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1. Apparatus for reproducing an information

signal recorded in-a plurality of successive parallel tracks

on a record medium and comprised of a video signal and at

least one audio signal from the group of a

frequency-modulated monaural audio signal,
frequency-modulated stereo audio signals, a standard
digitized audio signal and a high-caality digitized audio
signal, with the video signal and the. frequency-modulated

audio signals being recorded only in a main section of each

track and the digitized audio signals being recorded at

least in an overscan section of each track, said apparatus
comprising:
transducer means for scanning said c¢racks to
reproduce said information signal recorded in said %
© .successive parallel tracks;

separation means for separating a signal
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(10) 620046
reproduced during scanning of the main section of each track
by said transducer means and a signal reproduced during
scanning of the overscan section of each track by said
transducer means;
frequency-modulated moraural audio signal

processing means connected to said separation means for

receiving said signal reproduced during scanning of said

main section of each track and having an output;

frequency-modulated stereo audio signal processing

means connected to said separation means for also receiving

said signal reproduced during scanning of said main section

of each track and having an output;

standard digitized audio signal processing means
connected to said separation means for receiving at least

said signal reproduced during scanning of said overscan

section of each track and having an output;

high-quality digitized audio signal processing

means connected to said separation means for also receiving
at least said signal reproduced during scanning of said
overscan section of each track and having an output;

frequency-modulated audio signal detecting means
connected to said separation means for detecting whether
said signal reproduced during said scanning of the main
section of each track includes said frequency-modulated
monaural audio signal or said fregquency-modulated stereo
audio signals;

digitized audio signal detecting means for

detecting whether said signal reproduced during scanning of
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said overscan section of each track includes said standard
digitized audio signal or said high-quality digitized audio
Signal, said digitized audio signal detecting means being
connected between said separation means and said standard

and high-quality digitized audio signal processing means;

selecting and controlling means for automatically
selecting an audio signal from among said frequency-modulated
monaural audio signal, said frequency-modulated stereo audio
signal, said standard digitized audio signal and said high-
quality digitized audio signal, in response to said frequency-
modulated audio signal detecting means and said digitized audio
signal detecting means;

audio outrut means; and

switching means controiled by said selecting and
controlling means for selectively connecting said outputs of
said frequency-modulated monaural audio signal processing
means, said frequency-modulated stereo audio signal processing
means, said standard digitized audio signal processing means
and said high-quality digitized audio signal processing means

to said audio output means.
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including the best method of performing it known to me:-




BACKGROUND OF THE INVENTION

Field Of The Invention

This invention relates generally to information
reproducing apparatus and, more particularly, is directed to
an apparatus suitable for reproducing digital data recorded
on a magnetic recording medium.

DESCRIPTION OF THE PRIOR ART

It is known to employ an 8-mm format video tape
recorder (VTR) as an apparatus for the play back or
reproducing of digital data recorded on a magnetic tape. 1In
such 8-mm format VTR, an FM audio signal is interposed
between the frequency band of a FM luminance signal and the
frequéncy band of a low-frequency converted chrominance
signal, and the resulting combined signal which is
hereinafter simply referred to as a video signal is recorded
in video track portions TRyp constituting the main portions
of successive slant record tracks TRA and TRB which are
disposed alternately on é magnetic tape 1, as shown on Fig.
7. 1In order to record and/or reproduce audio signals of
higher quality, in the 8-mm format VTR, the audio signals
are PCM-encoded, time-base compressed and recorded in
so-called overscan or audio track portions TRAD situated at
one of the end portioné of the slant tracks TRA and TRB. A
particular type of modulation used to record the
time-compressed, PCM-encoded audio signals is bi-phase-mark

modulation, for example, as described in detail in U.S.




:
:

Patent No. 4,551,771, issued November 5, 1985, and having a
common assignee herewitih. As shown in Fig. 8A, in
bi-phase-mark modulation, frequency signals 5, and S, having

frequencies f for example, of 2.9 MHz, and f for

1’ 2!

example, of 5.8 MHz, are recorded as digital data on the
magnetic tape while maintaining a phase relationship in
which their zero cross points coincide with each other. For
example, when a PCM audio signal is at logic "L", the
frequency éignal S1 having the low frequency f1 is recorded,
whereas, when the I'CM audio signal is at logic "H", the

frequency signal S, having the high frequency f2 is recorded

2

on the magnetic tape.
When an audio signal recorded in an audio track
portion TRAD is reproduced or played back, the zero cross

points of the picked-up frequency signal S1 or 52 are

detected, as shown in Fig. 8B. In response to such
detection, for example, a sampling pulse oscillator with a
phase locked loop (PLL) arrangement is made to oscillate and

thereby provide output pulses PLLO which are phase shifted

45° from the frecuency signal S1 having the low frequency

fl' or phase shifted 90° from the frequency signal S, having

2

the high frequency f2. Those of the output pulses PLLO

generated at the phase angles of 35°, 135°, 225° and 315° of

the frequency signal S1 are used as sampling pulses P_. (Fig.

S
8C) for sampling the reproduced data. When every other two

of the resulting sampled values are positive, it is




Ao

determined that the respective reproduced data is at the

logic level "L". Further, those of the output pulses PLLO
generated at the 90° and 270° phase angles of the frequency
signal S

, are also used as sampling pulses P_ for sampling

S
the reproduced data and, when every other of these sampiad
values are positive, it is determined therefrom that the
respective reproduced data is at the logic level "H". The
reproducing of bi-phase-mark modulated data is further

. , Patent No. F,8%,395
described in U,S. -Ratent Applicatieon—Serial No+—3115,045,—and—

which alsoAhave-a common assignee herewith.

As shown more specifically in Fig. 9, the video

signal Svp recorded in the video track portion TRyp of each
csecns of the tracks TRA and TRB is known to include an FM
E.f:’ luminance signal, for example, as indicated at S1V,,, a low
'::?3 frequency or down-converted chrominance signal S3V, and an

Lo FM audio signal, for example, as indicated at SZVM

EIRE interposed between the frequency bands of the signals SlVN
and S3V. An automatic track follower (ATF) signal SATF is
oo superposed on the signal SVD for recording therewith in each

video track portion TRVD. The same rotary magnetic head

used for recording the signal SVD in each video track

portion TRVD is also used for recording the PCM audio signal
SADNR in the audio signal portion TR,p of the respectivg
track. The frequency spectrum of the PCM audio signal S

ADNR
is shown on Fig. 9 to have a peak value at a frequency which
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substantially coincides with the center frequency of the FM
luminance signal SlVN. Further, the PCM audio signal SADNR
has a frequency characteristic in which the signal level
nears zero in the high and low frequency ranges of the
signal Syp- By reason of the foregoing, the same degrees of
azimuth loss are obtained when one of the rotary magnetic
heads reproduces the signal SVD and the PCM audio signal
SADNR recorded in respective portions TRVD and TRAD of the

same slant track. Therefore, the PCM audio signal SADNR can
be recorded without guard bands between adjacent tracks so
long as the two rotary magnetic heads provided for recording
and reproducing signals in the adjacent tracks TRA and TRB,
respectively, have gaps with different azimuth angles for
substantially minimizing cross talk between the PCM audio
signals recorded in such adjacent tracks.

Depending upon the application thereof, digital
data recorded on a magnetic recording- mediur ‘may have
different sampling frequencies. Therefore, recording media
of different types are used for recording digital data
having respectively different recording densities. It is
apparent that, if a reproducing or playback apparatus can be
adapted for reproducing data from the different types of
tapes having respectively different recording densities, the .
uses of sucﬁ play back apparatus will be accordingly
extended. Thus, for example, it is advantageous to provide

an 8-mm VTR capable of use with first and second types of



recording media, in which the first type of recording medium
records PCM audio data having a standard digital information
content sampled at a standard sampling frequency, while the
second type of recording medium records PCM audio data
having a relatively larger content of high-quality digital
data sampled at a frequency that is a predetermined multiple
of the standard sampling frequency. If these first and
second types of recording media can be reproduced in a
common 8-mm VTR, that is, the same apparatus can be used for
reproducing a standard-quality audio signal from the first
type of recording medium and for reproducing a high-quality
audio signal from the second type of recording medium, such
8-mm VTR will have a substantially expanded utility.
However, the reproducing apparatus heretofore
available has required the user to determine whether the
recording medium about to be played back or reproduced is
recorded with standard- or high-quality-PCM audio or other
digital data, and, after making such determination, to
select the appropriate processing circuits. Thus, the known
reproducing apparatus is relatively inconvenient in that it
requires the user thereof to adapt the apparatus for the
playback of the type of recording medium in question, and in
so doing is susceptible to errors on the part of the user.

OBJECTS AND SUMMARY OF THE INVENTION

Accordingly, it is an object of this invention to

provide an apparatus for selectively reproducing PCM audio
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or other digital data recorded on a recording medium with a
standard-quality or high-quality recording density, and which
is less susceptible to the previously mentioned disadvantages
of the prior art.

According to the present invention there is provided
an apparatus for reproducing an information signal recorded in
a plurality of successive parallel tracks on a record medium
and comprised of a video signal and at least one audio signal
from the group of a frequency-modulated monaural audio signal,
frequency-modulated stereo audio signals, a standard digitized
audio signal and a high-quality digitized audio signal, with
the wvideo signal and the frequency-modulated audio signals
being recorded only in a main section of each track and the
digitized audio signals being recorded at least in an overscan
section of each track, said apparatus comprising:

transducer means for scanning said tracks to
reproduce said information signal recorded in said successive
parallel tracks;

separation means for separating a signal reproduced
during scanning of the main section of each track by said
transducer means and a signal reproduced during scanning of the
overscan section of each track by said transducer means;

frequency-modulated monaural audio signal processing
means connected to said separation means for receiving said
signal reproduced during scanning of said main section of each
track and having an output;

frequency-modulated stereo audio signal processing
means connected to said separation means for also receiving
said signal reproduced during scanning of said main section of
each track and having an output;

standard digitized audio signal processing means

" connected to said separation means for receiving at least said

signal reproduced during scanning of said overscan section of
each track and having an output;

high-quality digitized audio signal processing neans
connected to said separation means for also receiving at least
said signal reproduced during scanning of said overscan section
of each track and having an output;

frequency-modulated audio signal detecting ‘means
connected to said separation means for deteciing whether said
signal reproduced during said scanning of the main section of

SN
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each track includes said frequency-modulated monaural audio
signal or said frequency-modulated stereo audio signals;

digitized audio signal detecting means for detecting
whether said signal reproduced during scanning of said overscan
section of each track includes said standard digitized audio
signal or said high-quality digitized audio signal, said
digitized audio signal detecting means being connected between
said separation means and said standard and high-quality
digitized audio signal processing means;

selecting and controlling means for automatically
selecting an audio signal from among said frequency-modulated
monaural audio signal, said frequency-modulated stereo audio
signal, said standard digitized audio signal and said high-
quality digitized audio signal, in response to said frequency-
modulated audio signal detecting means and said digitized audio
signal detecting means;

audio output means; and

switching means controlled by said selecting and
controlling means for selectively connecting said outputs of
said frequency-modulated monaural audio signal processing
means, said frequency-modulated stereo audio signal processing
means, said standard digitized audio signal processing means
and said high-quality digitized audio signal processing means
tc said audio output means.

The above, and other objects and advantages of the
invention, will be apparent in the following detailed
description of an illustrative embodiment thereof which is to
be read in connection with the accompanying drawings, in which
corresponding parts or elements are identified by the same
reference numerals in the several views.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram of a recording and
reproducing or play back apparatus in accordance with an
embodiment 0of the present invention;

Fig. 2 is a block diagram of a circuit included in
the apparatus of Fig. 1 for recording and reproducing digital
audio signals; .

Fig. 3 is a block diagram showing a specific circuit
arrangement that may be advantageously employed in
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each of a plurality of digital audio data detection circuits
included in Fig. 2;

Fig. 4 is a block diagram showing details of a
reproduced video signal processing section included in the
apparatus of Fig. 1;

Fig. 5 is a block diagram showing details of a
mode detecting and controlling section included in the
apparatus of Fig. 1;

Fig. 6 is a flow chart illustrating a mode
selection program executed by a controller or the like
included in the section of the apparatus shown on Fig. 5;

Fig. 7 is a schematic view of a length of magnetic
tape on which a pattern of record tracks is illustrated;

Figs. 8A, 8B and 8C are waveforms to which
reference is made in describing the reproducing of a signal
which has been bhi-phase-mark modulated; and

Fig. 9 is a graph showing the frequency spectra of
various components that may be included in a signal to be
recorded and/or reproduced by the apparatus embodying this
invention.

DESCRIPTION OF THE PREFERRED EMBODIMENT

Referring to the drawings in detail, and initially
to Fié. 1 thereof, it will be seen that a recording and/or
play back or reproducing apparatus 10 according to an
embodimént of this invention is thereshown applied to an

8-mm format VTR in which a pair of magnetic heads 12A and



12B (hereinafter referr:d to as the A and B heads) on a
rotary drum 11 helically scan a magnetic tape 1 wrapped
about the drum. As has been earlier described with
reference to Fig. 7, as the tape 1 is longitudinally
advanced in the direction of the arrow a and the heads 12A
and 12B are rotated in the direction of the arrow b on Fig.
1, the A and B heads 12A and 12B sequentially and
alternately scan slant record tracks TRA ~nd TRB,
respectively. As shown on Fig. 1, the heads 12A and 12B are
substantially diametrically opposed on the drum 11 and the
tape 1 is wrapped about the drum 11 over an angular extent
exceeding 180°. As earlier mentioned with reference to Fig.
7, each of the tracks TRA and TRB includes a main or video
track portion TRVD which correspcnds to the scanning of the
respective track by the rotary head 12A or 12B while moving
with the drum 11 through an angle of 180°, and an overscan
or audio track portion TRAD which is scanned by the
respective head 12A or 12B during the remainder of its
scanning movement in contact with the magnetic tape 1.

The A and B heads 12A and 12B are connected to a
PCM audio signal processing section 13, a video signal
processing section 14, an ATF signal processing section 15
for automatic track following, and a mode detect/control
section 16 through a video/audio switch circuit 26. The
apparatus 10 embodying this invention is further shown to

generally comprise a system controller 100, for example, a

-10-



microprocessor or the like which provides various control

signals hereinafter described in detail and represented

generally at S on Fig. 1.
CONT

In a recording mode of the apparatus 10, a signal
S and an ATF signal S from the video signal processing
vD ATF
section 14 and the ATF signal processing section 15,

respectively, are superposed and recorded in the main or
video track portion TRV of each slant record track TRA or
TRB. A PCM audio signa? SAD output from the PCM audio
signal processing section 13 is recorded in the audio track
portion TRAD of each slant track.

The PCM audio signal processing section 13 is
shown on Fig. 2 to include an audio data processing unit 13A
and a recording/play back circuit 13B which are controlled
by the control signals SCONT from the system controller 100
and by selection signals SSEL supplied from the mode
detect/control section 16, as hereinafter described.

The audio data processing unit 13A is shown on
Fig. 1 to include a standard-quality audio signal processing
circuit 21 and a high-quality audio signal processing
circuit 22. In the recording mode, either recording audio
data SIREC formed by the processing circuit 21 in

correspondence to an analog audio input signal SlIN, or

recording audio data formed by the processing circuit

S2
REC
22 in correspondence to a second analog audio input signal

-11-



SZIN’ are supplied to a mode/head selector circuit 23
included in the recordinc/play back circuit 13B. The
mode/head selector circuit 22 selects one of the recording
audio data SlREC and SzREC in accordance with the
establishment of a standard-quality recording mode or &
high-quality recording mode, respectively. The selected
data SlREC or S2REC to be recorded in the audio track

portions TRA of the slant tracks TRA and TRBR are supplied

D
through an A-head recording amplifier circuit 24A and a
B~head recording amplifier circuit 24B, respectively, to a
recording/play back selector circuit 25;
The selector circuit 25 and the video/audio switch
circuit 26 cooperate to sequentially supply the digital
audio data from the A-head recording amplifier circuit 24A
and the B-head recording amplifier circuit 24B to the A-head
12A and the B-head 12B, respectively, during suitably timed
intervals so as to constitute the audio data SAD recorded in
the audio track portions TRAD of the slant tracks TRA and
TRB, respectively (Fig. 7). The video/audio switch circuit
26 similarly cooperates with the video signal processing _ E
circuit 14 and is suitably timed so that the rotary heads
12A and 12B record fields or other specified intervals of
the video signal Syp in the video signal portions TR, of
“he slant tracks TRA and TRE, respectively.

In the play back or reproducing mode, the

video/audio switch circuit 26 and the record/play back

~-12-
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selector circuit 25 direct the audio signal SAD reproduced
by the A and B heads 12A and 12B from the audio track
portions TRAD of the tracks TRA and TRB, respectively,
through an A-head play back amplifier 27A and a B-head play
back amplifier 27B to a mode/head selector and equalizer
circuit 28. The mode/head selector and equalizer circuit 28
selectively fetches the reproduced audio signal from the
A-head or B-head play back amplifier 27A or 27B, and
performs a predetermined equalizing process thereon in
accordance with the established play back mode of the
apparatus, that is, whether the apparatus is in its
standard-quality play back mode or in its high-quality play
back mode. Then, play back audio data SlPB or SZPB is
selectively supplied from the circuit 28 to the

standard-quality audio signal processing circuit 21 or the

high-quality audio signal processing circuit 22,

. respectively, once again in'dependence on the established

play back mode of the apparatus. The operative audio signal
processing circuit 21 or 22 converts the reproduced audio
data SlPB or SZPB, respectively, into an analog signal which
is output from the circuit 21 or 22 as a first or second
audio cutput signal SlOUT or S2 , respectively.

In the embodiment of the invention being here

described, the audio signal processing circuit 21 samples
the respective input audio signal S1 at a standard

sampling frequency, for example, a sampling frequency of 2f

-13-
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= 31.5 KHz, for converting the input audio signal SlIN into
10-bit PCM digital data. A CRCC (cyclic redundancy
check code) error code is added to such digital data, and
the number of bits of the digital data is compressed by 10-8
bit conversion or compression. The 10-8 bit conversion or
compression is preferably effected in a non-linear encoder
or compressor which effects non-linear quantization for
reducing quantizing noise. The resulting compressed data is
subjected to bi-phase-mark modulation at a clock frequency
CKNR, for example, of 11.6 MHz, for forming the recording
audio data SlREC which is output from the circuit 21 and
which consists of two frequency signals Sl and 52 (Fig. 8A)
having, for example, the frequencies f1 = 2.9 MHz and f2 =
5.8 MHz, respectively.

In the standard-quality play back mode, the audio
signal processing circuit 21 bi-phase-mark demodulates the
reproduced audio data S1 and effects error correction by

PB
means of the CRCC error code. The circuit 21 further

effects interpolation of the audio data and then performs
10-8 inverse conversion, whereupon the resulting data is D/A
converted so as to provide the audio output signal S1 .

ouT
It will be appreciated that the standard-quality audio

signal processing circuit 21 may be substantially the same

as the circuit disclosed for similar purposes in the

previously mentioned U.S. Patent 4,551,771.

-14-
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In the high-quality recording mode of the
apparatus 10, the high-quality audio signal processing
circuit 22 samples the respective audio input signal S2,y at
a high-quality sampling frequency, for example, of 3fH = 48
KHz, which is liigher than the standard sampling frequency,
so as to obtain 16-bit PCM digital data. Then a CIRC (Cross
Interleaved Reed-Solomon Code) error code is added to the
digital data, whereupon the digital data and the error code
added thereto are compressed. The compressed data is then
8-10 modulated and NRZI (Non-Return to Zero Inverted)
converted at a clock frequency CKHI = 14.8 MHz (that is, tue
Nyquist frequency fNYH = 7.4 MHz), whereby the data is
modulated into a data string which is not easily influenced
by DC level shift. The éonverted data string is output from
the circuit 22 as the second recording audio data SZREC.

The foregoing 8-10 modulation of the compressed data is a
kind of group’coded modulation ‘in-which;, with'N =" 8 and M =
10, the data bits are segmented into N-bit blocks, each
N-bit block is converted to an M-bit data string or code,

N M
and 2 patterns or codes are selected from the converted 2

patterns or codes for reducing the DC and low frequency

components in the frequency spectrum of the modulated

signal. A modulation system similar to the foregoing 8-=10

modulation is described in detail in the previously

mentioned U.S. Patent No. 4,577,180, and in U.S. Patent No.

‘
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4,617,552, issued October 14, 1986, and also having a common

assignee herewith.

In the high-quality play back mode of the
apparatus 10, the audio signal processing circuit 22 effects
NRZI decoding and 8-10 demodulation of the reproduced audio
data SZPB supplied thereto. Further, the demodulated data
is subjected to error correction by means of the CIRC error
code and, thereafter, the corrected data is subjected to
interpolation and then converted to the analog audio signal
SzOUT which is output from the circuit 22.

A sampling circuit having a sampling frequency of
48 KHz and a circuit for processing 16-bit PCM digital data,
as described above in respect to the processing circuit 22,
are available, for example, such circuits may be of the
types presently employed in rotary-head digital audio tape

recorders (R-DAT).,

The recording audio data Sl and S2 obtained
REC REC

from the audio signal processing circuits 21 and 22,
respectively, are supplied to standard- and high~-quality
input terminals NR and HI, respectively, of a mode selecting
switch circuit 23A included in the mode/head selector 23, as
shown in Fig. 2. The mode selecting switch circuit 23A is
controlled by a mode designating or establishing signal C1
included in the control signals S prcvided by the system

controller 100. When the signal Cl designates the

standard-quality recording mode, the mode selecting switch

-16-



circuit 23A engages its input terminal NR, as shown on Fig.
2, so that the audio data Slppc is supplied through the mode
switch circuit 23A to a head switching circuit 23B which is
also included in the mode/head selector 23. On the other
hand, when the signal Cl1 designates the high~quality
recording mode, the mode switching circuit 23A is made to
engage its terminal HI so that the audio data SZREC is
supplied through the mode switch circuit 23A to the head
switching circuit 23B. The head switching circuit 23B is
changed over or controlled so as to alternately engage its
output terminals A and B by a head switching signal C2 also

included in the control signals S from the system

CONT
controller 100. Thus, the audio data supplied to the head
switching circuit 23B is alternately output from the
terminal A or B thereof as recording data Dl or D2,
respectively.

The recording data D1 is amplified by the A-head
recording amplifier 24A and supplied therefrom to a terminal
REC of a record/play back switch 25A cf the record/play back
selector 25. Similarly, the recording data D2 from the
terminal B of the head switch circuit 23B is amplified by
the B-head recording amplifier 24B and then applied to a
terminal REC of a record/play back switch 25B of the
selector 25. The record/play back switches 25A and 25B are
shown to be controlled by a record/play back control signal

C3 included in the control signals S from the system

CONT
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controller 100 so that the switches 25A and 25B engage their
respective REC terminals as shown on Fig. 2, when the
apparatus 10 is in a recording mode, and so that switch
circuits 25A and 25B have their moveable contacts
changed-over to engage respective terminals PB when the
apparatus is in a reproducing or play back mode.

The moveable contacts of the record/play back
switches 25A and 25B are shown to be connected to terminals
AD of video/audio change-over switches 26A and 26B which are
included in the video/audio selector 26 and have their
moveable contacis connected to the A-head 12A ana the B-head
12B, respectively. The video/audio change-over switches 26A
and 26B are controlled in response to a video/audio
switching signal C4 which is also provided among the control
Signals-SCONT from the system controller 100.

The video/audio change-over switches 26A and 26B
are conditioned by the video/audio switching signal C4
included in the control signals SCONT from the system
controller 100 so as to engage their respective contacts or
terminals AD during the intervals when the heads 12A and 12B
are scanning the overscan cr audio track portions TRAD of
the tracks TRA and TRB, respeétiVely. On the other hand,
during scanning of the main or video track portions TRy of
the tracks TRA and TRB by the heads 12A and 12B,
respectively, the video/audio change-over switches 26A and

26B are respectively changed-over to engage their terminals
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VD which are connected to the video signal processing
section 14, the ATF signal processing section 15 and the
mode detect/control section 16.

With the above described arrangement of the
apparatus 10, in the standard-quality recording mode, the
standard-quality PCM audio signal'sADNR which is sampled at
the standard sampling frequency in the standard-quality
audio signal processing circuit 21 is recorded in the
overscan or audio track portion TRAD of each of the tracks
TRA and TRB at a standard recording density. In the
high-quality PCM recording mode, the high-quality PCM audio
signal SADHI which is sampled at a high-quality sampling
frequency in the high-quality audio signal processing
circuit 22 is similarly recorded, but at a higher recording
density than the standard recording density.

In the play back mode, the A-head 12A and the
B-head 12B pick up the PCM audio signal SAD from the
overscan or audio track portions TRAD of the tracks TRA and
TRB, respectively. The reproduced signal SAD is supplied to
the A-head play back amplifier 27A and the B-head play back
amplifier 27B through the audio terminals AD of the
video/audio switch circuits 26A and‘26B and the play back

terminals PB of the record/play back switch circuits 25A and

25B. The resulting reproduced data D3 and D4 from the play

back amplifiers 27A and 27B are supplied to mode switch

circuits 31A and 31B of a mode selector 31 included in the
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mode /head selector and equalizer circuit 28. The mode
switch circuits 31A and 31B are switched in response to a
mode selection signal Ll provided as one of the selection
signals SSEL from the mode detect/control section 16. When
the PCM audio signal SAD which is being played back or

reproduced is of the standard quality, the mode switch

circuits 31A and 31B are conditioned as shown on Fig. 2 so
as to engage their respective terminals NR, with the result
that the reproduced data D3 and D4 are respectively supplied
to standard-quality A-head and B-head equalizer circuits 32
and 33, respectively. On the other hand, when the PCM audio
signal SAD which is being reproduced is of the high-quality,
the mode switch circuits 31A and 31B are changed-over by the
signal L1 so as t» engage their respective terminals HI and
thereby supply the reproduced data D3 and D4 to high=-quality
A-head ard B-head equalizer circuits 34 and 35,
respectively.

It will be appreciated that, when there is a
change from one to the other of the standard- and
high-quality modes, or from one to the other of the A and B
heads 12A and 12B of the apparatus 10, the audio data S
which is recorded in, or reproduced from the audio track
portions TRAD have different response characteristics with
changes in fregquency. Thus, the equalizer circuits 32, 33,
34 and 35 are provided to equalize the frequency
characteristics of the reproduced data D3 and D4 picked up

from the audio track portions TRAD of the tracks TRA and TRB
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by the heads 12A and 12B, respectively, in the
standard-quality reproducing mode and in the high-quality
reproducing mode, respectively. By reason of the foregoing,
a desirably low bit error rate can be maintained, that is,
the so-called eye pattern opening of the two frequency
signals S and 82 constituting the bi-phase mark can be
increased to the greatest extent possible.

As further shown on Fig. 2, the mode/head selector
and equalizer circuit 28 includes a head selector circuit 36
made up of head switch circuits 36A and 36B each having
input terminals A and B. Output data D5 and D6 £from the
equalizer circuits 32 and 33 are supplied to the input
terminals A and B of the head switch circuit 35A.
Similarly, output data D7 and D8 from the equalizer circuits
34 and 35 afe supplied to the input terminals A and B of the
head switch circuit 36B. The moveable contacts of the head
switch circuits 36A and 36B are suitably changed-over
between the respecfive input terminals A and B in response
to a head selection signal C5 included in the control
signals sCO&T from the system controller 100. The moveable
contact or output of the head switch circuit 36A is
connected to a standard-quality audio data detecting circuit
37 so that output data D5 or D6 from the equalizer 32 or 33,
respectively, is supplied through head switch circuit 36A to
the standard-quality audio data detecting circuit 37.

Similarly, the output of the head switch circuit 36B is

AT i 18 ke T s e
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connected to a high-quality audio data detecting circuit 38
so that output data D7 or D8 from the egqualizer circuit 34
or 35 is supplied to the high-quality audio data detecting
circuit 38 through the head switch circuit 36B.

As shown in Fig. 3, each of the standard- and
high-quality audio data detecting circuits 37 and 38
includes a comparator 50 in which input data D

PBIN
(constituted by the data D5 or D6, or the data D7 or D8)

supplied to the inverted input of the comparator 50 is
compared with a zero cross reference voltage V provided by
a variable reference voltage source 51 and applied to a
non-inverted input of the comparator 50. A data detection
signal D21 is derived from the output of the comparator 50.
Such data detection signal D21 is at a logic level "H" when
the input data D is raised to a positive value exceeding
0, and the signaingl attains a logic level "L" when the
input data falls to a negative value. The data detection
signal D21 is supplied to a clock signal regenerating
circuit 52 having a phase locked loop (PLL) arrangement.

The clock signal regenerating circuit 52 provides a detect
clock signal CKPB which is phase-locked with the data
detection signal D21 and is supplied %o a clock input
terminal C of a synchronization circuit 53 to serve the same
function as the sampling pulse PS which has been described
with reference to Fig. 8C. The clock signal CKPB is also

supplied to the system controller
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100 as a system clock, and to the mode detect/control
section 16 as a PCM mode detection signal SMD.

The synchronization circuit 53 is shown to be
comprised of a D-type flip-flop circuit having the data
detection signal D21 applied to its input terminal D. When
the detection clock signal CKP is supplied to the clock
input terminal C of the flip-f?op circuit 53, the latter is
set or reset in response to the data detection signal D21
attaining the logic "H" or "L" level. The Q output of the
flip-flop circuit 53 provides detection output data DPBOUT
which, in the case of the standard-quality audio data
detecting circuit 37, constitutes the first reproduced audio
data SlPB and, in the case of the high-quality audio data
detecting circuit 38 constitutes the second reproduced audio
data s2 .

PB

In the play back mode, the signal S picked up
from the video track portion TRVD by the A anXDB heads 12aA
and 12B is input to the ATF signal processing section 15 and
the mode detect/control section 16 (Fig. 1) through the
video output terminals VD of the video/audio switch circuits
26A and 26B (Fig. 2) of the video/audio switch circuit 26.

As shown in Fig. 4, the reproducing or playback
system of the video signal processing section 14 supplies
the input signal SVD to A-head and B-head input terminals A
and B of a head selector circuit 61 through A-head and
B-head play back amplifiers 60A and 60B. The head selector

circuit 61 is switched in response to a head selection
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signal C6 supplied as one of the control signals S ONT from
the system controller 100. The signal SVD obtained from the
circuit 61 is input to a subsequent video mode selection
switch circuit 62. In addition, the FM audio signals SZVM
and S2V shown on Fig. 9, and together comprising the FM

S

audio signal S on Fig. 4, are extracted from the signal
FM

SVD through a band-pass filter 63 having for example, a pass
band of 1.4 MHz to 1.8 MHz., and are input to an FM audio
selection switch circuit 66.

The video mode selection switch circuit 62 is
switched in response to a video mode selection signal L3
supplied as one of the selection signals SSE from the mode
detect/control section 16. When the standard-quality mode
is selected by the video mode selection signal L3, the
signal SVD is output to a standard-quality video signal
processing circuit 64 through a standard-quality output
terminal NR. In contrast to this, when the high-quality
mode is selected by the signal L3 applied to the switch
circuit 62, the signal SVD is output to a high-quality video
signal processing circuit 65 through a high-quality output
terminal HI.

The standard- and high-quality wideo signal
processing circuits 64 and 65 each perform a respective
predetermined playback processing of the input signal SVD'
and output the processed signal as output video data DVD

(Fig. 4).

The FM audio mode selection switch circuit 66 is

switched in response to an FM mode selection signal L4
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supplied as one of the selection signals sSEL from the mode
detect/control section 16. When a monaural FM audio mode is
selected, the FM audio signal SZVM input to the switch
circuit 66 is output to a monaural FM audio signal
processing circuit 67 through a monaural FM output terminal

MN of the switch circuit 66. When a stereo FM audio mode is

selected, the FM audio signals S2V and S2V input to the
. M S
switch circuit 66 are output to a stereo FM audio signal

processing circuit 68 through a stereo FM output terminal ST

of the switch circuit 66.

The monaural and stereo FM audio signal processing
circuits 67 and 68 perform respective predetermined playback

processing of the input FM audio signal S2V and of the
M

signals S2V and S2V , respectively. The obtained stereo
M S

and monaural audio output signals SSOU and SM T are output
to input terminals 69C and 69D, respectively, of an audio
selector circuit 69. Other terminals 69A and 69B of the
audio selector circuit 69 receive audio output signals S2

ouT
and Sl , respectively, obtained from the high- and

ouT
standard-quality PCM audio signal processing circuits 22 and
21, respectively. The selector circuit 69 is switched in

response to an audio selection signal LS supplied as one of

the selection signals S from the mode detect/control
SEL

" section 16. At any time, one of the audio output signals

SloyT and S2pyr and the stereo and monaural audio output

i 1ls SS and SM i i i
signals our 20 auT supplied to the input terminals 693,
69B, 69C and 69D of the selector circuit 69 is selected, and
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is output from the output terminal of the audio selector
circuit 69 as output audio data DAD‘
As shown on Fig. 1, the mode detect/control
section 16 receives the signal Svp picked up by the A and B
heads 12A and 12B from the video track portion TRVD of each
of the tracks TRA and TRB on the magnetic tape 1 and the PCM
mode detection signal SMD obtained from the standard- and
high-quality data detect circuits 37 and 38 (Fig. 2) of the
mode/head selector and equalizer circuit 28. Based on these
signals, SVD and SMD' the mode detect/control section 16
detects the modes of the various audio and video signals
recorded on the magnetic tape 1. On the basis of such
detection, the mode detect/control section 16 provides the
selection signals SSEL which, in combination with control

signals SCONT' select and control the playback modes of the

PCM audio signal processing section 13 and the video signal

processing section 14.

In the embodiment being described and as shown in

Fig.. 9, the standard-quality PCM audio signal SADNR is of a

first clock frequency CK (= 11.6 MHz) and the

NR

alternatively used high-quality PCM audio signal SADHI is of
a second clock frequency CKHI (= 14.8 MHz). Which ever PCM
audio signal is used is recorded in the audio track portion
TRAD of each record track on the magnetic tape 1. The
standard-quality video signal includes a standard-quality FM

luminance signal SiVN having a2 first center frequency of 5
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MHz and a frequency range of 2 to 8 MHZ, and the
alternatively used high-quality video signal includes a
high-quality FM luminance signal 81VH having a second center
frequency of 7 MHz and a frequency range of 2 to 12 MHz.
Further, in the embodiment being described, a
multi-channel recording mode may be employed as a further
function of the 8-mm format VTR. In such multi-channel
mode, a plurality of channels of PCM audio signals are
recorded using the full lengths of the recording tracks TRA
and TRB consisting of the audio and video track pocrtions
TRap and TRVD for the recording of such PCM audio sighals.

When the standard-quality PCM audio signal S is recorded

ADNR
as the PCM audio signal in the multi-channel recording mode,
a first pilot signal P1 of a first frequency, for example,
of 230 kHz, which is higher than the frequency of the ATF
signal SATF is superposed thereon. When the high-quglity
PCM audio signal Sppyr 1S recorded in the multi-channel
recording mode, a second pilot signal P2 of a second
frequency, for example, of 280 kHz, higher than that of the
first pilot signal P1 is superposed thereon.

Further, the monaural FM audio signal Sva has a
first center frequency, for example, of 1.5 MHz, and is
superposed as an FM audio signal on the video signal

recorded in the video track portion TRy, of each of the

record tracks on the magnetic tape 1. Alternatively, the

stereo FM audio signal SZVS uses the first center frequency
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signal, for example, of 1.5 MHz, as a main carrier, and a
second center frequency signal, for example, of 1.7 MHz, as
a subcarrier and is again superposed on the video signal
recorded in each video track portion TRVD‘

The mode detect/control section 16, is adapted to
detect the quality ol the PCM audio signal, the presence or
absence of the use of PCM multi-channel recording, the mode
éf the FM audio signal, and the quality of the video signal.

More specifically, in the mode detect/control
section 16 as shown in Fig. 5, the input video signal SVD is
supplied to A-head and B-head input terminals A and B of a
head selector circnit 41 through A-head and B-head playback
amplifiers 40A and 40B. The head selector circuit 41 is
switched in response to a head selection signal C7 supplied

as one of the control signals S from the system

CONT
controller 100, and the signal SVD obtained thereby is input
to a video mode detect circuit 42, a PCM multi-mode detect
circuit 43, and an FM audio mode detect circuit 44.

The video mode detect circuit 42 includes a first
band-pass filter 42A having a pass band centered at 5 MHz

and a second band-pass filter 42B having a pass band

centered at 7 MHz and through which the input signal SVD is
supplied to non-inverting and inverting input terminals,
respectively, of a comparator 42C constituted by an

operational amplifier. Thus, the video mode detect circuit

42 detects if the FM luminance portion of the signal Svp is
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recorded on the magnetic tape 1 in the standard- or
high-quality mode. When the FM luminance portion of the
signal Svp is recorded in the standard-quality mode, that
is, with the center frequency of 5.0 MHz, the level of the
signal SVD passing through the first band-pass filter 42A is
higher than that passing through the second band-pass filter
42B. In this case, the output from the comparator 42C
exhibits a positive level. 1In contrast to this, when the FM
luminance portion of the signal Svp is recorded in the
high~quality mode, that is, with the outer frequency of 7.0
MHz, the output from the comparator 42C exhibits a negative

level. Thus, a video mode detection signal C is obtained

VDO
as the output from the comparator 42C and is supplied to a
mode select/control circuit 46 which may comprise a
microcomputer.

The PCM muiti-mode detect circuit 43 includes a
first band-pass filter 43A having a pass band centered at
the frequency of 230 kHz and a second band-pass filter 43B
having a pass band centered at the frequency of 280 kHz, and
through with the input video signal SVD is supplied to
non-inverting and inverting input terminals of a comparator
43C. The PCM multi-mode detect circuit 43 determines from
the full recording tracks TRA and TRB, that is, from the
audio and video track portions TRAD and TRVD’ whether or not

the reproduced PCM audio signal was multi-channel recorded.

When the signal is multi-channel recorded, the detect
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circuit 43 further detects, on the basis of the multi PCM
pilot signal P, or P,, which one of the standard- and
high-quality modes is used to record the PCM audio signal.

When the multi PCM pilot signal P, of 230 kHz,

1
indicating that multi-channel recording is performed using
the standard-quality PCM audio signal, is included in the

signal Syp only such pilot signal P1 passing through the
first band-pass filter 43A is input to the non-inverting
input terminal of the comparator 43C. In this case, the
output Cp. from the comparator 43C exhibits a positive

level. When the multi PCM pilot signal P, of 280 kHz is

2

included in the video signal S thereby indicating that

VD’
multi-channel recording is performed using the high-quality
PCM audio signal, only such pilot signal P, passing through
the second band-pass filter 43B is input to the inverting
input terminal of the comparator 43C. 1In this case, the
output CMLT from the comparator 43C indicates a negative
level. When the PCM audio signal is not multi-channel
recorded, the output CMLT from the comparator 43C exhibits 0
level. A resulting PCM multi-mode detection signals CMLT
from the comparator 43C is supplied to the mode
select/control circuit 46.

The FM audio mode detect circuit 44 includes a
first band-pass filter 44A having a pass band centered at

the frequency of 1.5 MHz and a second band-pass filter 44B

having a pass band centered at a frequency of 1.7 MHz, and
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through which the input sighal Svp is supplied to the
non~inverting and inverting input terminals of a comparator
44cC.

The FM audio mode detect circuit 44 detects the
stereo or monaural mode of the FM audio signal recording in
the video track portions TRVD of the record tracks on the
magretic tape 1 on the basis of the inclusion in the signal
SVD of a carrier component of a monaural audio signal having
a center frequency of 1.5 MHz, or the carriers of a stereo
FM audio signal having center frequencies of 1.5 MHz and 1.7
MHz.

When the single carrier frequency of 1.5 MHz is
included in the signal SVD’ only such portion of the signal
SVD passing through the first band-pass filter 44A is input
to the non-inverting input terminal of the comparator 44cC.
In this case, the output CAFM from the comparator 44C
exhibits a positive level. When the carrier frequencies
1.5 MHz and 1.7 MHz of the stereo FM audio signal are
included in the signal, portions of the signal SVD passing
through the first and second band-pass filters 44A and 44B
are input to the inverting and non-inverting input terminals
of the comparator 44C. In this latter case,4the output CAFM
from the comparator 44C exhibits a zero level. The

resulting FM audio mode detection signal CAPM of the output

of the comparator 44C is supplied to the mode select/control

circuit 46.

~-31-
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The PCM mode detection signals SMD from the
standard and high-quality PCM audio data detect circuits 37
and 38 (Fig. 2) are supplied to the non-inverting and
inverting input terminals, respectively, of a comparator 45C
through a first band-pass filter 45A having a pass band
centered at a frequency of 11.6 MHz and a second band-pass
filter 45B having a pass band centered at a frequency of
14.8 MHz in the PCM audio mode detect circuit 45. Thus, the
PCM audio mode detect circuit 45 detects the presence or
absence of the PCM audio signal recorded in the audio track
portions TRAD on the magnetic tape 1, and further detects
use of the standard- or high-quality PCM audio signal on the
basis of a clock frequency regenerated from the PCM audio
signal which is being played back by the PCM audio signal
processing section 13,

When the standard-quality PCM audio signal with a

clock frequency of 11.6 MHz is recorded in the audio track

portions TRA on the magnetic tape 1, only the PCM mode
D

detection signal SMD passing through the first band-pass
filter 45A is input to the non-inverting input terminal of
the comparator 45C. 1In this case, the output CPCM from the
comparator 45C exhibits a positive level. When the
high-quality PCM audio signal with a clock frequency of 14.8

MHz is recorded in the audio track portions TRAD, only the

PCM mode detection signal S passing through the second
MD

band-pass filter 45B is input to the inverting input
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terminal of the comparator 45C. In this case, the output
CPCM from the comparator 45C exhibits a negative level.
When no PCM audio signal is recorded, and hence none is
reproduced, the output CPCM from the comparator 45C is at
the 0 level. The resulting PCM audio mode detection signal
CPCM at the output of comparator 45C is also supplied to the
mode select/control circuit 46.

The mode select/control circuit 46 which may be a
CPU or microcomputer executes the mode selection program
shown in Fig. 6 in response to the mode detection results

included in the video mode detection signal Cypo’ the PCM

multi-mode detection signal CMLT’

detection signal CAFM and the PCM audio mode detection

the FM audio mode

signal CPCM as obtained from the video mode detect circuit
42, the PCM multi-mode detect circuit 43, the FM audio mode
detect circuit 44 and the PCM audio mode detect circuit 45,
respectively, at the initiation of the operation of the data
recording/playback apparatus 10.

The mode select/control circuit 46 starts its
operation in step SP1l. 1In step SP2, it is determined, for
example, on the basis of the video mode detection signal
CVDO’ if the present opérafion mode is the PB or reproducing
mode. If the answer to step SP2 is NO, the program advances
to step SP3, in which the mode select/control circuit 46

executes the recording operation.
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If the answer to step SP2 is YES, the program
proceeds to step SP4 in which, on the basis of the PCM
multi-mode detection signal CMLT' it is determined if PCM
multi-channel recording is being used. If the answer is YES
in step SP4, the circuit 46 sends the video/audio selection
signal L2 to the system controller 100. In step SP5, in
response to the video/audio selection signal L2, the system
controller 100 determines the video/audio switch signal C4
by which the video/audio switch circuit 26 is made to
continuously select the audio output terminals AD.

The mode select/control circuit 46 determines, in
step SP6 on the basis of the PCM multi-mode detection signal
C or the PCM audio mode detection signal C , whether

MLT PCM
PCM multi-channel recording is being performed with the
standard- or high-quality PCM audio signal SADNR or SADHI'

When the answer to step SP6 is YES, that is, when
PCM multi-channel recording is performed with the
standard-quality PCM audio signal S R’ the mode
select/control circuit 46 supplies the mode selection signal
Ll to the mode selector circuit 31, for selecting the
standard-quality mode output terminals NR of the mode switch
circuits 31A and 31B (Fig. 2). The circuit 46 further
determines the audio selectién signal LS5 applied to the
audio selection circuit 69 in order to select the input

terminal 69B (Fig. 4) which receives the first audio signal

SlOUT obtained from the standard-quality audio signal

-34-
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processing circuit 21 (Fig. 1). Thus, the data
recording/playback apparatus 10 performs standard-quality
PCM multi-channel processing.

When PCM multi-channel recording is performed with
the high-quality PCM audio signal, the answer in step SP6 is
NO. Therefore, the program proceeds to step SP8, and the
circuit 46 determines the mode selection signal L1 for
selecting the high-quality mode output terminals HI of the
mode switch circuits 31A and 31B of the mode selector
circuit 31 (Fig. 2). The circuit 46 further determines
selection signal L5 in order to select the input terminal
69A of selection circuit 69 which receives the audio signal
SZOUT obtained from the high-quality audio signal proce:ssing
circuit 22 (Fig. 4). Thus, the data recording/playback
apparatus 10 performs high-quality PCM multi-channel
processing.

When PCM multi-channel recording is not employed,
the answer in step SP4 is NO and the program advances to
step SP9. 1In step SP9, the mode select/control circuit 46
determines, on the basis of the video mode detection signal

CVDO' if a standard-or high-quality video signal is being

used.

When the standard-quality video signal is being
used, the answer in step SP9 is YES and the program proceeds
to step SP10, 1In the step SP10, the circuit 46 determines

the video mode selection signal L3 for selecting the
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standard-quality mode output terminal NR of the video mode
selection switch circuit 62 in the video signal processing
section 14 (¥ig. 4). Therefore, the data recording/playback
apparatus 10 plays back the video signal using the
standard-quality video signal processing circuit 64.

When the high-quality video signal is being used,
the answer in step SP9 is NO, and the flow then advances to
step SP1l. In step SPll, the mode select/control circuit 46
determines the video mode selection signal L3 supplied to
the video mode selection switch circuit 62 of the video
signal processing section 14, in order to select the
high-quality output terminal HI. Therefore, the data
recording/playback apparatus 10 plays back the video signal
using the high-quality video signal processing circuit 65.

The mode select/control circuit 46 then
determines, in step SP12 whether, on the basis of the PCM
audio mode detection signal CPCM (Fig. 5), a PCM audio
signal SADNR or SADHI is recorded in the audio track portion
TRAD of the magnetic tape 1.

When the PCM audio signal SADNR or SADHI is used,
the answer in step SP12 is YES and the flow advances to step
SP13. 1In step SP13, the mode select/control circuit 46
determineé, ¢ | the basis of the PCM audio mode detection
signal CPCM’if the standard- ~r high-quality PCM audio

signal SADNR or sADHI is being used. If the answer in step

SP13 is YES, that is, if the standard-quality PCM audio
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signal is being used, the flow advances to step SPl4. 1In
step SP14, the circuit 46 determines the mode selection
signal L1 supplied to the mode selection switch circuits 31A
and 31B (Fig. 2) of the mode selector circuit 31 in the
mode/head selector and equalizer circuit 28 in order to
select the standard-quality mode output terminals NR. The
circuit 46 further determines the audio selection signal L5
supplied to the audio selector circuit 69 in order to select
the input terminal 69B which receives the first audio signal
SlOUT obtained from the standard-quality audio signal
processing circuit 21. Thus, the PCM audio signal
preocessing section 13 plays back the standard-quality PCM
audio signal SADNR'
If the answer in step SP13 is NO, that is, if the
high-quality PCM audio signal is being used, the flow
advances to step SP15, and the circuit 46 determines the
mode selection signal Ll supplied to the ‘mode selection
switch circuits 31A and 31B (Fig. 2) of the mode selector
circuit 31 in order to select the high-quality mode output
terminal HI. The circuit 46 further determines the audio
selection signal L5 supplied to the audio selector circuit
69'in order to select the input terminal 69A which receives
the second audio signal SZOUT obtained from the high-quality
audio signal processing circuit 22. Thus, the PCM audio

signal processing section 13 plays back the high-quality PCM

audio signal SADHI‘
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If the answer in step SP12 is NO, the circuit 46
determines in step SPl6, on the basis of the FM audio mode
detection signal CAFM’ if an FM audio signal superposed on
the video signal recorded in the video track portions TRy
on the magnetic tape 1 is a monaural or stereo audio signal
SZVM or SZVM and SZVS. If the answer is YES in step SP16,
that is, if a monaural FM audio signal is recorded in the
track portions TRVD, the circuit 46 supplies an FM mode
selection signal L4 to the FM audio mode selection switch
circuit 66 of the video signal processing section 14 (Fig.
4) in order to select the monaural FM output terminal MN.
The circuit 46 also determines the audio selection signal LS5
supplied to the audio selector circuit 69 in order to select
the input terminal 69D which receives the monaural audio
output signal SMOUT obtained from the monaural FM audio
signal processing circuit 67. Thus, the video signal
processing section 14 plays back the FM audio signal SZVM
using the monaural FM audio signal processing circuit 67.

If the answer in step SP1l6 is o, that is, if a
stereo FM audio signal is recorded in the track portions
TRVD’ the flow advances to step SP18. In step SP18, circuit
46 determines the FM mode selection signal L4 supplied to
the FM audio mode selection switch circuit 66 (Fig. 4) of
the video signal processing section 14 in order to select
the stereo FM output terminal ST. The circuit 46 also

determines the audio selection signal L5 supplied to the
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audio selector circuit 69 in order to select the input
terminal 69C which receives the stereo audio output signal
SSOUT obtained from the stereo FM audio signal processing
circuit 68. Thus, the video signal processing section 14
plays back the input FM audio signal using the stereo FM
audio signal processing circuit 68.

In the above described mode selection processing
program, the mode select/control circuit 46 gives priority
to mode detections indicating higher sound quality when
determining the audio selection signal L5 to be supplied to
the audio selector circuit 69. Thus, for example, if both
PCM and FM audio signals are reproduced, the PCM audio
signal which has relatively higher sound quality is selected
by causing signal L5 to select the input terminal 69A of the
circuit 69.

By way of example, with the above arrangement,
when a magnetic tape 1 on which a standard-quality video
signal and a high-quality PCM audio signal are recorded is
to be played back the video mode detect circuit 42 and the
PCM audio mode detect circuit 45 of the mode detect/control
section 16 detect these signals. The circuit 46 executes
steps SP2, SP4, SP9, SP10, SP12, SP13 and SP1l4 starting from
the initial step SP1 of the mode selection processing
program. In response to such mode selection program, the
PCM audio signal processing section 13 and the video signal

processing section 14 play back the audio signal SAD and the
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video by suitable playback processes performed in processing
circuits 22 and 64, respectively.

On the other hand, when a magnetic tape 1 on which
a high-quality video signal and a stereo FM audio signal are
recorded is to be played back, the circuit 46 executes steps
SP2, SpP4,SpP9, SP1ll srpl2, SPl6é and SP1l8 starting from the
initial step SP1 of the mode selection processing program.
In such case, the PCM audio signal processing section 13 is
inoperative and the video signal processing section 14 plays
hack the high-~quality video signal and the accompanying
stereo FM signal through the processing circuits 65 and 68,
respectively,

in the data recording/playback apparatus 10, the
mode detect/control section 16 detects the picture quality
of the video signal recorded on the magnetic tape 1 which is
being played back, the nature of the FM audio signals, the
presence or -.absence of PCM multi-channel recording, the
sound quaiity of PCM multj-channél recording if any, and the
sound quality of the PCM audio signal recording if any. As
a result of such detections, the playback processes of the
PCM audio signal processing section 13 and the video signal
processing section 14 are automatically selected.
Therefore, a user can conveniently play back a magnetic tape
by the best playback process regardless of the modes used in

recording such tape.
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In the above description of the invention, it has
been stated that there may be used for recording an FM
luminance signal having a center frequency of 5 or 7 MHz, a
PCM audio signal with a clock signal of 11.6 or 14.8 MHz, a
PCM multi-channel recording pilot signal with a frequency of
230 or 280 kHz, and an FM audio signal having a center
frequency of 1.5 or 1.7 MHz, as shown in Fig. 9, and all
these signals are detected upon play back in the apparatus
10. However, the frequencies of these signals are not
limited to the noted values. The band-pass frequency
characteristics of the band-pass filters of 42A, 42B, 433,
43B, 44A, 44B, 452 and 45B of the mode detect/control
section 16 may be selected in accordance with the
frequencies of the recorded signals, thus obtaining the same
effects as in the specifically described embodiment.

In the above-described embodiment, - the
bi~phase-mark modulation method and an 8-10 modulatiesn
process are employed for the PCM audio signal. However, the
present invention is not limited to the specified modulation
process, and may be applied to any other arrangement in
which digital data having different recording densities are
selectively recorded or played back.

Further, in the described embodiment, magnetic
tape is used as a recording medium, but it will be
appreciated that other recording media, such as a magnetic

disk, may be employed.
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Further, in the described ambodiment, the
invention is described as being applied to the recording and
play back of a PCM audio signal by an 8-mm VTR. However,
the invention may be widely applied to other apparatus
wherein magnetic recording media having different recording
densities of digital signals may be played back with
enhanced compatibility.

Having described a specific embodiment of the
invention with reference to the accompany drawing, it is to
be understood that the invention is not limited to that
precise embodiment, and that various changes and
modifications may be effected therein by one skilled in the
art without departing from the scope or spirit of the

invention as defined in the appended claims.
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THE CLAIMS DEFINING THE INVENTION ARE AS FOLLOWS:

1. Apparatus for reproducing an information -
signal recorded in-a plurality of successive parallel tracks
on a record medium and comprised of a video signal and at
least one audio signal from the group of a
frequency-modulated monaural audio signal,
frequency-modulated stereo audio signals, a standard
digitized audio signal and a high-quality digitized audio
signal, with the video signal and the frequency-modulated
audio signals being recorded only in a main section of each
track and the digitized audio signals being recorded at
least in an overscan section of each track, said apparatus
comprising:

transducer means for scanning said tracks to

reproduce said information signal recorded in said

.successive parallel tracks;

separation means for separating a signal
reproduced during scanning of the main section of each track
by said transducer means and a signal reproduced during
scanning of the overscan section of each track by said
transducer means;

frequency-modulated monaural audio signal
processing means connected to said separation means for

receiving said signal reproduced during scanning of said

main section of each track and having an output;
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frequency-modulated stereo audio signal processing
means connected to said separation means for also receiving
said signal reproduced during scanning of said main section
of each track and having an output:;

standard digitized audio signal processing means
connected to said separation means for receiving at least
said signal reproduced during scanning of said overscan
section of each track and having an output;

high-quality digitized audio signal processing
means connected to said separation means for also receiving
at least said signal reproduced during scanning of said
overscan section of each track and having an output;

frequency-modulated audio signal detecting means
connected to said separation means for detecting whether
said signal reproduced during said scanning of the main
section of each track includes said frequency-modulated
monaural audio signal or said frequency-modulated stereo
audio signals;

digitized audio signal detecting means for
detecting whether said signal reproduced during scanning of
said overscan section of each track includes said standard
digitized. audio signal or said high-quality digitized audio
signal, said digitized audio signal detecting means being
connected between said separation ineans and said standard

and high-quality digitized audio signal processing means;

ML R AT AT € 3
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selecting and controlling means for automatically
selecting an audio signal from among said frequency-modulated
monaural audio signal, said frequency-modulated stereo audio
signal, said standard digitized audio signal and said high-
quality digitized audio signal, in response to said frequency-
modulated audio signal detecting means and said digitized audio
signal detecting means;

audio output means; and

switching means controlled by said selecting and
controlling means for selectively connecting said outputs of
said frequency-modulated monaural audio signal processing
means, said frequency-modulated stereo audio signal processing
means, said standard digitized audio signal processing means
and said high-quality digitized audio signal processing means
to said audio output means.

2. Apparatus according to claim 1; in which said
selecting and controlling means ‘selects said high-quality
digitized audio signal when said digitized audio signal
detecting means detects said high-quality digitized audio
signal in said signal reproduced during said scanning of the
overscan section.

3. Apparatus according to claim 2; in which said
selecting means selects said standard digitized audio signal
when said digitized audio signal detecting means detects said
standard digitized audio signal.

teirny



4. Apparatus according to claim 1; in which said
high quality digitized audio signal has a higher sampling
clock frequency than said standard digitized audio signal,
and said digitized audio signal detecting means detects said
sampling clock frequency.

5. Apparatus according to claim 4; in which said
digital audio signal detecting means has first and second
band-pass filters having respective center frequencies
corresponding to said sampling clock frequencies of said
standard digitized audio signal and said high-quality
digitized audio signal, respectively.

6. Apparatus according to claim 4; in which said
frequency-modulated monaural audio signal has a first
carrier, said frequency-modulated stereo audio signals have
said first carrier and a second carrier, and said
N frqquency-modulated audio signal,de;ecting means detects
said firé£ and:second carriers.

7. Apparatus according to claim 6; in which said
frequency-modulated audio signal detecting means has first
and second band-pass filters having respective center
frequencies corresponding to frequencies of said first and
second rc~arriers, respectively.

8. Apparatus according to claim 1; in which said
video signal includes either a frequency-modulated standard
video signal having a first FM video center frequency or a

frequency-modulated high-quality video signal having a
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second FM video center frequency higher than said first
center frequency, and said apparatus further comprises:

frequenCy-modulated standard video signal
processing means connected to said separation means for
receiving said signal reproduced during scanning of said
main section of each track and having an output;

frequency-modulated high-quality video signal
processing means connected to said separation means for also
receiving said signal reproduced during scanning of said
main section of each track and having an output;

video signal detecting means for detecting whether
said video signal is said frequency-modulated standard video
signal or said frequency-modulated high-quality video

signal, said video signal detecting means being connected
between said separation means and said selecting and
controlling means;
. video output means; and

second switching means for switching a video
signal by selectively connecting said outputs of said
frequency-modulated standard video signal processing means
and said frequency-modulated high-quality video signal
processing means to said video output means, said second
switching means being controlled by said selecting and

controlling means.
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9. Apparatus according to claim 8; in which said
video signal detecting means detects said first and second
FM video center frequencies. -

10. Apparatus according to claim 9; in which said
video signal detecting means has first and second band-pass
filters having pass bands centered at said first FM video
center frequency and said second FM video center frequency,
respectively.

11. Apparatus according to claim 8; in which said
information signal includes a multi-track digitized audio
signal recorded on multiple portions of said main section of
each track as either said standard digitized audio signal or
said high-quality digitized audio signal, a first pilot
signal indicative of a multi-track standard digitized audio

signal and a second pilot signal indicative of a multi-track

. high quality digitized audio signal, and said apparatus

further comprises:

multi-track mode detecting means for detecting
said multi-track digitized audio signals by detecting said
first and second pilot signals, said multi-track detecting
means being connected to said separation means; and

in which said separation means are controlled by
said selecting and controlling means so as to selectively
supply the signals reproduced during scanning of said main
section and said overscan section to said standard digitized

audio signal processing means and to said high-quality

—48-



il

. MB

- 49 -

digitized audio signal processing means when said first and
second pilot signals, respectively, are detected.

12. Apparatus according to claim 11; in which said multi-
track mode detecting means includes first and second band-pass
filters having center frequencies corresponding to the
frequencies of said first and second pilot signals,
respectively.

13. Apparatus for reproducing an information signal
recorded in a plurality of successive parallel tracks on a
record medium and comprised of a video signal and at least one
audio signal, the apparatins substantially as herein described
with reference to and as illustrated in any one or more of the
accompany drawings.

Dated this 27th day of November 1991.

SONY CORPQRATION
By Its Patent Attorneys:

GRIFFITH HACK & CO.
Fellows Institute of Patent
Attorneys of Australia.
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