio signals, comprising left-channel and right-
channel information, are recorded in multiple channels, or tracks,
such as in M tracks, by M heads. For digital recording/playback
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bi as current generator 19 and the AC bias clock generator 20 are not

provi ded because the heads are not magnetoresistive. Furthernore, the

mul tiplier 5f, the adder 5h and the accumul ator 5i included in the waveform
equalizer 5 are not used to recover thegsunned sub- channel signals as was
done in the enbodi nent of Figures 1A and 1B. Rather, in the enbodi nent of

Fi gures 5A and 5B, the output of the ADC 4 is coupled directly to the

di i tal i gnal,aBeessPingldutrdvRos st Y} ocsetsher aphedssiuey be used o
reproduce an %gue audl 0" sI

nal s. , The digital si | processor 14
shown in Fi gpreviged gapepet Fg@“%ﬁﬂd’l’?&rﬁ’rgf’ of; gﬁa‘?e“gfﬁgdeﬁagbr}% T‘%"@P ead 2A
(and Sl Iso dflﬁy&p}mcgmgnghwelsfg'hﬂnﬁbn thedsideda oy thee tapea®ha AN by t he
time delay [er

Sub- channel - SrESPer ebobdeseEd T o SRS HELAleS A7 e Kadets TR LIBVEC o
5A and 7A, asecord or reproduce digital audio signals on the side B. If the
recording/playback apparatus is not capable of operating in an auto
reverse mode, only one set of heads need be provided, and signals may
be recorded on both the sides & and B simply by turning the tape TA
over.

Figure 2 illustrates a set of eight magnetic heads (M=8) 14,
24, 3A, ...TA, OA for recording eight channels of digital audio
signals on the side A. In the absence of an auto reverse capability,
these same heads 1A to 74, OA are used to record/reproduce digital
audio signals from the side B when the_gape TA is transported in the
reverse direction.

Typically, analogue recording/playback apparatus is not
capable of recording or reproducing digital audio signals and,
similarly, digital recording/playback apparatus is not capable of
recording analogue audio signals. To provide dual capabilities in the
same device, analogue recording/playback heads and digital
recording/playback heads have heretofore been required. Thus, and
with reference to Figure 2, the heads LA and RA (as well as the heads
LB and RB) would be used to record or reproduce analogue audio signals
only; and the heads 1A to OA (as well as the heads 1B to OB) would be
used to record or reproduce digital audio_signals only. If the
analogue audio signals are stereophonic signals, they are recorded in
two tracks on one éide of the tape TA, and if the audio signals are
monophonic signals, they are recorded in only one track. Stereophonic
digital audio signals are recorded in M tracks on one side of the tape
TA and, in one recording technique, the digital audio signals comprise
audio information recorded by the heads 1A to TA (as well as by the
heads 1B to TB), and cue signals recorded by the head OA (as well as
by the head 0B). The cue signals relate to the location of various
audio programmes for quick access, such as by fast forward operation,
and also may be used to perform other known functions. Such cue
signals are useful in reproducing the digital audio information, thus,
for the purpose of the present discussion, the head OA {and the head
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24  the case may be). Accordingly, the digital signal processor 14

I ncludes a programmbl e sequencer SEQ an accunul ator ACC, a |eft- channel
regi ster L-REG a right-channel register RRREG an adder ADD and a random
access menory RAM The progranmabl e s?fguencer SE operates in accordance
with the programed routine illustrated by the flow chart shown in Figure 7
and now descri bed. Let it be assuned that the ADC 4 digitizes the

mul tipl exed a0By!guse $HsHgRt IrINAbSingNudddcn TN hed@ WM kd Al Gitdewidl. Let it
be further ast%urred t g inter
S

"mterval k. SERpRMG T eeriRAItol Ferord 436 LIcRHE BRI | REP IR B IRt
sanpl i ng i nt endalight 3téeophaddt @adlicathaasy argceonvieetad intordigidaldaudio
signals of reduced bit rate, are interleaved and are recorded in
parallel longitudinal tracks by the heads 1& to 7A (and by the heads
1B to 7B).

In an embodiment of the present invention, the heads normally
used to reproduce digital audio signals are used to reproduce analogue
audio signals that may have been recorded on a separate device by the
analogue recording heads LA and RA {or by the heads LB and RB). A
comparison of the alignment of the analogue heads with the digital
heads in Figure 2 indicates that, when analogue audio signals are
recorded by, for example, the head LA, the digital heads 1A, 24 and 3A
reproduce respective portions, or sub-channels, of the analogue audio
signal. Likewise, when analogue audio signals are recorded by the
head RA, the heads 54, 6A and 7A reproduce respective sub-channels of
that analogue audio signals and, thus, are assumed not to reproduce
useful information. Similarly, the head OA is aligned between the
centre line CL of the tape TA and the track of analogue audio signal
recorded by the analogue head RA and, therefore, it too is assumed not
to reproduce useful analogue information. In similar manner, if two
sets of digital heads are provided, the heads 1B, 2B and 3B reproduce
individual sub-channels of the left channel audio signal recorded by
the analogue head LB, and the digital heads 5B, 6B and 7B reproducé
individual sub-channels of the right channel audio signal recorded by
the head RB. Here too, the heads 4B and 0B are assumed not to
reproduce useful analogue information. Thus, of the M heads used for
digital audio signal reproduction, N of those heads (N<M) are used to
reproduce analogue audio signals. In the illustrated embodiment, M=8
and N=6, although in general, 2<N¢M.

The manner in which signals are reproduced from the tape TA
by the heads 14 to 7A and OA and by the heads 1B to 7B and OB will be
discussed in conjunction with the block diagrams shown in Figures 1A
and 1B. It is assumed that the digital heads 14 to T&, OA and 1B to
7B, OB are constructed as magnetoresistive heads. These heads are
sufficiently small as to be aligned transversely of the longitudinal
axis of the tape TA. As 1is known, to reproduce digital signals, the
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so on. In simlar fashion, the right-channel sanpling intervals R0, R1,
R-2% are produced at sanpling intervals k, k+1, k+2, and so on. It is
appreciated that the tine division nmultiplexed sub-channel sanples are
produced successively during each sanpling interval. Now, when the routine
of Figure 7 begins, instruction ST-1 operates to read fromthe RAM sanple
S1(k-1) which is |loaded into the accunulator ACC. From Figure 4C, it wll

be appreci ajgfetdrasidthié neadiohee |s§%ﬂ€iéﬂ\&€idh far penpi he c%bli%brﬁ,hﬂﬂl&ﬁl a%l gnal y
he routine

r epr oduced ead urin k-1)th int
t hen advancgé ?3 |n'§f‘F°uihg d W‘n % "§$F6ngt$[’8r"1eﬂ§<)ﬁ°%| his
assuned to mstdnerem:rméxferwoesmijyn sidtabledswdtel W k Tie switteh \S#h ifsr om t he
head 1A, is, n 0, struction
ST-3, aher ciaseiraEea sBhdbat ey UM o F1doPhineRions 8 heptanc o %2 head 2A
during the ¥ekagpnepiatednthatvitl iarad shbid-skesa swibehdig dlementad from t he RAM and
| oaded into the | e} n re erjp | apps e tipat s sanpl e
Ia@@n ot " CgHoRh ©T in | tdetal) CFi%hFéj &t

had been derlved 1+ l'Tng 1 ntervals preceding the present k-th
sanpl i ng i rMA8PELE 313“"3 head ‘F‘P\‘@Féﬁ%?‘agﬂﬁhﬁ‘eﬁbﬁiﬂﬁé‘aﬁ%ﬁ&rﬂ%% Rndnst ruct i on

ST-4, wher ed bias portion which applies a bias magnetic field to the sensing
portion. The DC bias current produced by a bias generator 19 is
supplied to the bias conductor which applies a bias magnetic field to
the sensing portion of the magnetoresistive head. When this sensing
portion detects a changing magnetic field, as from signal recorded on
the tape TA, its resistance value changes proportionally thereto; and
this change in resistance value is detected to produce a signal
representing the recorded signal., A4s wifi be described, when digital
audio signals are reproduced from the tape TA, the bias conductor
included in the magnetoresistive head is supplied with an AC clock
signal produced by an AC bias clock generator 20 which is coupled to
the magnetoresistive heads by the switch SH3 and the DC bias current
is supplied to the magnetoresistive sensing portion. Accordingly,
when digital audio signals-are to be reproduced by the apparatus of
Figures 1A and 1B, the switch SW3 couples the bias generator 19 to the
magnetoresistive heads; and when analogue audio signals are to be
reproduced, the switch sw3 is operated to couple to the bias portion
of the magnetoresistive heads, the AC bias clock signal produced by
the clock generator 20, .

The signal reproducing apparatus comprises a multiplexer 3,
an analogue-to-digital converter (ADC) 4, a waveform equalizer 5,
digital handling circuitry 30 (Figure 1B), a digital 51gnal processog
14, an over-sampling filter 15 and a digital- to-analqﬁﬂe eoﬁ@ertqy;
(DAC) 16. The multiplexer 3 comprises an analogue multiplexer having
plurality of inputs coupled to the heads 1& to 74 (or to the heads 1B
to 7B) by amplifiers 2;, 2,, 23, voo2q, respectively. The analogue
multiplexer multiplexes the sub-channel signals supplied thereto from
the digital heads in time division multiplexed form so as to provided
a serial signal. It is appreciated that, when digital signals are
recorded on magnetic tape, the signals reproduced by the digital heads
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the contents of the accunulator ACC are summed with the contents of the
| ef t -ichannel register L-REG and this sumis |oaded into the accumnul ator
ACC. Hence, at this tinme, the accunulator ACC is | oaded with the follow ng
sum Slerr](k-[err]) + S2(k-1-n) Advancing to instruction ST-5,
the digitized sanmple S2(k), presently dérived fromthe head 2A, is witten
into the RAM The routine then advances to instruction ST-6 wherein sanple

S3(k-1) is read fromthe 25
do not exhibit pure digital form. Rather than exhibiting square or

rectangular waveforms, the reproduced signals exhibit analogue wave
shapes; and these analogue wave shapes are multiplexed in time
division serial form by the multiplexer 3. Thus, whether digital
signals having analogue waveforms are reproduced by the digital heads
or analogue signals are reproduced thereby, the multiplexer 3
functions to provide a serial analogue signal corresponding to the
reproduced analogue wave shapes reproduced from the respective digital
channels or analogue sub-channels by the heads.

The multiplexer 3 is coupled to the ADC U which is supplied
with a sampling clock signal of frequency Fg. The ADC 4 samples the
serial signal produced by the multiplexer 3 to provide a multi-bit
digital representation of each sample. When the illustrated apparatus
is used to reproduce digital audio signals, the ADC 4§ functions as a
wave shaper and serial-to-parallel co_nverter'for the digital signals
which are reproduced with analogue wave shapes. Of course, when
analogue audio signals are reproduced by the digital heads, the ADC 4
serves to sample the muitiplexed sub-channel signals recovered from
individual heads and to digitize each sample.

The digital audio signals which are reproduced by the
illustrated apparatus are normally recorded in a time compressed mode,
whereby original audic signals are digitized by a 16-bit linear
quantization process, time compressed by a factor of 1/, interleaved
and recorded on seven parallel tracks. A&s is typical, to record an
original analogue audio signal in digital form, the analogue signal is
sampled at a frequency f' g that is at least twice the max imum
frequency included in the analogue signal. Hence, the sampling
frequency f' may be about 32 kHz, 44.1 kHz, 48 kHz or another known
sampling frequency. A&ccordingly, to be compatible with the sampling
'rrequency used for recording, the frequency F of the clock signal
supplied to the ADC 4 for sampling the multiplexed signals recovered
from the playback heads may be expressed as Fg = 8f',.

The waveform equalizer 5 is coupled to the ADC 4 and receives
a parallel B8-bit digital signal from the ADC 4. The waveform
equalizer 5 functions as a digital filter, such as a finite impulse
response filter. The waveform egqualizer 5 serves to correct amplitude
variations in the magnetically recorded signal due to the digital
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RAM and witten into the | eft-channel register L-REG That is, the
digitized sanple produced at the (k-1)th sanpling interval fromthe

sub* channel signal reproduced by the head 3A and whi ch had been stored in-
the RAM now is stored in the left-channg{ register L-REG Then, instruction
ST-7 is carried out wherein the present contents of the accunul ator ACC are
summed with the present contents of the left- channel register L-REG and
the sumis | ogatedrn that wag bacedsordadtor ACC. Thus, the following sumis

| oaded into th |, at ACC. k-1 S2(k-1- S3(k-1
Thi's sum whi ch 15 s OORRE ARARSIAte the e fRE"at thepls e aarzRt 71, 1)
written intolekt Hé beehssumbdntialt theglagberic kedE@ingfepriodu¢ingt eystemy

| nStruct i on et KR, gl e OWdoRFn AR ke 3 dade e SEgfetiel

witing into the RAM t he e ert{l( presenﬁg
head 3A. Playbackhead ehibibingda toensee fusetliondi{ied) MBeredpbcessi ng

simlar signals recovered fromghe,ry ghgxpCan&I‘)anal ogue audi o signal by
t he .
In accordance with this transfer function, the output signal level

exponentially decreases as the frequency of the signal increases. If
the digital signal is recorded as a non-return to zero (NRZ) pulse,
the output waveform reproduced by the magnetic head appears sinusoidal
having a relatively large level when a continuous "i" or "0" is
recorded; but the level of this sinusoidal wave is relatively low when
the recorded digital signal comprises alternating "1" and "0". The
waveform equalizer 5 operates to increase the level of the sinusoidal
wave in the event that alternating 1's ;;d 0's are reproduced, whereby
the original digital signal, such as a square wave, may be recovered
accurately from the output of the pléyback head.

In one example, the waveform equalizer 5 comprises a series
of cascaded delay circuits 5a, Sb, 5c and 5d, each delay circuit being
formed as an B-bit shift register having sixteen stages. Thus, if the
clock signal Fg is supplied to the delay circuits, each delay circuit
imparts a time delay of about 16Ts wherein Ty = 1/Fg. The outputs of
the delay circuits 5a to 5d, as well as the output of the ADC 4, are
coupled to a data selector Se which functions to select a desired time
delay by coupling one of the delay circuit outputs therethrough. If
T = 16T, then the data selector 5e selectively delays the digitized
samples produced by the ADC ¥ by 0 x T, 1 x T, 2 xT, 3xTor 4 xT.

The output of the data selector 5e, that is, the selectively
delayed B-bit digitized sample produced by the ADC 4, is coupled to a
multiplier 5f which multiplies the digitized sample with a
predetermined coefficient. In this regard, the digital coefficient
generator 5¢ is selectively coupled to another input of the multiplier
5f by a switch SW,. The switch SWy is ganged for simultaneous
operation with the switeh sw3 such that, when the playback heads
reproduce a digital audio signal, the switch SW, couples the digital
coefficient generator 5g to the multiplexer 5f, but when an analogue
audio signal is reproduced, the switch SH, couples the elock generator
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heads 5A, 6A and 7A. It is appreciated that after this routine has been
repgated, the right-channel register stores therein the follow ng sum
Sferr](k-1) + S[err](k-1-n) + S[err](k-1) It is recognized that
the RAM stores the digitized multiplexed audio signals produced by the ADC
4 at sanpling intervals k, (k-1), (k-2),‘§.. (k-1-n), and so on. Sel ect ed
ones of these stored digitized nultiplexed audio signals are summed to
recover a digitized pepre tion of the original anal ogue audjo signals;
and the val ue 2" E? s&é iy g{]aag 3 ogf}'t he' i ﬂégi&g# a§°ﬁf§??ie“ga§§’é?fah t
di spl aced headsufpiies 6A) pansllebe Sshitpl siggal nrepreabntingr rg . priddaterméned n t he
enbodi nent descyj r&il.n, Ll t | t.he. head 2A
Gbé g‘rr‘%i%emég co‘inspghQA tt{» f}t@g r@ggﬂéﬁ?ﬁﬁgﬂeié&@h r% A

(or the digitized s erive rom I's n sanpl es away
from the digitd2dsalastor Segnditesddhe vasel fictent Wetthehiich the aede@Avelyr from

the heads 5A agghaféd di xﬁ;ag?itg_agﬁlé Her et igl1bd 1909%%@?84 Fub&ioh G tdtay

i1
[err] After the annel register L G and ri ght - channel
regi ster R REGS&IeSteb488Y-with their respective summed sub-channel s,

The output of the multiplier 5f is coupled to a summing
circuit comprising an adder Sh and an accumulator 5i. The output of
the adder 5h is coupled to the accumulator 5i which, in turn, has an
output that is fed back to the adder 5h to be summed with the output
of the multiplier 5f. Accordingly, the contents of the accumulator
5i, which are represented as a 12-bit parallel signal, are summed with
the output of the multiplier 5f to produce a parallel 12-bit summed
signal that is loaded into the.accumulator 5i to be sumed
subsequently with the next product produced by the multiplier 5f.

The output of accumulator 5i is used as the output of the
waveform equalizer 5; and in one example, the six most significant
bits of the 12-bit signal stored in the accumulator 5i are provided as
the waveform equalized output signal. The output of the waveform

~equalizer 5 is coupled to the digital handling circuit 30 which
supplies a digitally processed, waveform equalized, digitized audio
signal to the digital signal processor 13, More particularly, a
switch SW,, which may be ganged with switches SW, and SW3, couples the
output of the digital handling circuit 30 to the digital signal
processor 14 when the illustrated apparatus is used to reproduce
digital audio signals; and the switch SW, is operated to couple the
output of the waveform equalizer 5 to the digital signal processor
when analogue audio signals are reproduced by the playback heads.

The digital handling circuit 30 comprises a data detector 6
supplied with a clock signal generated by a phase locked loop {PLL)
circuit 7, the latter being coupled to the output of the waveform
equalizer 5 to extract a clock éignal from the waveform equalized
digitized audio signal supplied thereto. In response to the extracted
clock signal, the data detector 6 recovers a time division frequency
multiplexed digital audio signal corresponding to the digital audio
signal reproduced from the parallel tracks by the heads 1A to 7. One
example of the data detector 6 and the PLL circuit 7 may be of the
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the contents thereof are read out at instructions ST-(X-1) and ST-X
respectively, to be converted to anal ogue formby the DAC 16. |If desired,
separate | eft-channel and right-channel digital-to-anal ogue

26 converters may be used to convert the summed digitized | eft-channel

and right-channel sanples into anal oguggsanples. Thereafter, the routine
returns to its initial instruction ST-1 to repeat the

type described in Japanese laid-open patent specification 59/92410.

] The time division multiplexed signal recovered by the data
detector 6 is supplied to a serial-parallel converter 8 wherein the
serial-bit signal is reconverted into the original 7-chamnel digital
audio signal reproduced by the heads 1A to 7A (or by the heads 1B to
7B). The recovered seven-channel digital audio signals are supplied
to a synchronizing signal separating ecircuit 9 to separate a
synchronizing signal therefrom. The 7-channel digital audio signals
then are coupled to an eight-to-ten (8/10) demodulator 10 and to a
synchronizing interpolating circuit 11, from which the demodulated 7-
channel digital audio signals are supplied to an input/output (1/0)
cireuit 12. An error correcting circuit 13 is coupled to I/0) circuit
12 to perform an error correcting operation, if necessary. Error
correction of digital signals is known and further description thereof
is not provided.

The purpose of the 8/10 demodulator 10 is to recover 8-bit
data from 10-bit data that is normally recorded. Although not shown
herein, it will be appreciated that, during a digital audio signal
recording operation, 8-bit digital samples of the audio signal are
converted to ten bits for recording; and the demodulator 10 functions
to reconvert the recorded 10-bit signals to 8-bit format.

A system controller 18, shown in Figure 14, is supplied with
a cue signal nobmally reproduced by the head OA (or the head 0B} and
also with a control signal from the I/0 circuit 12. The systenm
controller 18, which forms no part of the present invention per se,
functions to supply control signals to respective portions of the
reproducing apparatus. _

The digital signal processor ilf, which is selectively coupled
to the 1/0 circuit 12 by the switch SW,, functions to demodulate the
7-channel digital signals in accordance with the bit rate reduction
used for recording. The digital signal processor 14 includes a
programmable sequence, accumulator and random access memory described
further below in conjunction with Figures 54 and 5B. . The output of
the digital signal processor 14§ is coupled to the over-sampling filter
15, thereby supplying thereto either the summed digitized audio
signals provided at the output of the accumulator 5i when analogue
audio signals are reproduced by the playback heads, or the digitally
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foregoing for the next sanpling interval. Hence, after the L-0 and RO
sanpl es are processed in the foregoing manner, a simlar processing is

effected for the L-1 and R 1 sanpl es. By progranmm ng the
programabl e sequencer SEQ i ncluded in digital signal processor 14 in the
manner illustrated in Figure 7, the digital signal processor 14 which is

normal |y used to process digital audio signhals can be used to recover
anal ogue audi o signals that have been reproduced by digital heads and
digitized byp,bbaséﬂ)&uﬁio Adgoaldi suppyied lte thealigjtel chadidbirgy giwduite30 be
reproduced wi.th hi enskil Vi ' eque Aacte lstics.
The undesi reﬂ‘eghgrhg%%r?gﬁoc éliltg?(ﬂ%??aadtee e%g‘%%%rgyl?fﬁ%(sﬁgvofded{‘%fl t he
enbodi nent décmbinasden bothe. digital signalrpnogessoenbbandete Qwercsampdingde used

to recover apgigouss %ﬁ&é&F%gaeée%usé@tanaramamgodgféﬁed lipstieft ! 2l rheads 15

illustrated i'n Figure 8. For sinplification, Eigure 8 ustrates only the

heads 1A, 2Afidkeredadigital c9igaah Pragracdeby ihec AbHReE| 45 HtioqneRrted tq or
exanpl e, theyja@bgueCHor@ntyl tiRNDAC YO/ ard! Ghe coEPBd hhdllogli®\sipealr tivad fd on the

tape TA It fi‘ﬁtgx‘se%ugg?da &qu[pa;sh%ifteq'i % tt%l rgc%%gg a%rafogu%r ggﬁoagig%u g .
Thus, whether digital or analogue audio signal are reproduced by the
playback heads, the low-pass filter 17 produces an analogue audio
signal which may be converted to audible sound. The filter 17 also
functions to remove a final aliasing noise component, thus producing
left-channel and right-channel stereophonic audio signals.

In accordance the present case, the circuitry normally used
to recover and process digital audio signals is used to recover and
process analogue audio signals. In particular, the manner in which
the multiplier 5f in the waveform equalizer 5 is used to process
analogue audio signals is best illustrated in Figure 3. Here, a
magnetoresistive head 21 is shown with its sensing portion 22 and bias
conductor 23. When connected to recover analogue audio signals, the
AC bias clock generator 20 is coupled by the switch sw3 to the bias
conductor 23; and the sensing portion 22 is supplied with a constant
bias current from DC bias current generator 19, As mentioned above,
the DC bias current produced by the bias generator 19 is supplied to
the sensing portion 22 when both digital and analogue audio signals
are reproduced. However, the bias conductor 23 is supplied with the.
DC bias current when digital audio signals are played back with the AC
bias clock when analogue audio signals are played back. The output of
the sensing portion 22 is coupled through the amplifier 2 and the
multiplexer 3 (not shown in Figure 3) to the ADC 4, whereat the
recovered, multiplexed analogue signal is digitized, The multiplier
5f is supplied with the AC bias clock by the switch SW, when analogue
audio signals are reproduced; and the AC bias clock functions to
synchronously detect the digitized samples.

The manner in which the apparatus shown in Figures 1A and 1B
reproduces analogue audio signals now will be described with reference
to the waveform diagrams of Figures 44 to 4J. Figure YA illustrates
the sampling clock of frequency Fs having a period Tg supplied to the
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type heads simlar to those di scussed above in conjunction with Figure 6.
Accordingly, although not showmm in Figure 8 it wll be appreciated
that the head 2A is longitudinally displaced with respect to the heads 1A
and 3A. The enbodi nent of Figure 8 conprises a nultiplexer 100, an
anal ogue-to-digital converter (ADC) 103},7 I ndi vidual retimng or delay
channels, a sunmng circuit 107 and a di'gital -t o-anal ogue (DAC) converter
110. The multiplexer 100 nmay be simlar to the aforedescribed

mul tiplexer 3 _and is | i,ed Wi t .gRal.nfo N h N

successi on, @W@ halggﬁgga& i8x§#§ﬁ§F§9fe%§%8%%§§ 6?£tﬁ%§%g§§? %%?éZA and

3A and suppl idedi stibe mettd phexedngsimpl ¢scprodpged B thd gultiplexer b in FOEROPSe The

mul ti pl exer W%ﬁ%oﬁ-&l&il §EnhP shfi 186P€ndREo W3l £t 6liset 11106 tR@aharsguei pl exed
npl e.

i vi'dual - detERLEITEATREMEed fRom the subrenarels G E NEN Tk FoCHA] Shs o
clocked flip-(hsRiti &8 Wyt the Shealsass &oD7B yqmd DB} p- fltofiscseepuithatiGResuppl i ed
with a first fBQEE%%e eﬂyfkhe multiplex control signal is equal to the sampling

clock frequency Fg such that, during each sampling clock period, the

signal produced by a respective one of the playback heads from a sub-

channel is coupled through the multiplexer 3 to the ADC i,

Figure 4C represents the output derived from the multiplexer
3. Assuming that the control signal supplied thereto exhibits
repetitive intervals 0, 1, 2, ... 6, 7, 0, 1, ... and so on, it is
seen from Figure 4C that, since the output from the head 0A (or the
head O0B) is not supplied to the multiplexer 3, the output of the
multiplexer 3 at sample time O (which corresponds to the output from
this head) may be thought of as being “idle". At sample times 1, 2

“and 3, the multiplexer 3 supplies analogue outputs from the sub-
éhannels reproduced by the heads 1&, 24 and 34, respectively. At
sample time 4, the multiplexer 3 supplies the output reproduced by the
head 44; but from Figure 2, it is seen that the head 4a is aligned
between the left-channel and right-channel analogue tracks. Hence,
the information produced from the head YA may be thought of as noise.

At sample times 5, 6 and 7, the multiplexer 3 supplies the
analogue outputs from the sub-channels reproduced by the heads 54, 6A
and TA, respectively. Then, the foregoing multiplexing process
repeats. '

From Figure 2, it is recognized that the heads 1A, 2A and 3A
reproduce analogue signals included in the left-channel; and the heads
54, 6A and TA reproduce analogue signals included in the right-
channel. Figure 4C conforms to this notation and indicates that the
analogue signals produced by the multiplexer 3 during sample times t,
2 and 3 are derived from the left-channel; and the analogue signals
produced during sample times 5, 6 and 7 are included in the right-
channel. For convenience, Figure 4C illustrates the left-channel and
right-channel signals produced by the multiplexer 3 during the 0-th
sampling interval, followed by the signals produced during the 1st

sampling interval, followed by the signals produced during the 2nd
This is the replacement sheet
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27 of a timng signal whose frequency is, for exanple, Fs/3, wherein Fs

I s tshe sanpling frequency supplied to the ADC 101 (and also is the
frequency of the control signal supplied to the nultiplexer 100). The
flip-flop circuit 102 is connected in cascade with D-type flip-flop
circuits 105 and 106 which are suppliegdgwith clock pulses of a frequency
equal to the sanpling frequency Fs. A second del ay channel coupl ed
to the ADC 101 conprises a D type flip-flop circuit 103 supplied with a

second. phasesah@Iing fe#va?, and so on. These sampling intervals are defined by
each half cycle of the AC bias clock signal shown in Figure 4D, A
comparison of Figure 4D with Figures 4A, 4B and 4C indicates that the
AC bias clock period T, = 16T, and sampling frequency Fg = 16F,.

Although Figure UC has been described in conjunction with the
multiplexed signals produced by the heads 1A to 7&, it will be
appreciated that the same description applies if the multiplexed
signals are derived from the heads 1B to 7B.

The AC bias clock signal shown in Figure 4D is supplied to
the multiplier S5f whereat it is multiplied with the digitized
multiplexed samples produced by the ADC 4§ from the samples supplied by
the multiplexer 3. A4s a result, the digitized multiplexed samples are
synchronously detected and may be represented as shown in Figure 4E.
Figure 4E is similar to Figure YC, except ‘that the respective sampling
intervals noted as the Oth, 1st, 2nd, and so on in Figure 4C are not
similarly designated in Figure YE,

Figure 4F illustrates the output of the adder 5h when the
synchronously detected digitized multiplexed samples from the ADC 4
are summed with the contents of the accumulator 5i, Initially, it is
assumed that the contents of the accumulator 5i are equivalent to
zero. Thus, as shown in Figure 4F, the first digitized sample
recovered by the head 1A and supplied by the multiplier Sf is summed

. With the zero contents of the accumulator 5i, and at the next clock
pulse this sum is loaded into the accumulator 51 to be fed béck and
sumned with the next digitized sample. Assuming that this first
digitized sample is represented as 1, and consistent with the
assumption that the initial contents of the accumulator 5i are
represented as 0, the adder 5h produces the sum: 1 + 0 = 1. This sum
is stored in the accumulator 5i.

Then, when the next digitized sample 2 recovered from the
head 2A is provided at the output of the multiplier 3, it is summed
with the present contents of the accumulator 5i, producing the sum:
2 + 1. This sum is loaded into the accumulator 5i at the next clock
pulse for summing with the next digitized sample presented to the
adder 5h.

From Figure 4E, it is seen that the next sample supplied to
the adder 5h by the ADC Y is sample 3 recovered by the head 3&. When
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timng signal whose frequency is Fs/3. The output of the flip-flop circuit
103 is connected to a shift register- 108 which also is supplied with the
phase [err] 2 of the aforenmentioned timng signal; and the output of this
shift register 108 is coupled to another D-type flip-flop circuit 109 to
whi ch the cl ock signal of sanpling frqufncy Fs is supplied. The
third del ay channel conprises sinply a type flip-flop circuit 104
supplied with a third phase [err] of the tim ng signal whose frequency is

Fs/3. Th ' h
Surmi ng oi 1 cohgs spierk Suea Heh MRe G it DRBARCr b SGH! B
connected to tthlae!‘m@@mis T‘HEPEBA@eIileS i thessump| 3 e'dZV\t tih(sehFighre 4Fphase

[err] of the ghigidg fé 98:ed Afntd r@ﬂ”f‘d&ﬁﬂul%@é@?t %tpﬂ{édhl@x% ﬁ@ctﬂﬂé‘iéé%@ out put .
The DAC 110 is coupl ed to a | ow pass I'ter 111 which snoot hs the anal ogue

out put and sh§ppimmed t‘h‘éhrté@u?‘i"&nfa“&ﬁﬁlsb‘gﬁ’éeﬂ% bhes pdder| S Gramthsy

termnnal 112.4, The manner in which the enbodi nent shown |n F| gure 8
ot sl I ve g ERR R T A R R S
the accumulator 5i. The contents are updated at the qlock rate Fg to
store temporarily the sum produced by the adder S5h. Figure UG
illustrates that the output of the adder S5h is loaded into the
accumulator 5i at the next sample time following the production of the
sum, that is, when the next sample produced by the ADC 4§ is supplied
to the adder Sh.

From Figures UC and 4E, it is seen that the adder 5h is first
supplied with three samples from respective sub-channels of the audio
signal recorded in the left-channel track on the tape TA, followed by
three samples from respective sub-channels of the audio signal
recorded in the right-channel track on the tape TA. It is appreciated
that the left-channel information generally is not related to the
right-channel information. Accordingly, the contents of the
accumulator 5i should be cleared after all of the samples from the
sub-channels of the left-channel audio signal have been summed so that
such samples are not summed with the sub-channel samples derived from
the right channel audio signal. Figure 4H illustrates a clear, or
reset, signal which may be derived from the AC bias clock shown in
Figure 4D, this clear signal being generateci at every fourth sampling
clock time so as to erase the contents of the accumulator 5i before
digitized audio signals derived from the next channel first are
presented. Figure 4G illustrates the contents of the accumulator 5i
from sample time to sample time, and particularly represents the
clearing of the accumulator 5i in response to the clear signal shown
in Figure i4H.

The contents of the accumulator .5i are supplied to the
digital signal processor 14 by the switch SW,. The digital signal
processor 14 includes a storage circuit, such as an accumulator 5i or
a latch circuit for storing the contents of the accumulator 5i just
prior to the aforementioned resetting thereof. Figure #I illustrates
the data which are stored in this lateh circuit; and it is appreciated
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frequency Fs. Figure 9B illustrates the tinme division nultiplexed anal ogue
audi 0 signals reproduced by the heads 1A, 2A and 3A It will be appreciated
t hat, because of the |ongitudinal displacenent of the head 2A relative to

t he heads 1A and 3A, the sub-channel signals produced by the heads 1A and
3A are delayed with respect to the sub- éhannel signal reproduced by the
head 2A. The mul ti pl exed sub-channel signals shown in Figure 9B are

digitized by the ADC 101, resul ti nq in the successive digitized sanples
shown i n Fi gurthagcehen the sum 3ph2se 1) & 19aded inke the Aesymuliagem 51siogwihe n

Figure 9D cl oCjertléantleDidanpXriflg OLHeBNalOf-0, heni8¥uml @ 3taked tinetrd atdnl Op
circuit 102. From fi gure 9D, it is seen that phase [err] coincides with the
digitized circult.

The foregoing operation of the adder Sh and the accumulator
5i for the digitized sub-channel samples derived from the track of
right-channel audio signals is substantially the same as that
described above, For the right-channel sampling interval R-0, if
multiplexed digitized samples thereof are identified as samples 5, 6
and 7 (recovered by the heads 5A, 64, 7A) as shown in Figure YE, the
output of the adder 5h is as shown in Figure 4F. It is appreciated
that, when sample 5 is present, the contents of the accumulator 5i
will have been reset; and, therefore, sample 5 is summed with 0
resulting in the sum: 5. When next-following sample 6 is supplied to
the adder 5h, the accumulator 5i contains the sum 5, and these
contents are summed with sample 6 resulting in the sum: 6 + 5. At the
clock pulse just prior to the arrival of the next sample 7, the sum 6
+ 5 is loaded into the'accumulator 5. When sample 7 is supplied to
the adder Sh, the contents 6 + 5 of the accumulator 5: are fed-back to
the adder 5h and summed with sample 7, resulting in the sum: 7 + 6 +
5. At the next clock pulse, this sum is stored in the accumulator 5i
and then is latched in the latch circuit of the digital signal
processor 14. The accumulator 51 then is cleared.

As the foregoing operation continues, the latch circuit
included in the digital signal processor 1l stores the summed sub-
channel samples which, in successive sampling intervals, comprise
alternating left-channel and right-channel sampling intervals L-0, R-
0, L-1, R-1, L-2, R2, and so on, as illustrated in Figure 4I. It is
appreciated that the summed samples for each left-channel and right-
channel sampling interval form a digital reconstruction of the sub-
channel analogue samples produced by the multiplexer 3 from the left-
channel and right-channel analogue audio signals that are recovered by
the heads 1A to 38 and 5A to 74 (or 1B to 3B and 5B to 7B). After
being stored in the latch circuit of the digital signal processor 14,
the digital repreéentations of the reproduced analogue audio signals
are read out, as shown in Figure U4J, to be filtered by the over-
sampling filter 15 and converted to analogue form by the DAC 16. The
resultant left-channel and right-channel analogue audio signals
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28

of the flip-flop circuit 102 which, at every phase [err]
digitized sanple recovered fromthe head
re-clooked by the flip-flop circuits 105
as shown in Figure 9J.
101 also are ¢

[err]

sahples recovered fromthe head 1A. Hence, sample S[err](0) first is
clocked into the flip-flop circuit 102, followed by sanple S[err] (1),
foll owed by sanmple S[err](2), and so on. Figure 9E illustrates the output

of the t

2

IS see

conprises the next
A. These digitized sanples are
nd 106 so as to be tinme-shifted
The digitized sanples pr oduced by t he ADC

+:Qﬁi£€éh a2 nd Rfede! Bel LD oRE " flabe HTedda’ B7RAASE %‘h Dals hase

[err]

coi nci des wit hf'isléiﬁbl 1975 352('!3‘}19 6@(1191’138 Q)ﬂﬂ‘m processing Thauchi a5 sohade 3 2
coi nci des Wi t hrdghedistitdbs Zfe&h‘éamh&%m C%\iiﬁﬁthzfdh@mgs@&? heA%1eA ike.

The out put of the fliq figp circuit I's

| ustrat
appreciated from the foregoing discussion that the

circuitry shown in Figures 14 and 1B is used to process either digital
audio signals or analogue audio signals which may be reproduced by the
digital heads of the type shown in Figure 2. The circultry which
normally processes the reproduced digital audio signal serves. to
reduce the aliasing noise that may be present in the sub-chamnels of
the analogue audio signal which are reproduced by the digital heads.
It is appreciated that the summation of the digitized sub-channel
signals represents the originally recorded left-channel or right-
channel analogue audio signal.

Another embodiment of the preéént invention is illustrated in
the block diagram comprising Figures 5A and 5B. In this embodiment,
the magnetic heads which are used to reproduce digital or analogue
audio signals differ from the magnetoresistive heads that are used in

' the aforedescribed embodiment. In particular, in this embodiment,

rather than using magnetoresistive heads, so-called "bulk-type" heads,
such as induction-type magnetic heads, are used. These bulk-type
magnetic heads are somewhat larger than the aforedescribed
magnetoresistive heads and thus one complete set of heads is not
aligned transversely of the longitudinal direction of the tape TA.
Rather, alternate ones of these bulk-type heads are staggered, oi

longitudinally displaced from each other{ in the manner shown in

Figure 6.

As was the case for the arrangement of heads shown in Figure
2, these heads with the suffix "A" are used to reproduce signals
recorded on the side A and, if the reproducing apparatus has auto
reverse capability, those heads identified with the suffix ¥B" are
used to reproduce signals from the side B; In the absence of an auto
reverse mode, the "A" heads are used to reproduce signals recorded on
the side A and, when the tape TA is turned over, to reproduce those
signals recorded on the side B. Figure 6 also illustrates the
relative positioning of the digital heads 1A to TA and OA (and 1B to
7B and 0B) relative to the tracks in which the left-channel and right-
channel analogue audio signals are recorded by aqg%ogpe heads

T IRT rapiareﬂrﬁiem shget

Dawe: 3 | JAN13SF



Figure 9G and conpri ses successive sanples derived fromthe head 2A. Each
such. sample is shifted in the shift register 108 in response to phase [err]
resulting in a delay tinme substantially equal to [err]. For exanple, the
shift register 108 may conprise n stages such that, after a sanple is
shifted therethrough, it is subjected %? atinmne delay [err]. The shifted
sanple then is re-clocked by the flip-fTop circuit 109. As a result of the
time delay produced by the shift register 108 and the re-clocking provided

by the flip- I‘Séf‘apec'tfxé’w &dsl%e 2k %ﬂddﬁl @yeeg%s;i?g?leg Qf%ﬁ/ : %u&r higge head 2A

s as shown |n ig be app 'S ayed sanpl e
from t he heathasnel sanadogyen 3?1‘#&3 sdEPHE @8 c Eheyj hagds h‘é“ea@ﬁala@ddéﬁl & from

the head 1A podtiied esk@éiarbauetehaxélﬂ ghﬂeﬁ&nfellr ahAlogud Oudaedsig@isas shown

Fi 9J II t h t I d t he ADC
101 are 1 oalite HestehbeadBy otf oot Futhomdiod Fanpeis ph sB et alle [or )
of the tim signaigred wehbwn Asnifluynr préiious tembedimeat), tNIMt addyi :sphaese [err]

coi nci des wi } wl k’ 5§ _gpl es S3(0), S[err](1), S3(2), and so on.
Accordi ngly, “onl'y t I'2zed sanpl es derived fromthe head 3A are
clocked into the fl |Apstilﬂiop that successive headssargdongitidinally gisplaped s

from each other by the distance d, for example assuming that the odd-
numbered heads are displaced by the distance d from the even-numbered
heads, and further assuming that the tape TA is transported in the
direction shown in Figure 6 at a transport speed of y, then at any
given time, the signals reproduced from the side & by the odd-numbered
heads are 'delayed relative to the signals reproduced by the even-
numbered heads by the delay time T . When analogue audio signals are
reproduced by the digital heads, sub-channels of the left-channel
analogue audio signals are reproduced by the heads 1A, 2A and 34 and
sub-channels of the right-channel analogue audio signals are
reproduced by the heads 54, 64 and 7A. Assuming that the analogue
audio signals reproduced by the heads 14 and 3A are represented as
F(t), wherein t represents time, the analogue audio signal reproduced
by the head 2A may be expressed as F(t + T ). If each head is assumed
to reproduce a sub-channel of the left-channel {or right-channel)
analogue audio signal, then the left-channel audio signal (as an
example) may be represented by the sum of the sub-channel signals
reproduced by the heads 14 to 3A. If the sum of these signals is
represented as S(t), then:
S(t) = 2 F{t) + F(t + ©)
The frequency characteristic of this summed signal S(t) may be
expressed as follows:
(S (W)l 7 F( ()| = {[2F(e) + Flea) expl+)w &) 1/F(a)
= 2+ exp{+jet)

A vector representation of this frequency characteristic of the summed
sub-channels is illustrated in Figure 12. The frequency
characteristic itself is graphically depicted in Figure 13. As shown
in Figure 13, a dip, or minimum magnitude, occurs at those frequencies
f wherein f = 1/2 v, 3/2 ¢, 5/2 ¢, and so on, which results in a
deteriorated frequency characteristic of the reproduced summed sub-
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seen that these sanples which are extracted fromthe digitized nultiplexed
audi,o signals are in tinme coincidence with the sanples derived fromthe
head 1A and the sanples derived fromthe head 2A (illustrated in Figures
9J and 9K, respectively). This tinme coincidence is attained because

phase [err] | eads phase [err] by two clggk peri ods and phase [err] | eads
phase [err] by one clock period; and the
29

channels.

This deterioration in the frequency characteristic is due to
the delay (or advance) between the sub-channel signals reproduced by
the heads 1A and 3A and the sub-channel signals reproduced by the head
28, If the sub-channel signal reproduced'by the head 24 1s removed
from the sum S{t), the signal-to-noise (S/N) ratio is degraded by a
factor up to approximatelya/§7§. The embodiment shown in Figures 4a
and 5B avoids a deteriorated frequency characteristic without
degrading the S/N ratio. This is achieved by delaying the sub-channel
signals reproduced by the head 2a by the delay time T and then adding
this delayed signal to the sub-channel signals reproduced by the heads
14 and 3AJ Likewise, the sub-channel signals reproduced by the head
64 and delayed by * and added to the sub-channel signals reproduced
by the heads 58 and TA. The resultant summed signal is an accurate
reproduction of, for example, the left-channel (or, when the heads 54
to 74 are used, the right-channel} analogue audio signal.

Turning to Figures 5A and 5B, the circuitry illustrated
therein is similar to that discussed hereinabove in conjunction with
Figures 1A and 1B and like reference numerals are used to identify the
same elements, Further duplicative description is not provided. It
will, of course, be appreciated that the embodiment shown in Figures
54 and 5B functions to reproduce digital audio signals in
substantially the same way as that of the embodiment shown in Figures
14 and 1B. In the presently described embodiment, however, the DC
bias current generator 19 and the AC bias clock generator 20 are not
provided because the heads are not magnetoresistive. Fufthermore, the
multiplier 5f, the adder 5h and the accumulator 5i included in the
waveform equalizer 5 are not used to recover the summed sub-channel
signals as was done in the embodiment of Figures 1A and 1B. Rather,
in the embodiment of Figures 5A and 5B, the output of the &DC 4 is
coupled directly to the digital signal processor 14 by the switch SW,
when the apparatus is used to reproduce analogue audio signals.

The digital signal processor 14 shown in Figure 5B delays the
sub-channel signal produced by the head 2& (and also delays the sub-
channel signal produced by the head 64) by the time delay ", and then
sums this delayed signal with the undelayed sub-channel signals
recovered from the heads 1A and 34 (or from the heads 54 and T4, as-

This is the replacement sheet

tERTIVR
Date: 3 %97



digitized sanples extracted by phase [err] are delayed by two cl ock periods
by the flip-flop circuits 105 and 106 and the digitized sanples extracted
by phase [err] are delayed by one clock period by the flip-flop circuit

109. These delays inparted to the sanples recovered fromthe heads |la and
2A thus result in tine coincidence of thegysanples recovered fromall three
heads 1A to 3A Furt hernore, by delaying the sanples recovered
fromthe head 2A by n stages in the shift register 108, the n-th sanple

the Sampl es t hems borng. fentaduced by e hoade Faand i deooaler 8 1 "
e sanpl es thegn.being reprodu e s_l'a an ecause J[err] is a
function of n H’r‘f&“‘fe egf P'é%ﬁmfﬁfs%ﬂﬁmteﬁﬁg & Aegrmdabor i@g't% ]teﬁé' shift
regi ster 108. ¢haonelFirggkster U-RE®,) aarighBéchanteli segister RRBEG,Sah-adééra DR
sanples S[err] , = 1) Sgg?! a R l.acldence: t hese

coi nci dent sarrp%)es‘:=1 gr%ég‘?snpurrar‘?%ggsi N Che éﬁ"rrm n‘%ﬂeﬁ%ﬁ{a@%@% %Eﬂ‘é%?’g’ ggf
represents theopenates inacesrdanes with fhe poogrenmasnrous dneplidtustratad by theugh

the sub- channep:dyegta09Usdin D FlRirBeAdn@ ol ueadimaged rel ative to the
sub- channel s reproduced §¥tthe heads 1A and 3A, the tinme delay inparted
i

t
thereto by the shift Febitst®e assemeds Hiat Fie MjC 4 digitizes the multiplexed
analogue audio signals in the manner shown in Figure 4C. Let it be

further assumed that sampling interval L-0 is produced at sampling
interval k, sampling interval L-1 is produced at sampling interval
k+t, sampliqg interval L-2 is produced at sampling interval k+2, and
so on. In similar fashion, the right-channel sampling intervals R-0,
R-1, R-2 are produced at sampling intervals k, k+1, k+2, and so on.
It is appreciated that the time division multiplexed sub-channel
samples are produced successively during each sampling interval. Now,
when the routine of Figure T begins, instruction ST-1 operates to read
from the RAM, sample S,(k-1) which is loaded into the accumulator ACC.
From Figure 4C, it will be appreciated that this sample is derived
from the sub-channel signal reproduced by the head 1A during the
{k-1)th interval. .

The routine then advances to instruction ST-2, wherein sample
Si(k), which is assumed to be the sample presently derived at the k-th
interval from the head 14, is written into the RAM. The routine then
advances to instruction ST-3, whereupon sample S,(k-1-n}, which had
been derived from the head 2A during the {k-1-n)th interval and had
been stored, is read from the RAM and loaded into the left-channel
register, It is appreciated that this sample had been derived (1+n)
sampling intervals preceding the present k-th sampling interval.

Thereafter, the routine advances to instruction ST-Y, wherein
the contents of the accumulator ACC are summed with the contents of
the left-channel register L-REG; and this sum is loaded into the
accumulator ACC, Hence, at this time, the accumulator ACC is loaded
Wwith the following sum:

S,(k-t)'+ S,(k-1-n)
Advancing to Instruction ST-5, the digitized sample S,(k}), presently
derived from the head 2&, is written into the RAM, The routine then
advances to instruction ST-6 wherein sample 83(k-1) is read from the
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cancel s this advance. The summed signals produced by the summ ng
circuit 107 are converted fromdigital to analogue formby the DAC 110, as
represented by the waveform of Figure 9M The anal ogue signal is then
filtered to reproduce the original anal ogue signal that had been recorded
on the tape TA and pl ayed back in respect{ive sub-channels by the heads 1A
2A and 3A Al t hough the circuit?? illustrated in Figure 8 has been
described in conjunction with the reproduction of only one channel of

t honi ¢ Lana ' Lde| preciate at this sanme
ii rGfr:ﬁiOItory ::anadblgl %?r?%%e%%\?e{?&t #eétofﬁ%rnggh%?ﬁﬁ% er'ag'%l‘l '[IML e Yanpl e,
i f the nultiplégékizedosample ptiucedtat the (keddsh Sduplasg aindeival fdvantene
il1ustrated cisupUbfdnneBYghf APRoGHES b?ltth‘é‘ "Heak ejayax}fuﬁi%ﬁ%%rbereﬂgstored
| ef t - channel d%o %Aﬁnal and the right-channel™audi 0 signal . "As a
modi fication t¥ it BAM| By A8 stared Le kherleftaghannel register InREGi pMhemyr, ADC

and del ay chaniwstsuctdgn mﬂ‘-mSﬁdcgﬁ-iﬁ&?ﬁt\uﬁme&Qﬁl rbh?"ﬁres@&@'&&ﬁ!e{zéél%ga%%: gnal S.
In any event, _ it | preciated tha e.circuit ‘arrangenment s
Figure 8 and ecgéﬁ%é:gp i{*u&c 3Fﬁ Lﬁ‘f&'{‘?doﬁith the present contents of the left-

channel register L-REG and the sum is loaded into the accumulator ACC.
Thus, the following sum is loaded into the accumulator ACC:

Sy(k-1) + Sy{(k~1-n) + S3(k-1)

This sum, which is stored temporarily in the accumulator ACC, then is
written into the left-channel register L-REG, as indicated by
instruction ST-8. Then, the routine advances to instruction ST-9 for
writing into the RAM the k-th sample S3*(k) presently derived from the
head 3A.

The illustrated routine is repeated for processing similar
signals recovered from the right-channel analogue audio signal by the
heads 5A, 6A and TA. It is appreciated that after this routine has
been repeated, the right-channel register stores therein the following
sum:

Ss(k—‘l) + Sg(k-1-n) + 87(k—1)

It is recognized that the RAM stores the digitized
multiplexed audio signals produced by the ADC 4 at sampling intervals
k, (k-1), (k-2), ... (k-1-n), and so on. Selected ones of these
stored digitized multiplexed audio signals are summed to recover a
digitized representation of the original analogue audio signals; and
the value "n" is a function of the time delay ~ caused by the
displaced heads (24, 64) and the sampling interval Tg. That is, in
the embodiment described herein, the digitized sample derived from the
head 24 {or the digitized sample derived from the head 6A) that is n
samples away from the digitized audio signals derived from the heads
1A and 3A (or from the heads SA and T4) is combined therewith to
compensate for the delay v .

After the léft-channel register L-REG and right-channel
register R-REG are loaded wWith their respective summed sub-channels,
the contents thereof are read out at instructions ST-(X-1) and ST-X, .
respectively, to be converted to analogue form by the DAC 16. If
desired, separate left-channel and right-channel digital-to-analogue
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with Figures 9A to 9M operates to recover anal ogue audi o signals
30 -accurately and with good frequency characteristics even when using

bul k-type magneti c heads. Figure 10 illustrates a sinplified
arrangenment by which bul k- type nagnetic heads, such as those used in the
Fi gure 8 enbodi nent, 26

converters may be used to convert the summed digitized left-channel
and right-channel samples into analogue samples. Thereafter, the
routine returns to its initial instruction ST-1 to repeat the
foregoing for the next sampling interval. Hence, after the L-0 and
R-0 samples are processed in the foregoing manner, a similar
processing is effected for the L-1 and R-1 samples.

By programming the progranmmable sequencer SEQ included in
digital signal processor 14 in the manner illustrated in Figure 7, the
digital signal processor 1l which is normally used to process digital
audio signals can be used to recover analogue audio signals that have
been reproduced by digital heads and digitized by the ADC 4.
Accordingly, “the analogue audio signal may be reproduced with high
sensitivity and improved frequency characteristices. The undesired
characteristic illustrated in Figure 13 is avoided by the embodiment
discussed above. :

finother embodi_ment which can be used to recover analogue
audio signals that are reproduced by digital heads is illustrated in
Figure 8. For simplificatioh, Figure 8 illustrates only the heads 14,
28 and 3A for reproducing the sub-channels included in, for example,
the left-channel analogue audio signal that may be recorded on the
tape TA. It is assumed that these digital heads are formed as bulk-
type heads similai- to those discussed above in conjunction with Figure
6. Accordingly, although not shown in Figure 8, it will be
appreciated that the head 24 is longitudinally displaced with respect
to the heads 1A and 3A.

The embodiment of Figure 8 comprises a multiplexer 100, an
analogue-to-digital converter (ADC} 101, individual retiming or delay
channels, a summing circuit 107 and a &igital-to-analogue (DAC)
converter 110, The multiplexer 100 may be similar to the
aforedescribed multiplexer 3 and is supplied with a control signal for
sampling, in succession, the analogue audic signals reproduced by the
heads 14, 24 and 3A and supplied thereto by amplifiers 2,, 2, and 23,
respectively., The multiplexer 100 is coupled to the ADC 101 which
digitizes each multiplexed analogue sample. The output of the ADC 101
is coupled in common to the individual delay channels,

A first delay channel comprises a clocked flip-flop circuit,
such as a D-type flip-flop circuit 102 supplied with a first phase ¢,
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normal |y operative to reproduce digital signals are used to reproduce

anal ogue audi o signals. As before, each head is assuned to reproduce a
sub-channel of, for exanple, the | eft-channel (or the right-channel) audio
signal recorded in a longitudinal track on the tape TA. Since bul k-type
magneti c heads are used, it also is assu that the head 2A is

| ongitudinally displaced fromthe heads 1A and 3A such that the sub-channel
signal s reproduced thereby are advanced fromthe sub- channel signals

reproduced by (hq bandg Jimandnede BreduRhéy is, TOF Jxhmiies EO32NihRRORIEN!
serves to cancel this adyance by delayind.the signals recovered fronfthe
head 2A by an éﬁlfg‘le ﬁ?ﬂﬂgxw [fepqyency subplted t%P&,“FhF%‘e?é%‘bétlé? elsabee are
used. As showrequéixy 20 thelicghtiolesighdle sappied 66 thé maLtlipdeSdrgtB)S The
S Gnal s T epr odbiT B CrRa T SHntdidy {rf Fiecdf U TrafrHlo i ¢ 1
a sanpling cl oc.kt‘o@tﬂf?# r H5ucandy 106 ewhilch afithesupplledO viths clogkl pulses af saitabl e
Suppl  ed wi th Feedy. S, 2o he MompL iR bheqpbitlry T " O ¢ "203 funot i ons
to del ay each digiti ze“dsm'%gldélgv Shanned qoppledetontie ADQ 19y qomprisese Bel ay
[err]. type flip-flop circuit 103 supplied with a second phase b , of the
timing signal whose frequency is Fg/3. The output of the flip-flop
circuit 103 is-connected to a shift register 108 which also is
supplied w;th the phase f52 of the aforementioned timing signal; and
the output of this shift register 108 is coupled to another D-type
flip-flop circuit 109 to which the clock signal of sampling frequency
Fg is supplied. ot
The third delay channel comprises simply a D-type flip-flop
circuit 104 supplied with a third phase 9b3 of the timing signal whose
frequency is Fy /3. The respective outputs of the delay channels are
coupled to the summing circuit 107; and the output of this summing
circuit 107 is connected to the DAC 110, The DAC 110 is supplied with
the third phase 963 of the timing signal of frequency F /3 to produce
an analogue output. The DAC 110 is coupled to a low-pass filter 111
which smooths the analogue output and supplies the resultant analogue
audio signal to an output terminal 112. _
The manner in which the embodiment shown in Figure 8 operates
will now be described in conjunction with the timing waveforms shown
in Figures 9a td 6M. Figure 94 illustrates the sampling clock
frequency Fq. Figure 9B illustrates the time division multiplexed
analogue audio signals reproduced by the heads 14, 24 and 3A. It will
be appreciated that, because of the longitudinal displacement of the
head 2A relative to the heads 1& and 3R&, the sub-channel signals
produced by the heads 1A and 3A are delayed with respect to the sub-
channel signal reproduced by the head 28, The multiplexed sub-channel
signals shown in Figure 9B are digitized by the ADC 101, resulting in
the successive digitized samples shown in Figure 9C.
Phase ¢1 of the timing signal shown in Figure 9D clocks the
digitized output of the ADC 101 into the flip-flop circuit 102, From
Figure 9D, it is seen that phase ¢ , coincides with the digitized
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Hence, each digitized sanple recovered fromthe head 2A is sufficiently
del ayed as to be in tinme coincidence with the correspondi ng sanpl es derived
from adj acent sub-channel s by the heads 1A and 3A These tine
coi nci dent sanples are supplied to and sumred in a sunming circuit 204,

resulting in a reconstructed digitized i?gnal representing the summation
of the sub-channels recovered by the he 1A to 3A. This reconstructed

digital signal.is converted to anal ogue formby a DAC 205 and supplied to

an out put ter |2 0 t 2 I
correspondi ngg%"gbaleig ché;)t(}épéd %&?%ﬁe lféaP ﬂ a&?g% ﬁeg&!ﬁpalleag ?;r,gg&?gg i?)lygtn ﬁe

heads 1A to 3al¢ekedy pphio éﬂe fldptHep osinsuit 1c"é'li nfﬂéP"edZ(W sampAet Brlde i vel y,
i f LPeCﬁ;rnﬁgg?Hgir?ng'ﬂﬂ é&bg@ﬁ?@)' rhnE' SUbE, lﬂghﬁe g5 a0 16t ratey ﬂfhlsl&phbﬁ
r!sgcarrl ed off ¢ uefggpal’f’é’iégﬁ?d‘@{l% P?rger?( gingﬁfg?gltclﬁﬁgdg?% E‘t ol ess
out put next digitized sample recovered from the head 1A. These digitized
samples are re-clocked by the flip-flop cireuits 105 and 106 so as to
be time-shifted as shown in Figure 9J.

The digitized samples produced by the ADC 101 also are
clocked into the flip-flop circuit 103 in response to phase ¢2 of the
timing signal shown in Figure 9F. It is seen that phase ¢ ; coincides
with samples S,(0), Sy(1), Sp(2), and so on. That is, phase #,
coincides with the digitized samples recovered from the head 2A.

The output of the flip-flop circuit 103 is illustrated in
Figure 9G and comprises successive samples derived from the head 2A.
Each such sample is shifted in the shift register 108 in response to
phase ¢2 resulting in a delay time substantially equal to ¥. For
example, the shift register 108 may comprise n stages such that, after
a sample is shifted therethrough, it is subjected to a time delay 7 .
The shifted sample then is re-clocked by the flip-flop circuit 109.
&s a result of the time delay produced by the shift register 108 and
the re-clocking provided by the flip-flop circuit 109, the delayed
sample derived from the head 2A is as shown in Figure 9K. It will be
appreciated that this delayed sample from the head 24 is now in time
coincidence with the sample derived from the head 1A and re-clocked ﬁy
the flip-flop eircuits 105 and 106, as shown in Figure 9J.

Finally, the digitized samples produced by the ADC 101 are
loaded into the flip-flop circuit 104 in response to phase @4 of the
timing signal shown in Figure SH. It is seen that this phase ¢3
coincides with digitized samples 83(0), 83(1), 83(2), and so on.
ficcordingly, only the digitized samples derived from the head 34 are
clocked into the flip-flop circuit 104, as shown in Figure 9I. It is
seen that these samples which are extracted from the digitized
pultiplexed audio signals are in time coincidence with the samples
derived from the head 1A and the samples derived from the head 24
(illustrated in Figures 9J and 9K, respectively). This time
coincidence is attained because phase ¢, leads phase ¥'5 by two clock
periods and phase ¢, leads phase ¢3 by one elock period; and the
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31 termnal. Figure 11 illustrates a sinple representation of the
manner in which bul k-type magnetic heads which nornmally are used to
reproduce digital audio signals can be used to recover a |eft-channel (or
ri ght- channel) anal ogue audi o signal. Assuming that the head 2A is
| ongi tudinally displaced relative to thexeads 1A and 3A, thus reproducing
a sub-channel of the anal ogue audi o signal having a relative tinme advance
[err], this sub-channel is supplied to an anal ogue

digitized samples extracted by phase ¥, are delayed by two clock

periods by the flip-flop circuits 105 and 106 and the digitized
samples extracted by phase 942 are delayed by one clock period by the
flip-flop circuit 109. These delays imparted to the samples recovered
from the heads 1a and 2A thus result in time coincidence of the
samples recovered from all three heads 1A to 3A,

Furthermore, by delaying the samples recovered from the head
2A by n stages in the shift register 108, the n-th sample from the
head 24 is shifted by time delay T into time coincidence with the
samples then being reproduced by the heads ta and 3A because T is a
function of n and the frequency of the timing signal supplied to the
shift register 108. From Figures 91, 9J and 9K, it is seen that sub-
channel samples S4(0), S5(0-n) and S3(0) are in time coincidence; and
these coincident samples are summed-+in the summing circuit 107,
Figure 9L represents the summation of these time coincident samples.
Even although the sub-channel reproduced by the head 2&A is advanced
relative to the sub-chénnels reproduced by the heads 1A and 34, the
time delay imparted thereto by the shift register 108 effectively
cancels this advance.

The summed signals produced by the summing circuit 107 are
converted from digital to analogue form by the DAC 110, as represented
by the waveform of Figure 9. The analogue signal is then filtered to
reproduce the original analogue signal that had been recorded on the
tape TA and played back in respective sub-channels by the heads 14, 24
and 3A.

Although the circuitry illustrated in Figure 8 has been
deseribed in conjunction with the reproduction of only one channel of
stereophonic analogue signals, it will be appreciated that this same

. circuitry can be used to recover the other channel as well. For
example, if the multiplexer 100 is coupled to the heads 54, 64 and 74,
then the illustrated circuitry may be operated alternately to recover
the left-channel audio signal and the right-channel audio signal. As
a modification to the 1{illustrated circuitry, another set of
multiplexer, ADBC and delay channels may be used to recover the right-
channel audio signals. In any event, it is appreciated that the
circuit arrangement shown in Figure 8 and described in conjunction

with Figures 94 to 9M operates to recover analogue audio signals
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delay circuit 301 which has a conpensating tinme delay [err]. Hence, "all of
t he anal ogue sub-channels are now in tine coincidence and may be sunmed by
a summng circuit 300 to recover the original |eft-channel (or

ri ght-channel) audio signal. The recovered signal is supplied to an out put

termnal 302 for further utilization. In this illustration, the sunm ng
circuit 300 conprises an anal ogue adde30
32

accurately and with good frequency characteristics even when using
bulk-type magnetic heads.

Figure 10 illustrates a simplified arrangement by which bulk-
type magnetic heads, such as those used in the Figure 8 embodiment,
normally operative to reproduce digital signals are used to reproduce
analogue audio signals. As before, each head is assumed to reproduce
a sub-channel of, for example, the left-channel (or the right-channel)
audio signal recorded in a longitudinal track on the tape TA. Since
bulk-type magnetic heads are used, it also is assumed that the head 2A
is longitudinally displaced from the heads 1A and 3A such that the
sub-channel signals reproduced thereby are advanced from the sub-
channel signals reproduced by the heads 1A and 34 by ‘v . The Figure
10 arrangement serves to cancel this advance by delaying the signals
recovered from the head 2A by an equal amount't .

Here, three separate ADCs are used. As shown, ADC 201
digitizes the sub-channel audio signals reproduced by the head 2A and
ADC 202 digitizes the sub-channel audio signals reproduced by the head
3A. Preferably, each ADC is supplied with a sampling clock of
frequency F,. The ADC 201 is coupled to a suitable digital delay
circuit 203, such as a multi-stage register, which also is supplied
with the clock frequency Fg. The delay circuit 203 functions to delay
each digitized sample produced by the ADC 201 by the time delay ~ .
Hence, each digitized sample recovered from the head 2A is
sufficiently delayed as to be in time coincidence with the
corresponding samples derived from adjacent sub-channels by the heads
1A and 3A.

These time coincident samples are supplied to and summed in
a summing circuit 204, resulting in a reconstructed digitized signal
representing the summation of the sub-channels recovered by the heads
14 to 3A. This reconstructed digital signal is converted to analogue
 form by a DAC 205 and supplied to an output terminal 207 by low-pass
filter 206. Hence, an analogue signal corresponding to, for example,
the left-channel signal reproduced by the heads 1A to 3A is supplied
to the output terminal 207, Alternatively, if the arrangement
illustrated in Figure 10 is used to reproduce the right-channel
analogue audio signal, the foregoing operation nevertheless is carried
out to supply a reconstructed right-channel signal to the output
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CLAIMS 1. Apparatus for reproducing either Mchannels of digital
audio signals recorded in longitudinal tracks on a record medi um or an
anal ogue audi o signal recorded in one longitudinal track on a record

medi um the apparatus conprising: a plurality of heads (1A...) for
reproduci ng the M channels of digital audio signals or for reproducing the
anal ogue audi o signal; nultiplexer neans (3) coupled to said plurality of
heads (1A...) for nmultiplexing the digital or anal ogue audi o signals
reproduced by said heads (1A...); anal 8yue-to-digital converter (ADC) neans
(4) coupled to said nultiplexer neans (3) for digitizing the nmultiplexed
audi o signals; waveform equalizer neans (5) coupled to said ADC neans (4)
for wavef or ntes@iRali.zi ng a digiti zed audi o signal recovered fromsaid

di gi tal audio signafsgurll ACEATHALERAS1dpll dPhesuhtALIM bHndi@hhized audio

signal s produced
in which bulk-type magnetic heads which normally are used to reproduce
digital audio signals can be used to recover a left-channel {or right-
channel) analogue audio signal. Assuming that the head 2A is
longitudinally displaced relative to the heads 1&4 and 34, thus
reproducing a sub-channel of the analogue audio signal having a
relative time advance T , this sub-channel is supplied to an analogue
delay circuit 301 which has a compensating time delay *. Hence, all
of the analogue sub-channels are now in time coincidence and may be
summed by a summing circuit 300 to recover the original left-channel
(or right-channel) audio signal. The redovered signal is supplied to
an output terminal 302 for further utilization. In this illustration,
the sunmiﬂg cirecuit 300 comprises an analogue adder.
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by said ADC neans (4) when said plurality of heads (1A ..) reproduces an
anal.ogue audi o signal; digital handling neans (30) coupled to said waveform
equal i zer neans (5) for digitally processing the waveform equalized
digitized audio signal; digital filter neans (15) coupled to receive the
sumred digitized audio signals fromsaid pgeocessing neans (5) when said
plurality of heads (1) reproduce an anal ogue audi o signal and to receive
the digitally processed audio signals fromsaid digital handling neans (30)
when said plurality of heads (1A...) redild#fke a digital audio signal; and
di gi tal -to-anal ogue converter neans (16) coupled to said digital filter
means (15) for roduci?%)an anal ogue audi o signal in response to digital

signal s supplieltt t her efBPABHESer Berjreuning jqithar Heharnelsof digisal audio
Appar at us accorsligngld crecbedeth inWhengetudingll drpdus dhi by redordeacdunlér - an

conprise a pl ur&jailggueogu&gg&tng{ erséicglldieg einhgr?edior(g]i@udixgal track on a record
medium, the apparatus comprising:
a plurality of heads (1A...) for reproducing the M channels of digital
audio signals or for reproducing the analogue audio signal;
multiplexer means (3) coupled to said plurality of heads (1A...) for
multiplexing the digital or analogue audio signals reproduced by said
heads (1&...);
analogue-to-digital converter (ADC) means (4) coupled to said
multiplexer means (3) for digitizing the multiplexed audio signals;
waveform equalizer means (5) coupl® to said ADC means (4) for
waveform equalizing a digitized audio signal recovered from said
digital audio signals;
processing means (5) for summing the digitizéd audio signals produced
by said ADC means (4) when said plurality of heads (1A...) r:aproduces
an analogue audio signal;
digital handling means (30) coupled to said waveform equalizer means
(5) for digitally processing the waveform equalized digitized audio
signal; '
digital filter means (15) coupled to receive the summed digitized
audio signals from said processing means (5) when said plurality of
heads (1) reproduce an analogue audio signal and to receive the
digitally processed audio signals from said digital handling means
(30) when said plurality of heads (1A...) reproduce a digital audio
signal; and
digital-to-analogue converter means (16) coupled to said digital
filter means (15) for producing an analogue audio signal in response
to digital signals supplied thereto by said digital filter means (15).

2. Apparatus according to claim 1 wherein said plurality of
heads (1A...) comprise a plurality of magnetoresistive heads (14...).

3. Apparatus according to claim 2 wherein said plurality of
magnetoresistive heads (14&...) are aligned transversely to said

L
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3. Apparatus according to claim2 wherein said plurality of
magnet oresi stive heads (1A...) are aligned transversely to said
33 | ongi t udi nal track.

i3

longitudinal track.

y, Apparatus according to claim 2 wherein said processing means
(5) is included in said waveform equalizer means (5) and comprises
synchronous detecting means (5f) for detecting the digitized audio
sighals recovered from said analogue audio signal, and summing means
(5h) coupled to said synchronous detecting means (5f) for summing a
predetermined number of successive digitized audio signals produced by
said ADC means (4).

5. Amuﬂmawwﬂmbodﬂmhmer@wﬂﬂmACMw
clock generator means (20) coupled to said magnetoresistive heads
(1A...) for supplying an AC bias clock signal thereto when an analogue
audio signal is reproduced; and whemein said synchronous detecting
means (5f) comprises multiplier means (5f) coupled to said ADC means
(4) and said AC bias clock generator means {20) for multiplying the
digitized audio signals with said AC bias clock signal when analogue
audio signals are reproduced )

6. Apparatus according to claim § wherein said ADC means (4)
includes a source of timiné pulses of frequency fg and said AC bias
clock signal comprises clock pulses of frequency f /M having a duty
cycle of 50%.

1. Apparatus éccording to claims 5 wherein said analogue audio
signal comprises a left-channel signal recorded in one track and
further comprises a right-channel signal recorded in a second track,
said multiplexer means (3) multiplexing the left-channel and right-
channel signals reproduced by said plurality of heads (14...); and
wherein said ADC means (4) includes a source of timing pulses of
frequency fg and said AC bias clock signal comprises clock pulses of
frequency fg/2M having a duty cycle of 50%.

8. Apparatus according to claim 4§ wherein said summing means
(5h) comprises an adder (5h) and an accumulator {(5i) connected such
that the contents of said accumulator {5i) are summed in said adder
(5h) with a digitized audio signal and the summed signals are loaded

IO R
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4. Apparatus according to claim2 wherein said processing neans (5)
is included in said waveform equal i zer means (5) and conprises synchronous
detecting neans (5f) for detecting the digitized audio signals recovered
from sai d anal ogue audi o signal, and summ ng neans (5h) coupled to said
synchronous detecting neans (5f) for sumfiing a predeterm ned nunber of
successive digitized audi o signals produced by said ADC neans (4). 5.
Apparatus according to claim4 further conprising AC bias clock generator
nmeans (20) couphtal saddsatcymuiadort (Hidstathe Sumeddsith fhe Yigihized, @yaia ng an

AC bias clock gignal nédtepRiatedthsy sald aDe/uane (dydi o signal is reproduced,
and wherein sai d synchronous detecting neans (5f) conprises nmultiplier

means (5f) coupled to said ADC neans (4) and said AC bias cl ock generator
means (20) for gnul ti plappagatuficactiopdingz4d ataimo tsiwpeatin WM thHeadsi (11AAC, bi as

clock signal whep 03k QQveundhas P Petedl Sudi8R1gAECEh N heads (2angw)

reproduce said audio signal.

10. Apparatus according to claim 1 wherein at least one of said
plurality of heads (14...) is displaced relative to the other heads
(1A...) in a longitudinal direction such that a relative time shift ¢
is imparted between the signals reproduced by the displa_ced heads
(14...) and the signals reproduced by the other heads (14...).

11. Apparatus according to claim-10 wherein said processing means
(5) 1includes delay .means (5a) for selectively delaying by a
predetermined amount the digitized audio signals recovered from the
analogue audio signals reproduced by the displaced heads (1A...).

12. Apparatus according to claim 11 wherein said delay means (5a)
imparts a time delay T to the digitized audio signals.

13. Apparatus according to claim 12 wherein said processing means
(5) comprises storage means (5i) for storing digitized multiplexed
audio signals produced by said ADC means (4) at a plurality of
sampling intervals k, (k-1), (k-2), ... (k-1-n) ...; and accumulator
means (5i) for accumulating the sum of the digitized audio signals
recovered from said other heads {1A...) at the (k-1) sampling interval
and the digitized audio signals recovered from said displaced heads
(ta...) at the {k-1-n) sampling interval.

4. Apparatus according to claim 13 wherein n is a function of
said delay v and said sampling interval.

15. Apparatus for reproducing either M channels of digital audio
signals recorded in longitudinal tracks on a record medium or an
analogue audio signal recorded in one longitudinal track on a record
medium, the apparatus comprising:
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6. Apparatus according to claim5 wherein said ADC neans (4) includes
a source of timng pulses of frequency fs and said AC bias cl ock signal
conprises clock pul ses of frequency fs/Mhaving a duty cycle of 50% 7.
Apparatus according to clainms 5 wherein said anal ogue audi o si gnal
conprises a |eft-channel signal recorded3sn one track and further conprises
a right-channel signal recorded iin a second track, said multiplexer neans
(3) multiplexing the |eft-channel and right- channel signals reproduced by
sai d pluralityaetuteddty ofIheads {14.andl fanerriodueingdtheDt cherneds of ) digitaludes a”
source of tim Hg1BWiIgR1LEr fbh@%ﬁm‘g\éefa%dwgig%ﬁng Wibh kit fedalk Ul of SRS
conprises clock pul ses of frequency fs/2M Paw n% a d'ﬂt}f cy Ie( gf ?0%

heads (1A...) being displaced relative to the other heads (14...) in

a longitudinal direction such that a relative time shift v is imparted

between the audio signal reproduced by the displaced heads (1A...) and

the audio signals reproduced by the other heads (14...);

delay means {102...) for delaying the audio signals reprodﬁeed by the

displaced heads (1A...) relative to the audio signals reproduced by

the other heads (1i...) to minimize said time shift ¥ ; and

summing means (107) for summing the audio signals reproduced by said

other heads (1A...) and the delayed audio signals to recover the

analogue audio signal recorded in said one track.

16. Apparatus according to claim 15 further comprising
multiplexer means (100) for multiplexing analogue audio signals
reproduced by said displaced and other heads (1A...); and analogue-to-
digital converter mean# (101) for digitizing the multiplexed analogue
audio signals to supply said delay means {102...) with successive
samples of the digitized audio signals.

17. Apparatus according to claim 16 wherein said delay means
(102...) comprises a plurality of delay channels (102, 103, 104}, each
including at least one clocked latch circuit for storing a respective
sample of the digitized, multiplexed andalogue audio signals.

18. Apparatus according to claim 17 wherein those delay channels
(102...) which store samples from the displaced heads {1A...) further
include shift means (108) for shifting the samples supplied thereto by
an amount equal to ¢ .

19. Apparatus according to claim 18 wherein those delay channels
(102...) which store samples from the other heads (1A...) further
include retiming means for selectively retiming said samples from the
other heads (1A...) such that respective samples from said other heads
(1&...) are brought into time coincidence.

20. Apparatus according to claim 19 wherein said summing means
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8. Apparatus according to claim4 wherein said sunm ng neans (5h)
compri ses an adder (5h) and an accunul ator (5i) connected such that the
contents of said accunulator (5i) are summed in said adder (5h) with a
digitized audio signal and the sumed signals are | oaded

34 Into said accunul ator (5i) to be su d wth the digitized audio
signal next produced by said ADC neans (

(107) comprises digital adding means (107) coupled to said plurality
of delay channels (102...) for adding the time coincident samples
produced thereby.

21. Apparatus according to claim 20 further comprising digital-
to-analogue converter means (110) coupled to said digital adding means
{107) for converting the added samples to analogue form.

22. Apparatus for reproducing either M channels of digital audio
signals recorded in longitudinal tracks on a record medium or left-
‘channel (L) and right-channel (R) analogue audio signals recorded in
respective longitudinal tracks on a record medium, the apparatus
comprising:

M magnetoresistive heads (14...) foi"'reproducing the M channels of
digital audio signals, N of said magnetoresistive heads (1A...) (N<M)
reproducing the L and R analogue audio signals;

multiplexer means {(3) coupled to said M heads '(14...) for multiplexmg
the M channels of digital audio signals or N channels of L and R
analogue audio signals; :
analogue-to-digital converter (&ADC) means (l) coupled to said
multiplexer means (3) for producing digitized samples of the M
multiplexed channels of digital audio signals or the N multiplexed
channels of L and R analogue audio signals;

waveform equalizer means (5) coupled to said ADC means (i) and
including summing means {5h) normally operable to equalize digitized.
waveform samples recovered from said digital audio signals and
selectively operable to sum N/2 digitized samples of L analogue audio
signals and to sum N/2 digitized samples of R analogue audio signals;
data detecting means (6) coupled to said waveform equalizer means for
producing M data channels of digital audio signals;

digital signal processing means (30) coupled to said data detecting
means (6) when said heads (1A...) reproduce digital audio signals for
demodulating said M data channels of digital audio signals, said
digital signal processing means (30) being coupled to said summing
means (5h) when said heads reproduce analogue audio signals for
providing summed L signals and summed R signals; and
digital-to-analogue converter (DaC) means {16) coupled to said digital
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9. Apparatus according to claim 1 wherein Mheads (lA. ..) reproduce
said Mchannels of digital audio signals and N heads (2<N<M reproduce said
audi o signal . 10. Apparatus according to claim1 wherein at |east
one of said plurality of heads (1A...) is displaced relative to the other
heads (1A...) in a longitudinal directiom&uch that a relative tine shift
[err] is inparted betmeen the signal s reproduced by the displaced heads
(1A...) and the si roduced by the other heads (IA
Appar at us accorﬁﬂ‘f’ﬁ%s? ﬁ1 39)ter epnvesh to prnadesus rf@”?re&*?% Ctis}tilzﬁél udes
del ay means (5a3ighalrs seﬁpei:éd vedrgtslel ayi ng by a predeterm ned anount the
digitized audio signals recovered fromthe anal ogue audi o signals
reproduced by the displaced heads (1A ..)

23. Apparatus according to eclaim 22 wherein said waveform

equalizer means (5) further includes multiplying means (5f) normally
operable to multiply the digitized samples recovered from said digital
audio signals by selected predetermined coefficients to synchronously
detect the digitized samples recovered from said analogue audio
signals.

24, Apparatus according to claim 23 further comprising AC bias
clock generator means (20) coupled to said magnetoresistive heads
(1A...) for supplying an AC bias clock signal thereto when an analogue
audio signal is reproduced and for supplying said AC bias clock signal
to said multiplying means (5f) for synchronously detecting the
digitized samples recovered from said analogue audio signals.

25. Apparatus according to claim 24 wherein said summing means
(5h) comprises an adder (5h) coupled to receive signals produced by
said multiplying means (5f), an accumulator (5i) for receiving signals
produced by said adder (5h), and feedback means for feeding back to
said adder (5h) signals accumulated in said accumulator (5i); whereby
when said heads (1A...) reproduce analogue audio signals, a digitized
sample produced by said ADC means (4) is summed with the signals
accumulated in said accumulator means (5i)-and the summed signals are
loaded into said accumulator means (5i) to be summed with the next
digitized sample produced by said ADC means (4).

26. Apparatus of claim 25 further comprising means for clearing
said accumulator means {5i) after the sum of the (N/2)th digitized
sample produced by said ADC means (4) and the signals accumulated in

said accumulator means (51) are loaded into said accumulator means
(51).

27. Rpparatus for reproducing either M channels of digital audio
signals recorded in longitudinal tracks on a record medium or left-

channel (L) and right-channel (R) analogue audio signals recorded in
I —

L)
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12. Apparatus according to claim 11l wherein said delay neans (5a)

inparts a tine delay [err] to the digitized audi o signals. 13.

Appar atus according to claim 12 wherein said processing neans (5) conprises

storage neans (5i) for storing digitized multiplexed audi o signals produced

by said ADC neans (4) at a plurality of éanpling intervals k, (k-1), (k-2),
(k-1-n) ...; and accumul ator neans 1) for accumul ating the sum of the

digitized audio signals recovered fromsaid other heads (1A ..) at the

(k-1) sanplingad al di Ykl Z ' i I @0 om said
di spl aced heag?séd(élkgﬂ.é. )10(2{@{1 %@ﬁ% kk' ‘%LHQ% g'gn%f"fgr?g"f nﬁg’?\l?% .% %Eﬁﬂtu
Appar at us accS‘P"EH"ﬁ@i‘%&S claim 13 wherein nis a function of said delay [err]

and sai d sanpMi Rgadsnt(@AYAl). for reproducing the M channels of digital audio
signal, N of said M heads (1A...) (NSM)} reproducing the L and R
analogue audio signals and at least one of said N heads (1A...) being
displaced relative to the other heads (1A...) in a longitudinal
direction such that a relative time shift T is imparted between the
audio signals reproduced by the displaced heads (1A...) and the audio
signals reproduced by said other heads {1A...);
multiplexer means {3) coupled to said M heads (14...) for multiplexing
the M channels of digital audio signal or N channels of L and R
analogue audio signal;
analogue-to-digital converter (ADC) means (H#) coupled to said
miltiplexer means (3) for producing digitized samples of the M
miltiplexed channels of digitized audio signals or of the N
.multiplexed channels of L and R analogue audio signals;
data processing and detecting means (5) coupled to said ADC means (U)
and normally operative to process the digitized samples of said M
multiplexed channels for producing M data channels of digital audio
signals;
digital signal processing means {14) coupled to said data processing
and detecting means (5) when said heads (1A...) reproduce digital
audio signals for demodulating said M data channels of digital audio
signals, said digital signal processing means (14) including delay and
suming means coupled to said ADC means (4} when said heads (1A...)
reproduce analogue audio signals for delaying selected ones of N/2
digitized samples of the L analogue audio signal reproduced by the
displaced heads {1A...) and for delaying selected ones of N/2
digitized samples of the R analogue audio signal reproduced by the
displaced heads substantially to eliminate said time shift ¥, and for
sumning the delayed and undelayed digitized samples of the L analogue
audio signal and for summing the delayed and undelayed digitized
samples of R analogue audio signal; and
digital-to analogue converter (DAC) means (16) coupled to said digital
signal processing means (1Y) to convert to analogue form the summed
digitized samples produced by said digital signal processing means
(30).
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15. Appar atus for reproducing either Mchannels of digital audio
signals recorded in longitudinal tracks on a record nedi um or an anal ogue
audi o signal recorded in one longitudinal track on a record nmedium the
appar at us conpri si ng: ' 35

39

28. Apparatus according to claim 27 wherein said delay and
‘summing means comprises storage means for storing digitized samples
produced from said N heads (14...) at a plurality of sampling
intervals k, (k-1), (k-2), ... (k-1-n), ...; and accumulator means for
accumulating the sum of the digitized samples produce& from said other
heads at the (k-1) sampling interval and the digitized samples
produced by said displaced heads (1A,..) at the (k-1-n} sampling
interval; where n is a function of said delay + and said sampling
interval.
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a plurality of heads (1A...) for reproducing the Mchannels of digital
audi.o signals or the anal ogue audio signal, wth at |east one of said heads
(1A...) being displaced relative to the other heads (1A...) in a

| ongi tudi nal direction such that a relative tine shift [err] is inparted
bet ween the audi o signal reproduced by the displaced heads (1A...) and the
audi o signals reproduced by the other heads (1A ..); delay neans (102...)
for delaying the audio signals reproduced by the displaced heads (1A ..)
relative to the audio signals reproducig C.I.he ot her heads (1A...) to
mnimze said tine shift [err] ; and s means (107) for summng the
audi o signals reproduced by said other heads (1A...) and the del ayed audio

signal's to recoveripifnb3ioRnaasitui SNl ABCRIMHE RUSTD! SIGHRES ! ack.
16. Appar at u .

mul ti pl exer means (100) for multiplexing anal ogue audi o signals reproduced
by said displaced and gipafstubeaiprdvided fop ; rephsbduriing @Jbisert B- chidh@dlisabs

converter nean%i&g't%jl) aLgio %iigrlxatli %Ieégdéé hien q%lyéiit%ﬁéﬁd t%@soggea record
medium or an analogue audio signal recorded in one or two stereo
tracks. M heads (1A...) are used to reproduce the M channels of
digital audio signals and N of those heads (1A...) (N<M) are used to
reproduce the analogue audio signal. The reproduced digital or
analogue audio signals are multiplexed {3) and digitized (4). When
digital audio signals are reproduced, the digitized multiplexed
signals are digitally processed and_ghen converted (16) to analogue
form. When analogue audio signals are reproduced, the digitized
multiplexed signals are summed such that signals reproduced by the N
heads (14) are combined to form a digital representation of the
recorded analogue audio signal. The sumﬁe&.signals then are converted
(16) to analogue form to recover the original analogue audio signal,

Figure S4/B
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audio signals to supply said delay neans (102...) w th successive: sanpl es
of the digitized audi o signals. 17. Appar atus according to claim16 "™
wherein said delay neans (102...) conprises a plurality of del ay. channels
(102, 103, 104), each including at |east one clocked latch circuit for
storing a respective sanple of the digitized, nultiplexed anal ogue audi o
signal s. 18. Appar at us accordi ng tgigl aim 17 wherein those del ay
channel s (102...) which store sanples fromthe displaced heads (1A ..)
further include shift nmeans (108) for shifting the sanples supplied thereto

by an anount equal to [err] Apparatgus cqrding to glaim18
wherein those del ay channel & iclf @ | eg from tjhe ot her
heads (1A...) further i
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) U
I nclude retimng means for selectively retimng said sanples fromthe other
heads (I A ..) such that respective sanples fromsaid other heads (1A ..)
are brought into tine coincidence. 20. Appar atus according'to claim
19 wherein said summ ng neans 36
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(107) conprises digital adding neans (107) coupled to said plurality of
del ay channels (102...) for adding the tine coincident sanples produced

t her eby. 21. Appar atus according to claim20 further conprising
digital - to-anal ogue converter nmeans (1 10) coupled to said digital adding
means (107) for converting the added sanpl es _to anal ogue form 22.

Appar atus for reproducing either M channel¥13f di gital audio signals
recorded in longitudinal tracks on a record nediumor |eft- channel (L) and
ri ght-channel (R) anal ogue audi o signals recorded in respective

| ongi tudi nal tracks on a record nmedium the apparatus conprising: M

magnet oresi stive he (1A ..) for ‘reproducing the Mchannels of digital
audi o signals, N of afd@gg oresi stive heads (1A .. )TA( N<M reproduci ng
the L and R anal ogue audi o si gnaléideB - J
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mul ti pl exer means (3) coupled to said Mheads (1A...) for multiBl exing the
M channel s of digital audio signals or N channels of L and R anal ogue audi o
signal s; anal ogue-to-digital converter (ADC) nmeans (4) coupled to said

mul tipl exer nmeans (3) for producing digitized sanples of the Mnultiplexed
channel s of digital audio signals or the,’lj nul ti pl exed channels of L and R
anal ogue audi o signals; waveform equalize Iteans (5) coupled to said ADC
means (4) and including sunm ng nmeans (5h) nornally operable to equalize

digitized. waveform sanpl es recoveyed fromm sai igital §udio signals and
selectively operable to N 2 di i zedgsam of L angaljogue audio
signals and to sum N 2 diggiti zed sERpl es fﬁR | ogue aygdijo signals; data
detecting neans (6) coupl to sai pNpavef orifl ¢ i zer mgangs for producing
M data channel s of digitglJaudi o sfghals; dif si gnal |prfjocessi ng neans
(30) coupled to said data_getectin ansq( 6 flen said hedds (1A ..)
reproduce digital audio &gnal s fohjem)c@ aty said gt a channel s of
digital audio signals, sd+gq digitap—signal g si ng qns (30) being
coupl ed to said summing © 8 ©
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means (5h) when said heads reproduce anal ogue audi o signals for%providing
summed L signals and sunmed R signals; and digital -to-anal ogue converter
(DAC) nmeans (16) coupled to said digital -#

37 processing neans (30) to convert to analogue formthe digitized
signals supplied thereto.
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23. Apparatus according to claim22 wherein said waveformrequalizer
means” (5) further includes multiplying means (5f) normally operable to
multiply the digitized sanples recovered fromsaid digital audig signals by
sel ected predeterm ned coefficients to synchronously detect the™ dlgltlzed
sanpl es recovered from sai d anal ogue audi 0 signal s. 24. Appar at us
according to claim23 further conprisingd/A@ bi as cl ock generator means (20)
coupl ed to said nmagnetoresistive heads (1A ..) for supplying an AC bi as

cl ock signal thereto when an anal ogue audi o signal i's reproduced and for
supplying said AC bias clock signal to said nmultiplying neans (5f) for
synchronously detecting the digitized sanpl es recovered from sai d anal ogue

audi o signals. 25. Appar atus according to claim?24 wherein said
sumi ng neans (5h) conpris?Q add 5h)g coupl edgt of rgcei ve sjgnal s
produced by bt '
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said nultiplying means (5f), an accunulator (5i) for receiving signals
produced by said adder (5h), and feedback neans for feeding back,to said
adder (5h) signals accunulated in said accunul ator (5i); whereby when said
heads (1A...) reproduce anal ogue audio signals, a digitized sanple produced
by said ADC neans (4) is summed with the_sjignals accunulated in said

accunul ator neans (5i) and the summed si s are loaded into said
accurrul ator neans (5i) to be summed with the next digitized sanple produced
by said ADC neans (4). 26. Apparatus of claim25 further conprising

means for clearing said ag ator nmeans (5i) after the sumof the (N2)th
digitized sanple produced]by sdid ADC nean d the signals accunul at ed
in said accurnul atjor neans|(5i) jare | oaded ijnto saijd accurul ator neans (5i).
27. Appar gtas=tpr lugi ng either Nl channg¢ls of digital audio
signals recorded in fofgitudifngl tracksmanda recofd nedi umor left-
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} _

channel (L) and right-channel (R) anal ogue audi o signals recorded in

38 . respective longitudinal tracks on a record nedium the apparatus
conprising: Mheads (I A ..) for reproducing the M channels of digital audio
signal, N of said Mheads (1A...) (N<M reproducing the L and R anal ogue
audi o signals and at |east one of said N heads (1A...) being

8/13
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di spl aced relative to the other heads (1A...) in a |ongitudinal *direction
suchrthat a relative tine shift [err] is inparted between the audio signals
reproduced by the displaced heads (1A ..) and the audi o signals reproduced
by said other heads (1A...); nultiplexer nmeans (3) coupled to said M heads
(1A...) for multiplexing the Mchannels_ pf digital audio signal or N
channel s of L and R anal ogue audi o sigﬁaﬁ? anal ogue-to-digital converter
(ADC) neans (4) coupled to said multiplexer nmeans (3) for producing
digitized sanples of the Mnultiplexed channels of digitized audio signals
or of the N nultiplexed channels of L and R anal ogue audi o signals; data
processi ng and detecting neans (5) coupled to said ADC neans (4) and
normal |y operativ ce the digitized sanples of said Mnultiplexed
channel s for prodagfab ,dazg channel s of digital audio signals;-digital

si gnal processing nmeans (14) coupled to said data processing and detecting
nmeans (5) when said heads (1A...) reproduce digital audio signals for

denodul ati ng said M data channel s di o
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signals, said digital signal processing neans (14) including dé¥ay and
sunmi ng neans coupled to said ADC neans (4) when said heads (1A...)
reproduce anal ogue audi o signals for del aying sel ected ones of %/ 2
digitized sanples of the L anal ogue audi o signal reproduced by the

di spl aced heads (Il A ..) and for delaying selected ones of N2 digitized
sanpl es of the R anal ogue audi o si gnal 16 oduced by the displaced heads
substantially to elimnate said tine shift [err] , and for summng the

del'ayed and undel ayed digitized sanples of the L anal ogue audi o si gnal
for summ ng the del ayed and undel ayed pet

signal; and digital-to anal ogue gork
digital signal processing neans 4
digitized sanpl es producg '

and
gtt+zed—sanpres or R]anal ogue audi o
efter (DAC) neans (16) cqupled to said
3 convert to anal ogue flormthe sumred
pr ocessi ng |neans (. 30).
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39 78. Appar atus according to claim27 wherein said del ay™and sumi ng
nmeans conpri ses storage neans for storing digitized sanples produced from
said N heads (1A...) at a plurality of sanpling intervals k, (k*1), (k-2),
... (k-21-n), ...; and accunul ator means for accunul ating the sum of the
digitized sanpl es produced from said other heads at the (k-1) sanpling
interval and the digitized sanples produced by said displaced heads (1A ..)

at the (k-1-n) sanpling interval; wher&/d3is a function of said delay [err]
and said sanpling
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