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2-CHANNEL PCM TAPE RECORDER FOR PROFESSIONAL USE

K. Tanaka, T. Furukawa, K. Ohnishi,
T. Inoue, S. Kunii, T. Sato
Products Development Lab.
Mitsubishi Electric Corporation
Tokyo, Japan

Abstract

2 channel PCM tape recorder employing stationary head for master-
ing recorder is developed. It has function of studio use along
with its digital quality. This paper describes its tape format,
error correcting scheme and function.

1 Introduction

It is already some ten years since PCF! tap'e recorders were
developed to improve the performance characteristics of mag-
netic recording. PCM tape recorders hitherto developed
fall generally into two categories: those using VTR-type
tape-drive mechanisms and rotary heads, and those using
the tape-drive mechanisms of conventional analogue tape
recorders and stationary heads. Each category has its own
particular advantages and disadvantages, but the stationary-
head PCM recorder, in view of the similarities of its method
of operation with that of conventional analogue recorders,
and its capabilities of read-after-write monitoring and of
tape-cut editing, will probably form the mainstream of
master recorders.

Here we introduce a new professional-type PCM tape recorder
developed by Mitsubishi Electric for record-cutting, broad-
casting, and for preparing PCM tapes for future use, using
6.3mm (¼") tape and 38cm/sec (1Sips) speed.

2. Features of the Main Unit

In addition to the high quality of the playback signal, a
PCM tape recorder for professional applications should also
possess certain other features. The new Mitsubishi unit
possesses the following distinctive features:

(1) Editing is possible. By its possession of a tape-cut
editing function, it enables editing without requiring
a second tape deck, and with the same general approach
as is used with conventional analogue equipment.

(2) There is minimal degration of the signal when dubbing.
PCM recordings are dubbed using digital techniques, so
the degradation of signal quality would generally be
expected to be less than that with analogue equipment,
but the presence of dirt, etc., on the tape surface
produces extraneous noise. The number of such extran-
eous noise signals will increase with the number of

times dubbing is performed unless these error signals
are corrected upon each occasion of playback. In this
new unit, a special error-correction code--the RSC
co_H_---has been newly developed virtually to eliminate
this effect.

(3) An emphasis function is provided. This, like the em-

phasis functions provided with conventional analogue
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recoders, has an on-off switch. If emphasis is used in
recording, the dynamic range can be expanded by a further
8dB.

4 A muting function is provided. If the muting switch is
depressed in the silent intervals between recordings,
a fixed digital pattern corresponding to OV DC is recorded,
ensuring that no digitalized noise is generated in the
silence, and improving the signal-to-noise ratio.

5 A dither function is provided. This also can be switched
on and off. When on, it adds an extremely low-level
white noise to the input. This reduces the distortion
that arises from the fact that very few bits are used to
record low-level signals.

6 A soft-clip function is provided. Clip noise can be re-
duced by switching on this diode-type soft-clip feature.

7 An advance signal is available. An advance signal is
provided for use in disc-cutting_

8) Authorized sampling frequency is used. The sampling fre-
quency of 44.05594kHz is the frequency authorized by the
Audio Engineering Society for PCM recordings for VTR-type
domestic tape recorders. Recordings can therefore be
accumulated for future software applications.

3. The Structure of the New Tape Recorder

3-1 External appearance of the unit

As will be clear from the photograph, the recorder features a
horizontal deck. It can be split into three separate units for
transport without the use of special tools, and then reassembled.
The control panel and the analogue section are in the upper
unit. Separating the analogue section in this way from the
digital section helps to isolate it from the digital noise that
can be generated in the digital circuits. The central unit
is the tape deck. The lower unit contains the digital section.
The deck, at 750mm, is just the right height for comfortable
editing in a seated position.

3-2 Circuit configuration

The block diagram of the circuit configuration is shown in
Fig. 1. The signal applied to left- and right-hand channels
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first passes through the LPF filters (to eliminate aliasing
noise), then passes through the sample-hold (S/H) units, Where
it is sampled at a frequency of 44.05594kHz and converted
to a pulse-amplitude modulation (PAM) signal. The output of
the S/H block is converted into a 14-bit or 15-bit PCM signal by
serial digitalization in the analogue-digital converters (A/D).
The RSC encoder then adds the error-correction code signal to
the PCM signal, and the resulting combined signal is split
into eight tracks as shown in Fig. 2. This means that the
data-transmission speed for each of the eight tracks can be
reduced to one-eighth that of the original seri_._ signal,
enabling recording at a tape speed of 38cm/sec of the PCM sig-
nal, and at the same time forming an extremely effective
error-correction code to be described below.

The PCM signal distributed between the eight tracks is sub-
jected to modified frequency modulation (MFM) and recorded on
the tape with a recording density of 693bit/mm (17,600bpi).
This very high data density requires the appropriate compensa-
tion to be applied to the recording current during recording
and to the playback signal during playback. The demodulated
MFM signal is completely freed from the effects of wow and
flutter in the time-base corrector (TBC)--a buffer memory--
and at the same time the eight parallel tracks are recombined
into one serial signal. At the output of the TBC, the RSC
decoder performs error correction, restoring the PCM signal
to its original, error-free form. The error-free signal nor-
mally passes directly through the tape-cut editor circuit to
the digital-analogue (D/A) converter. However, at the point
where a tape-join has been made using tape-cut editing, a very
large number of errors are generated. This enables the RSC
decoder to detect the positions of tape-joins, at which the
tape-cut editing circuit performs the editing function des-
cribed below. The signal that enters the D/A converter be-
comes a PAM signal, and on passing through the LPF on the
playback side, the original analogue signal is _econstituted.

The capstan rotation is servo _on'trolled on the basis of the
difference in phase between the PCM playback signal and the
basic reference signal in the recorder. This ensures
that the buffer memory responsible for eliminating the effects
of wow and flutter will not be swamped with differences too
great to compensate for: unless the pulses that enter the TBC
are a't least on average the same as the number of pulses
leaving it, the buffer memory will become empty or overflow.

As revealed in Fig. 2, two auxiliary analogue tracks are
provided outside the digital tracks. The analogue signals are
amplified and recorded by an auxiliary analogue system.
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4. Taps-Cut Editing

Both electronic and tape-cut editing are possible with PCM tape
recorders, but tape-cut editing has the following advantages:

1 Editing can be performed with a single PCM tape recorder.

2 Editing can be performed in much the same way as hitherto,
with conventional analogue tape recorders.

3 Unlike electronic editing, where a copy of the complete
tape, from beginning to end, must be made when editing
a single point in the middle of the tape, tape-cut editing
can be accomplished very quickly.

4 The efficiency of the utilization of PCM tape recorders
can be increased by marking the point to be cut and joined
on the back of the tape, after which it can be removed and
the actual editing performed on a conventional tape record-
er.

The above advantages are the reason for incorporating a tape-cut
editing facility in the present professional PCM tape recorder.

However, unless special measures are taken to guard against it,
the attempt to join PCM recordings--where playback is synchron-
ized with a crystal-oscillator clock--using'conventional tape-
cut techniques with existJng PCM stationary head decks, wil:l
cause pop noise at the join. This makes it impossible for
such editing to be performed during a performance. Thus, there
were several problems that had to be solved before the station-
ary head PCM tape recorder could be used for tape-cut editing.

(1) The synchronization of the PCH signal with the internal
clock makes it impossible to locate the starting point
by 'rocking.'

(2) When the phase of the internally generated standard pulses
is compared with the playback pulses to control capstan
rotation, a sudden discontinuity in the playback pulses
such as could be expected at a tape join would break the
synchronization of the servo-lock.

(3) The tension within the tape-transport mechanism is enough
to stretch the splicing tape so that a gap opens up in
the tape, generating so many error signals that the error-
correction circuits cannot cope with them.
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(4) The pattern of the recorded PCM signal on the tape is
such that the tape cut must be made square (i.e,, at
right angTes to the tape), and this means that the level
of the corresponding analogue signals will suffer a dis-
continuous jump.

The method of tape-cut editing with the recorder that we
have developed to overcome all the above problems consists of
first winding the tape at high speed to the vicinity of the
place to be edited, listening to the high-speed chatter to find
the place, then--in the stop mode--rocking the reels slowly
backwards and forwards using both hands, listening to find the
precise point. Then the back of the tape is marked, and an
editor and splicing tape are used to splice the tape. The
procedure is virtually identical with that used for conven-
tional tape-cut editing. There is no need to 'visualize' the
tape pattern, as there is with tape-cut editing of VTR-type
recordings. The following are the methods used to overcome
the various problems.

(1) Finding the place: as shown in Fig. 2, there are two
auxiliary analogue tracks on either side of the PCM
tracks, containing precisely the same program material.
During the rocking of the reels, it is only necessary to
listen to the output from the analogue tracks. They can
also be used similarly to give an advance signal when
cutting records.

(2) Coping with the discontinuity of the phase of the serve-
pulses: as shown in Fig. 3, the playback serve-pulses
are also used to derive a number of sub-serve-pulses,
(a), (b), and (c), at staggered phase--in this case at
120°. Normally, just one series of pulses from among
them is selected and used as the controlling serve-pulse
for comparison with the internally generated standard,
and for control of the capstan. By selecting the sub-
series closest to the serve-pulses immediately before
the splice, and adopting it as the new serve-pulse
series, the serve-control after the splice can continue
without any disruption of the phase-locked control, for
the deviation between the two pulse trains cannot, in
the present design, be more than ±60 ° , and thus the
serve-lock will not be broken. Fig. 4 shows how the
selective gate circuit operates. A phase-locked loop
with a long time constant is applied to the playback
serve-pulses, and the oscillator output of the PLL is
used to form the 9ate_ Even when there is a large dis-
continuity between the phase before and after the splice,
it continues briefly with the same phase as before the
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splice, then picking up the sub-series of servo-pulses
closest to it.

(3) Gaps at the splice: the very large volume of error
signals generated at a gap in the tape grossly overload
the error-correcting circuits, and correction becomes
impossible. We have therefore incorporated a memory
that eliminates the gap, in accordance with the principle
shown in Fig. 5. The horizontal _axis shows time, and
the vertical, sound level. Fig. 5a shows the region of
the major drop before it has been absorbed, and Fig. 5b
the result of absorption. This memory absorption is
achieved by putting a memory inside the editing circuit.
Normally the data that enters the memory leaves it again
after a fixed time delay. However, when a large number
of errors are detected, data briefly ceases to be written
into the memory. This, in effect, results in cutting out
the section with the many errors, as shown in Fig. 5b,
joining together the normal sections before and after
the defective section. The blank that arises within the

memory due to cutting out the portion with the many
drop-outs is eliminated by briefly raising the tape speed.
However, even under these circumstances the signal that
is read out from the memory is in synchronism with clock
pulses from the internal quartz-crystal oscillator, so
that the playback signal is completely free from wow and
flutter, and merely eliminates the section corresponding
to the gap.

(4) Changes in level at the splice: Fig. 6 shows in principle
how the measures that can be taken to eliminate these
discontinuous changes in audio signal level operate. Fig.
6a shows the difference in audio level that can result

from tape-cut editing. Fig. 6b shows the fade-in, fade-
out technique corresponding the slanting cut used when
editing analogue tapes, so that the volume immediately
before, and immediately after, the splice are brought
gradually together. In Fig. 6c, we see how the difference
can be eliminated by detecting the instant at which the
level after the spl$ce reaches exactly the level before
the splice, and delaying the actual 'join' until this
moment is reached. This is achieved in our recorder by
not recommencing to write the signal into the editing-
circuit memory immediately the error signal has cleared,
but only once the signal after the splice error signal
has reached exactly the same level as that immediately
before it, and with the trend in the level moving in the
same direction. In fact, however, there is rarely a
perfect match, and the circuit accepts a match that is
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within certain tolerances. Even then, if a close enough
match is not found within a certain time, the circuit
switches over automatically to a fade-in, fade-out tech-
nique. Photograph 2 shows the results of the two differ-
ent techniques in tape-cut editing of sine waves. The
upper of the two traces in each case is the output of
the D/A converter, and the lower is the output after it
has passed through the LPF. Photograph 3 shows the results
of splicing passages of actual music. An inspection would
appear to indicate the clear superiority of the method of
waiting for the instant of possible joining, but--dependent
upon the type of program material--this is not necessarily
so, and our tape recorder accordingly incorporates auto-
matic selection of the appropriate method in all cases.

5. The Error-Correctinq Code

PCM recordings are generally of very high density, and this
means that drop outs caused by dirt or defects on the tape
surface, and the methods adopted to deal with them, are of the
greatest importance. This is particularly so in professional
tape-recording machines, where the frequency of dubbing tends
to be rather high, for unless the errors were eliminated at
each stage, they would rapidly accumulate with successive
stages in the dubbing process. In the new Mitsubishi PCM tape
recorder, a newly developed error-correction code, RSC code,
has been adopted. It is generally characteristic of errors in
magnetic media that they tend to occur in bursts, with from
100 - 200bit errors comparatively frequent. According to Reiger's
boundar_ theorem, an error code of more than twice this length
would be required to e]iminate every error of such a burst, or
some 500 - 500bits. _ One commonly used technique is that of
interleaving, i.e., of dispersing the various elements of the
signal in a regular way before recording them. In this case,
even if errors occur in comparatively long blocks, when the
signal is reassembled upon playback, it will only be affected
from place to place, and the equivalent burst length will be
greatly reduced, considerably simplifying subsequent error
correction. I However, the use of tape-cut editing in this tape
recorder means that the signals previously recorded could never
be reassmbled. On the other hand, a consideration of the defects
in magnetic media also indicates.that when a number of t'racks
are recorded across the width of the tape, the errors (defects)
in each track tend to be more or less independent of those in
the other tracks, with very few occasions on which more than
one track is suffering from errors at the same time.
It follows that under circumstances where a block like that shown
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in Fig. 7 is adopted for the multitrack PCM recording, with a
transverse error-code configuration as shown, the result not
only is to make tape-cut editing possible, but also to give a
highly effective error-correcting code. Each block consists
of 252bits along the tape with eight tracks across it, with
each track having first a 1Obit flag, then a 1Obit synchron-
izing pulse, seven samples each of the left- and right-hand
channels, and finally a 16bit CRCC (cyclic redundancy check
code). Each sample consists of 15bits, or a 14bit series
which has the last bit = 0 at A/D conversion. In Fig, 7, 1L
refers to the first sample of the left-hand channel, and 1R
to the first sample of the right-hand channel, etc. Tracks
i to 6 carry the PCM signal, but tracks 7 and 8 carry the error
correction code. The 3bit divisions of each track are shown in
Fig. 8, forming a sub-block 3bits long and eight tracks wide,
constituting one' unit of a Reed-Solomon code _ These 3bits
are formed from a binary code, as shown in Table 1, where
their elements are 1, _, _2 ...... m s and where _ are the primitive
elements over GF(23), the roots of the primitive polynomial
x3 + x + 1 = O. Since the actual contents of the first six tracks

depend upon the PC_ signal, the ai for the i-th track will
be sometimes _ and sometimes e s . The generator matrix for
the Reed-Solomon code is

_10 0 0 0 0 m s 1+__'

0 i 0 0 O0 _'_ 1+_4

0 0 10 0 0 ms 1+_6
G

0 0 0 I 0 0 _2 1+_2

0000 10_ 3 l+a 3

000001_ 1+_

and the a7 a8 for tracks 7 and 8 are given by

6 i
a7 : _ aimi:1

a8 = i a
i= 1 i

The minimum distance of ,the Reed-Solomon code is 3, so that
errors within only one track will be 100% corrected, and when
errors arise in two tracks, if the tracks that are in error
can be identified from other methods, 100% correction is
still possible. The information as to which track contains
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errors can be derived, as shown in Fig. 7, from the CRC _ that
has been added. The power of this CRC to detect burst-type
errors is considerable. For 16 bits, in this tape recorder,
as long as tile burst length is less than 16 bits, all bursts
will be detected, and the rate of failure to detect burst
lengthslonger than this is only 2-_6. If errors occur in three
tracks or more, correction becomes impossible, but the fact
that errors are occurring can be identified, and error conceal-
ment can be performed. The efficiency of the RSC code is
extremely high, being 68% for a 16-bit CRC and 2-track correc-
tion signal. Table 2 gives some figures we have developed
mathematically from a model based on the rate of occurrence of
errors and the average burst lenqth. This indicates that the
incidence of tape errors iH normal usage is less than 10-4, a
fully adequate error concealment capability.

6. Performance

The specifications of this tape recorder are given in Table 3,
and the frequency response characteristics in Fig. 9. Fig. l0
gives the distortion vs. output.

7. Conclusions

The professional-type two-channel PCH tape recorder developed
by Mitsubishi Electric and described in outline above, possesses
not only the basic performance to satisfy all professional re-
quirements, but also satisfies the demand for ease and conve-
nience of use, although there is room for further improvement.
For instance, despite its undoubted convenience, tape-cut
editing alone is probably better supplemented by electronic
editing, and development of this feature is already under way.
On the other hand, the debut of an extremely high-performance
unit like this is a stimulus to the improvement of other elements
in the chain of recording and reproduction, including microphones
and speakers. We would also like to see ultrahigh-quality
digital mixing equipment that is nevertheless freely and conven-
iently usable. There may even be a need for review of certain
of the accepted practices in recording techniques.
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Photograph 1 External appearance
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Splice
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Fig. 3 Time chart

Generation of
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synchpulses __ F / pulses
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Fig. 4 Block diagram
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(a) When no action is taken

(b) Fade-in, fade-out

m

(c) Detection of point at which signal can be joined

Photograph 2 Signal joining for sine waves



(a) When no action is taken

I

(b) Fade-in, fade-out

(c) Detection of point at which signal can be joined

Photograph 3 Signal joining for an orchestral work
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Performance characteristics

Audiochannels 2 x PCM
2 x Aux audio

Frequencyresponse lOHz to 20kHz±0.5d8

Dynamicrange 84dB(for14bit)

Upperharmonicdistortion Less than 0.03%

Wowandflutter Limitedonlyby quartz-
crystal clock accuracy

-R-_ccor_duration lhrforlO"reel

Structural characteristics

Digitizationand no. of bits Natural binary (linear),
14 or 15 bits

Samplingfrequency 44.05594kHz

Magnetictape 6.3mmhigh-densitytape

Recordingtracks 8 x PCM
2 x Aux audio

693 bit/mm

Error-correctingmethod By RSC code

Functions

Editing Tape-cutandsplice

Emphasis Analoguetype
{withon/offswitch)

Soft clip Switchon/offtype_.........i

Dither Switchon/offtype ,

Muting Switchon/offtype...........
Readafterwritemonitor Available

i

Cueingadvancesignal Optionallyavailable i

Table 3 Specifications
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