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TITLE OF THE INVENTION . 

Magnetic Recording and Reproducing Apparatus and 

Method of Recording and Reproducing 

BACKGROUND OF THE INVENTION 

Field of the Invention 

The.present-lnvention relates to a magnetic recording 

and reproducing apparatus and to a method of recording and 
.·. 

reproducing~ More specifically, the presen~ invention 

relates to a magnetic recording and reproducing apparatus 

10 such as a digital audio recorder (hereinafter referred to 

as DAT) having rotary heads and recording audio signals 

and the like on a magnetic tape by converting the same 

into .successive digital signals and reproducing the 

recorded digital signals, and to a method of recording and 

15 reproducing. 

Description of the Background Art 

A DAT is disclosed in, for example, "The Outline of 

DAT standardization"·, Journal of Institute of Electronics, 

·Information and Communication Engineers of Japan, January, 

20 1987. 

Fig. 56 is a schematic block diagram showing a whole 

structure of such a conventional DAT. The structure of 

the DAT will be described with reference to Fig. 56. 

Analog audio signals of left and right channels are 

25 inputted to an analog· signal input terminal 1, and the 
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inputted analog audio signals are applied to a low pass 

filter (LPF) 2 to have the bandwidth restricted. The 

analog audio signals whose bandwidth is restricted are 

applied to an analog/digital converting circuit 

5 (hereinafter referred to as an A/D converting circuit) 3 

to be converted into digital audio signals. The digital 

audio signals are s·tored in a memory circuit 4. A coding 

circuit 5 is provided in relation to the memory circuit 4. 

The coding circuit 5 generates codes for detecting or 

10 correcting errors of the digital audio signals stored in 

the memory circuit 4. 

The digital audio signals read from the memory 

circuit 4 are applied to a modulating circuit 6 to be 

modulated. The modulated digital audio signals are 

15 amplified by a recording amplifier 7 to be applied to 

rotary heads 9 and 10 through a switching circuit 8 for 

switching between recording and reproducing. The rotary 

heads 9 and 10 are arranged on a rotary drum 11 having the 

diameter of 30 mm, spaced from each other by 180 deg. A 

20 magnetic tape 12 is wound around the rotary drum 11 at-the 

angle of 90 deg. The magnetic tape runs as a capstan (not 

shown) is rotated, and signals are recorded or reproduced 

by means of the rotary heads 9 and 10. 

The digital signals reproduced by the· rotary heads 9 

25 and·lO are applied to a reproducing amplifier 13 through 
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the switching circuit 8. The reproducing amplifier 13 

amplifies the reproduced digital audio signals to apply 

the same to a demodulating circuit 14. The demodulating 

circuit 14 is to demodulate the reproduced digital signals 

5 and applies the demodulated output to a memory circuit 15. 

·.· ... 

10 

A decoding circuit 16 is provided in relation to the 

memory circuit 15. The decoding circuit 16 carries out 

error correction and error detection of the reproduced 

digital audio signals. The reproduced digital audio 

signal~ read from·the memory circuit 15 are applied to a 

digital/analog converting circuit (hereinafter referred to 

as a D/A converting circuit) 17 to be converted into 

analog audio signals. The converted analog audio signals 

are outputted to analog signal output terminals 19 of left 

15 and right channels. 

A drum motor 21 is provided for rotating the rotary 

drum 11 and a capstan motor 22 is provided for rotating 

the capstan (not shown). Drum motor 21 and the capstan 

motor 22 have their speed of rotation controlled by a 

20 servo circuit 20. A microcomputer for processing· sub code 

signals (hereinafter referred to as a microcomputer) 23 is 

provided for processing sub code signals ·which are related 

to the audio signals as main signals. In relation to the 

mic~ocomputer 23, input keys 24 for setting input data or 

25 instructions and a display 25 for displaying the contents 
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of the sub code signals outputted from the microcomputer 

23 are provided. 

The DAT further comprises a digital input terminal 

through which digital audio data (which will be described 

5 later) are inputted directly from outside, and a digital 

output terminal 27 for directly outputting the digital 

audio data to the outside. The digital input terminal 26 

and the digital output terminal 27 are connected to a 

digital interface circuit 28. A clock generating circuit 

10 29 is further provided, ·which supplies clock signals 

15 

necessary for respective circuits. 

Fig. 57 schematically shows signals recorded on the 

magnetic tape 12 and Fig. 58 schematically shows signals 

recorded on 1 track. 

A helical track pattern 30 is recorded on the 

magnetic tape 12 by the rotary head (9) shown in Fig. 56, 

and a helical track pat~ern 31 is recorded by the rotary 

head 10. Linear track patterns 32 and 33 are recorded on 

both ends of the magnetic tape 12. The helical track 

20 patterns 30. and 31 comprise, as shown in Fig .. 58, ·a PCM 

signal area 36 on which the digital audio signals as main 

signals and testing signals for error.correction are 

recorded, sub code signal areas 34 and 38 on which sub 

code signals related to the main signals are recorded, and 

25 servo signal areas 35 and 37 on which servo controlling 
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signals are recorded. Areas recording signals of a 

prescribed frequency are provided between respective areas 

and on both ends of the track, so that the helical track 

is constituted by 196 blocks in total. 

The head width of the two rotary heads 9 and 10 is 

about 20 µ, and the azimuth angle between each other is 

20 deg. In normal recording and.reproducing, the rotary 

drum 11 is rotated constantly at 2000 rpm and the tape 

running speed is 8.15 mm/sec. Consequently, the pitch of 

10 the helical tracks becomes 13.6 µ. The helical track 

patterns 30 and 31 of Fig. 57 schematically show signals 

in ~he PCM signal area 36, w~ich include a testing signal 

Q for error correction and sampled Odd data and Even data 

of the left and right channels Land R of stereo signals. 

15 Now, the error correction code is completed in 1 track, 

and interleaving of the audio signals is adapted to be 

completed in 2 tracks. 

Fig. 59 shows a block format of the PCM signal area 

36 shown in Fig. 58, and Fig. 60 show structures of ID 

20 codes stored in the PCM signal block shown in Fig·. 59 .. 

Referring to Fig. 59, the block format of the PCM 

signal area 36·will be described. In 1 block of the PCM 

signal area 36, a synchronization signal 39, an ID code 

40, a block address 41 and a parity signal 42 for 

25 detecting errors in the ID code 40 and the block address 
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41 are recorded, each consisted of 8 bits. The block of 

the PCM signal area 36 further comprises an area 43 in 

which PCM data and a checking signal for error correction 

are recorded, which area 43 comprises 256 bits. 

s Therefore, l block of the PCM signal area 36 comprises 288 

bi.ts. In the recording area of the ID ·code 40, important 

information such as·· sampling frequency of the system is 

recorded. 

The format of recording such information will be 

10 described in the following with reference to Fig. 60. As 

shown in Fig. 60, 4 PCM signal blocks are used for 

recording various ID codes. The 4 PCM signal blocks 

include frame addresses 44 consisted of 4 bits. In Format 

ID 45, "00" is recorded when digital audio signals are to 

15 be recorded. Important information such as sampling 

frequency of the system is recorded in the data recording 

area in 2 bits in each of ID 1 to ID7. 

Fig. 61 shows bit assignment of the IDl to ID7 shown 

in Fig. 60. As shown in Fig. 61, the sampling frequency 

20 of the system is determined in accordance with the 

information of ID2. The DAT corresponds to three 

different sampling frequencies, that is, 48 kHz, 44.1 kHz 

and 32 kHz. 

Fig. 62 shows a block format of the sub code signal 

25 areas 34 and 38 shown in Fig. 58. As shown in Fig. 62, in 
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1 block of the sub code signal area, a synchronization 

signal 46, SUB IC code 47, a parity signal 48 for 

detecting errors in the SUB ID code 47, sub code data and 

a checking signal 49 for error correction are recorded. 

5 The areas of the synchronization signal 46 to the parity 

signal 48 are consisted of 32 bits, and the area in which 

the sub code data ·and the checking signal 49 for error 

correction are recorded is consisted of 256 bits. 

Therefore, the block of the sub code signal areas 34 and 

10 38 comprises 288 bits, as is the case of the PCM signal 

area 36. 

In the sub code signal areas 34 and 38, recorded are 

program start signals {signal indicative of the starting 

point of program), program number informatipn, time 

15 information and so on related to the audio signals 

recorded in the PCM signal area 36. 

Fig. 63 shows a signal format in which the program 

start signal, program number information and the like are 

recorded. In Fig. 63, the synchronization signal 46, the 

20 SUB ID code. 47, the parity signal 48, the sub code data 

and the checking signal 49 for error correction are the 

same as those shown in Fig. 62, so that the descrip~ion 

thereof is ·not repeated. Various sub code signals are 

recorded using 2 blocks of the sub code signal areas 34 

25 and 38. In an area SO, a.control ID is recorded, in which 
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the program start signal (defined as a start ID signal) 

and the like are recorded. In an area 51, a data ID is 

recorded, and when digital audio signals are to be 

recorded, "0000" is recorded. In an area 52, a pack ID is 

5 recorded which shows the number of packs (which will be 

described in detail later) recorded on the sub data 

recording area 49. In an area 53, the tune number 

information is recorded. In an area 54, block addresses 

of the sub code signal areas 34 and 38 are recorded. The 

10 area 55 is called a pack, which is constituted by 64 bits, 

in which pack the time information and the.like are 

recorded. A checking signal for error correction is 

recorded in an area 56. The positions of various sub code 

signals recorded in the areas 50 to 56 are det~rmined as 

15 shown in Fig. 63, and the sub code signal areas 34 and 38 

have the signal recording format completed in 2 blocks. 

Fig. 64 shows a pack format of the sub code signals 

and Fig. 65 shows PACK ITEM and the contents thereof. 

As shown in Fig. 64, the format of the pack 55 

20 includes a PACK ITEM recording area 57 showing the 

contents of the data stored in the pack, a PACK DATA 

recording area 58, and an area 59 in which parity signals 

for recording parity signals for detecting errors in the 

contents of the PACK ITEM recording area 57 and in the 

25 PACK DATA recording area 58 are recorded. 

- 8 -
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As shown in Fig. 65, the content of the data stored 

in the pack is determined corresponding to the PACK ITEM. 

One example of the information stored in the pack is shown 

in Figs. 66 and 67. In Fig. 66, the PACK ITEM 57 is 

5 "0001", which content is Program Time. In the example 

shown in Fig. 67, the PACK ITEM 57 is "0011", which is the 

Running Time recording format,· as is apparent from Fig. 

65. B3 of PC= 1 is set to·o. In the examples of the 

pack format shown in Figs. 66 and 67, the program number, 

10 index number, hour, minutes, second and frame number are 

recorded as pack data. As shown in Figs. 66 and 67, an 

area for recording the program number is also provided in 

the pack. 

Fig. 68 shows timing relation between recording and 

15 reproducing of audio signals and sub code signals. 

The operation of a conventional DAT will be described 

with reference to Figs. 56 and 68. In Fig. 56, the analog 

audi.o signals of 2 channels, that is, the left and right 

channels, inputted to the analog signal input terminal 1 

20 have their frequency bandwidth restricted by "the low pass 

filter 2, and they are applied to the A/D converting 

circuit 3 to be converted into digital audio signals WLn' 

WRn (n = O, 1, 2 ... ). The reference character n shows the 

order of sampling. The signals of the left and right 

25 channels are sampled alternately to be successively 
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outputted as WL0 , WR0 , WL1 , ... to be temporarily stored in 

the memory circuit 4. The samples are read from memory 

circuit 4 in accordance with an order as needed to be 

applied to the coding circuit S. The coding circuit 5 

5 adds error correcting codes and error detecting codes to 

the read samples and writes the same again the memory 

circuit 4. 

Meanwhile, when the sub code is designated by the 

input key 24, the designated sub code signal is generated 

10 by the microcomputer 23 and is applied to the memory 

circuit 4 to be temporarily stored therein. The sub code 

signals are also read in accordance with a prescribed the 

order to be applied to the coding circuit 5, at which the 

error correcting codes and error detecting codes are added 

15 thereto, and the resulting signals are again written in 

the memory circuit 4. The microcomputer 23 applies the 

contents of the sub code signals to be recorded to the 

display apparatus 25 so as to display the same. 

The data again written in the memory circuit 4 are 

20 applied to the modulating circuit 6 in which ·the data are 

converted into a series of data suitable for recording on 

the magnetic tape 12, and the data are amplified by the 

recording amplifier 7. Thereafter, they are recorded on 

the magnetic tape 12 by means of the two rotary heads 9 

25 and 10, through the switching circuit 8. In actual use, 
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the memory circuit. 4 is divided into two groups. While 

sampling of digital audio signals and writing of sub code 

signals are carried out in one group, coding and reading 

are carried out in the other group. The manner of 

operation is dis.closed in the timing diagram of Fig. 68. 

As described above, the magnetic tape 12 is wound 

around the rotary drwn 11 with the angle of 90 deg, and 

the recording and reproducing are carried out by two 

rotary heads 9 and 10. Therefore, in the recording and 

10 reproducing waveforms, the signal recording and 

reproducing section of 90 deg each and the interval 

sections of 90 deg ·each exist alternately, as shown in 

Fig. -68 (62). The signal recording and reproducing 

section of 90 deg corresponds to the recording and 

15 reproduction of 1 scanning. As shown in Fig. 68 (60), 

samples of the digital audio signals at the time Tn are 

written in one group of the memory circuit 4 in the period 

Tn WT, so that samples of 2 scannings are stored. 

Thereafter, in the first 1/4 (Tn EN1 period of Fig. 68) at 

20 the beginning of _the period Tn + 1, signals of 1 scanning 

are encoded, and they are read in the succeeding period 

TnRD1 . The remaining signals of 1 scanning are encoded in 

the period TnEN2 and read in the period Tn RD2 . Namely, 

the digital audio signals sampled in the period Tn are 
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recorded on the magnetic tape 12 delayed by 360 deg 

(corresponding to one rotation of the rotary drum 11). 

As shown in Fig. 68 (61), the sub code signals 

outputted from the microcomputer 23 in the period T 
n 

5 (former half of the period Tn) are written in the memory 

circuit 4 in the period Tm WT, encoded in the succeeding 

period Tn EN, and read in the period Tm RD. Namely, the 

sub codes signals are recorded on the magnetic tape 12 

delayed by 180 deg (corresponding to 1/2 rotation of the 

10 rotary drum). Referring to the recording and reproducing 

signals shown in Fig. 68(62), the reference numeral Tn in 

the numerator part of the fraction shows that audio 

signals of the period Tn are included, and the reference 

character Tm in the denominator part shows.that the sub 

15 code signals of the period Tm are included. 

In reproduction, the switching circuit 8 is switched 

to the reproducing side, and the signals are reproduced 

from the magnetic tape 12 by means of the rotary heads 9 

an~ 10 to be applied to the reproducing amplifier 13. The 

20 reproducing amplifier 13 amplifies the applied signals ·and 

applies the same to the servo circuit 20 and to the 

demodulating circuit 14. The servo circuit 20 generates a 

tracking error signal based on the servo controlling 

signal recorded on the servo signal areas 35 and 37 to 

25 control the speed of rotation of the capstan motor 22 so 

- 12 
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as to enable accurate tracking. The demodulating circuit 

14 demodulates the reproduced signals to the original base 

band signals which are successively stored in the memory 

circuit 15. 

s The digital signals stored in the memory circuit 15 

are read in an order as needed to be applied to the 

decoding circuit, in which correction, detection and 

compen.sation of· errors are carried out by the decoding of 

the error correcting codes, and the signals are again 

10 written in the memory circuit 15. The samples of the 

digital audio signals with error corrected and compensated 

are outputted to the D/A converting circuit 17 or to the 

digital interface circuit 28. The D/A converting circuit 

17 converts the digital audio signals into the original 

15 analog audio signals. The analog audio signals have the 

unnecessary frequency components removed by the low pass 

filter 18, and the analog audio signals of the left and 

right channels are outputted from respective analog signal 

output terminals 19. 

20 The digital interface circuit 28 convert·s the sample 

with errors corrected and compensated into prescribed 

format_s to output the same from the digital output 

terminal 27. 

The contents of the demodulated sub code signals are 

25 displayed on the displaying apparatus 25 by the 
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microcomputer 23. As is the memory circuit 4 for 

recording, the memory circuit 15 is divided into two 

groups in actual use, and while writing and decoding are 

carried out in one group, reading is carried out in the 

5 other group. The manner of operation is shown in Fig. 68 

(62) to (64). As shown in Fig. 68 (63), the samples o! 
the first 1 scanning of the audio signals in the period 

T 1 out of the reproduced signals are written in the n-
memory circuit 15 temporarily in the period Tn_1wT1 , and 

10 recorded in the pause interval period of 90 deg 

represented as Tn_1oE1 to be stored again in the memory 

circuit 15. Thereafter, in the period Tn_1wT2 , the 

remaining 1 scan samples are written in the memory circuit 

15, and they are decoded in the next period Tn_1DE2 to be 

15 stored in the memory circuit 15. The stored samples of 2 

scannings are read from the memory circuit 15 in the 

succeeding period T 1RD to be applied to 'the D/A n-
converting circuit 17 or to the digital interface circuit 

28 .. Namely, the samples of the reproduced digital audio 

20 signals are outputted to the outside delayed·by 360 deg. 

As shown in Fig. 68, the sub code signals in the 

period Tm-l of the reproduced signals.are written in the 

memory circuit 15 in the period Tm-l WT, and decoded in 

the period Tm_1DE to be again stored in the memory circuit 

25 15. Thereafter, the sub code signals are read from the 
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memory circuit 15 in the period Tm_1RD to be applied to 

the microcomputer 23. Therefore, the contents of the 

repr.oduced sub code signals are displayed on the 

displaying apparatus 25 delayed by 180 deg. 

Now, the digital data inputted to the digital input 

terminal 26 shown in Fig. 56 are determined as the digital 

audio interface forniat by the standard CP-340 of the 

Electronic Industries Association of Japan or by the IEC 

(International Electrotechnical Commission) standard 

10 IEC958. -Such a format will be describeq in the following. 

15 

Fig. 69 shows signal structure of a sub frame of the 

digital audio interface format, Fig. 70 shows a format for 

trans~itting signals of 2 channels, and Fig. 71 shows a 

channel status data format for professional use. 

Referring to Fig. 69, 1 word of audio signals is 

transmitted as a sub frame having 32 bits. The sub frame 

comprises a synchronizing preamble 101, a auxiliary signal 

102, an audio signal 103, a validity flag (V) 104 

indicative of the reliability of the audio signal 103, a 

2o user data bit (U) 105, a channel status bit 106 (C) and- a 

parity bit (P) 107. 

When the sub frame such as shown in Fig. 69 is to be 

transmitted as the signals of 2 channels, 1 frame is 

formed by two sub frames, that is, the channel 1 and the 

25 channel 2, as shown in Fig. 70, and 1 block is formed by 
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192 frames. In order to identify the starting point and 

the channels of each block, three different synchronizing 

preambles v, M and W are used. The synchronizing preamble 

B is used for the sub frame channel 1 at the head of the 

5 block. The synchronizing preamble M is used for the sub 

frame of the remaining channel 1. The-synchronizing 

preamble W is used for all the sub frames of the channel 

2. 1 block of the channel status data is formed of 192 

channel status bits 106. The first bit of each block is 

10 transmitted in a frame which starts with the synchronizing 

preamble B. 

The block format of the channel status data for 

professional use is structured as shown in Fig. 71. This 

format further includes information having close relation 

15 to the audio signals such as emphasis, sampling frequency 

and the like,. time information such as time-of-day code 

and local sample address code. Two pieces of different 

time information are the time information of the audio 

data transmitted by the frame starting with the 

20 synchronizing preamble "B" shown in Fig. 70 and high 

accurate edition sample by sample is enabled, as the 

information have the sample accuracy. 

The signals of the above described format are applied 

to the digital interface circuit 28 through the digital 

25 input terminal 26 shown in Fig. 56. The digital interface 
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circuit 28 extracts the audio data and the channel status 

data from the inputted signals to output the same. The 

outputted audio data are applied to the memory circuit 4, 

the same processing as in the recording of the analog 

5 input signals described above are carried out, and the 

data are recorded on the magnetic tape 12. Important 

information such as.emphasis of the channel status data, 

the sampling frequency and the like are applied to the 

microcomputer 23 to be stored in the PCM ID. of the DAT. 

10 At the same time, the dig~tal interface circuit 28 

controls the clock generating circuit 29 to generate 

synchronized clock signals, in order to accurately input 

the e-xt"ernal digital data. 

The conventional DAT operates as descr~bed above to 

15 record and to reproduce digital audio signals. However, 

connections to other AV equipments such as video tape 

recorders other than the DAT have not been considered. It 

is especially difficult to operate the DAT for 

professional use in synchronization with other AV devices 

20 for professional use such as VTRs. 

Generally, in editing video tapes or the like, it is 

essential to recognize the position of the edited tape. 

Especially in electronic edition, handling of~the edited 

tape position is the important problem in driving the 

25 system. For this purpose, recording and utilization of 
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time codes such as second address or frame address on the 

cue track as position information on the tape have been 

proposed and determined as IEC standard: IEC 461. 

Fig. 72 shows the frame format of the standard 

s SMPTE/EBU/Film time code, and Fig. 73 show frame 

frequencies of various time code signals-and of the DAT. 

The SMPTE/EBU/film time code will be described with 

reference to Fig. 72. The time code is mainly used for 

the television system, and hour, minutes, second and frame 

10 are assigned to the respective television frames. The 

time code comprises 80 bits per each frame, the value of 

each of the hour, minute, second and frame of the time 

code .is represented in the decimal notation, the first 

digit and the 2nd digit of each value are separately 

15 converted into binary coded decimal code to be altered to 

the respective bits. 

In the SMPTE time code, the frame value has numbers 

starting from 00 frame to 29 frame. The frame frequency 

is 30 Hz and 29.97 Hz as shown in Fig. 73. A drop frame 

20 · mode and a non drop frame mode _are prepared for respective 

frequencies. The frame frequencies of the EBU time code 

and of the Film time code are 25 Hz and 24 Hz, 

respectively, and the frame value are numbered from 00 

frame to 24 frame and from 00 frame to 23 frame, 

25 r~spectively. 
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As shown in Fig. 73, the frame frequencies of the 

SMPTE/EBU/Film time code are different from the frame 

frequency of the DAT. Therefore, it is difficult to 

record the SMPTE/EBU/Film time code directly on the 

s magnetic tape 12 by means of the rotary heads of the DAT. 

In order to .solve such a problem, direct recording 

and reproducing of .the time code by using a fixed head on 

the linear track 32 or 33 shown in Fig. 57 has been 

proposed. However, if a fixed head is provided in the 

10 tape transport mechanism, the structure becomes 

complicated, and it becomes necessary to accurately 

maintain the positional relation between the rotary head 

12 and the fixed head. The linear tracks 32 and 33 are 

positioned on both ends of the magnetic tape 12, so that 

15 they are easily damaged, reducing the reliability of the 

time code data. As described above,'the tape running 

speed is as slow as 8.15 mm/sec, so that the recording and 

reproducing· of the signals are difficult. Now, one of the 

features of DAT is a high speed searching f~nction using 

20 the sub code signals, the speed of which is more than 200 

times normal speed. However, when the tape running speed 

is increased, the time code recorded on the linear tracks 

~2 and 33 cannot provide the signals, and therefore high 

speed search by the time code becomes impossible. 

- 19 -
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In addition, as described above, information having 

close relation to the audio signals such as emphasize, 

sampling frequency and the like as well as time 

information such as local sample address code and time 

5 code are included in the channel status data for 

professional use transmitted by the digital audio 

interface format. Synchronized operation with other AV . 

equipments for professional use and electronic edition can 

be carried out by using information. However, in the 

10 conventional DAT shown in Fig. 56, recording of 

alphanumeric data, local sample address code or of the 

time-of-day code transmitted in the channel status data 

has not been taken into consideration. 

SUMMARY OF THE INVENTION 

l5 Therefore, a first object of the present invention to 

provide a magnetic recording and reproducing apparatus 

capable of readily carrying out recording and reproducing 

of time codes, by setting rules for conversion for 

recording and reproducing time codes on and from the sub 

20 code signal areas of-the helical track by means of the­

rotary heads, even if the frame frequencies are different, 

and to provide the method of recording and reproducing 

therefor. 

A second object of the present ·invention is to 

25 provide a magnetic recording and reproducing apparatus and 

- 20 -
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method of recording and reproducing therefor, in which the 

channel status data transmitted in the digital audio 

interface format are recorded and reproduced to enable 

synchronized operation with other AV equipments for 

5 professional use and to enable electronic edition. 

Briefly stated, the present invention is a magnetic· 

tape recording and reproducing apparatus in which inputted 

main signals are divided at every unit time, the divided 

main signals are signal processed as 1 frame data to be 

10 recorded on a prescribed area of a·magnetic tape, sub 

signals are recorded on an area different from the area of 

the main signals on the magnetic tape, and the recorded 

main signals and sub signals are reproduced. When time 

code signals having a frame period different from that of 

15 the main signals are inputted, first time information 

included in the time code signals and information other 

than the time information are extracted. Phase difference 

between the point of change between frames of the main 

signals and the point of change between the frames of the· 

20 ·time code signals is detected by clock signals hav·ing the 

same frequency as the sampling frequency of the.main 

signals. In recording, a second time information having a 

unit time as a minimum unit is extracted in response to 

the extracted first time information and to the detected 

25 phase difference information. An initial phase 
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information between the head of the frame serving as the 

reference for the time code signals and the head of the 

frame of the main signals, at which the frame serving as 

the reference for the time code signal is positioned, is 

5 calculated. The calculated second time information, the 

initial phase difference information, information other 

than the extracted ·time information and frequency 

identifying· information indicative of the frequency of the 

clock signals used for detecting the phase difference 

10 information are recorded in the sub signal recording area. 

In reproduction, the second time information, the initial 

phase difference information, information other than the 

time ~nf ormation and the frequency identifying information 

recorded in the sub signal recording areas are reproduced. 

15 The first time information and the phase difference 

.information are calculated in response to the second time 

information and the initial phase difference information. 

Series of data of a prescribed transmission format of the 

time code signals are composed in_ response to the 

20 calculated first time information and to the ·reproduced 

information other than the time information, and a series 

of data of the time code signals composed are outputted in 

response to the calculated phase difference information. 

In accordance with the present invention, the time 

25 information included in the time code signals having 
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different frame period from the main and sub signals may 

be recorded and reproduced, together with the phase 

difference information, on the sub signal recording areas 

of a magnetic tape. Therefore, when the presenc invention 

5 is applied to a digital audio tape recorder, for example, 

high speed· searching function can be fully utilized, and 

drawing time for driving the digital audio tape·recorded 

with audio and visual devices for professional use can be 

reduced. 

10 In another aspect, a sub frame including at least 1 

word of second main signals and 1 bit of auxiliary data is 

treated as a unit of transmission, n sub frames form one 

block, the.auxiliary data form at least one information 

block by block, and a series of digital signals are · 

15 transmitted in a format including address information 

corresponding to the second main signals transmitted by 

the sub frames to which the head bit of the auxiliary data 

word is transmitted. The second.main signals and the 

auxiliary data are extracted from the series of digital 

20 signals. A phase difference between the point of change 

of the first main signal frames and the point of change of 

the blocks of the series of digital signals positioned at 

the head of the frame of the main signal is detected. In 

recording, second address information corresponding to the 

25 first word of the frame is calculated based on the 
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detected phase difference information and on the first 

address information transmitted in a block of the series 

of· digital signals positioned at the head of the frame of 

the first main signal. Time information using the unit 

s time as the minimum unit and the fraction smaller than the 

unit time are calculated from the second address 

information, and the calculated time information and the 

fraction number are recorded in a sub signal recording 

area. In reproduction,· the time information and the 

10 fraction number recorded in the sub signal recording area 

are reproduced, the second address information is 

calculated based on the time information and the fraction 

number, and the calculated second address information and 

the first main signals are outputted as the series of 

15 digital signals. 

Therefore, in accordance with this aspect of the 

present invention, second address information is 

calculated from the second main signals extracted from the 

series of digital signals, the detected phase difference 

20 information and on the first address informat·ion, .··and the 

time information and the fraction number can be calculated 

from the address information to be recorded or reproduced 

to and from the magnetic tape. 

In accordance with a further aspect of the present 

25 ··invention, time code signals having frame period different 
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from that of the main signals are inputted, and the first 

time information and other information included in the 

time code· signals are extracted. A phase difference 

between the point of change of the frames of the main 

5 signals and the point of change of the frames of the time 

code signals is detected by clock signals having the same 

frequency as the sampling frequency of the main signals. 

In recording, second time information using the unit time 

as the minimum unit is calculated based on the extracted 

10 first time information and the detected phase difference. 

information, and initial phase difference information 

between the head of the frame serving us a reference for 

the time code signals and the head of the frame of the 

main signal, at which the frame serving as the reference 

15 for the time code signal is positioned, is calculated. 

The ~alculated second time inf_ormation, the initial phase 

difference information, extracted information other than 

the time information, and the frequency identifying 

information indicative of the frequency of the clock 

20 signals used.for detecting the phase difference 

information are recorded in sub signal recording areas of 

the magnetic tape. In reproduction, such information is 

reproduced, the first time information and the phase 

difference information are calculated based on the 

25 reproduced second time information and on the initial 
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phase difference information, a series of data of the 

prescribed transmission format of the time code signals 
.. 

are formed based on the information, and the series of 

data of the time code signals are outputted in response to 

s the calculated phase difference information. 

Therefore, in accordance with the present invention, 

since phase difference information is detected by using 

clock signals having the same ~requency as the sampling 

frequency of the main signals, the phase difference 

10 information can be made equal to the number of samples, 

whereby th~ accuracy in sample unit which is essential in 

recording time code can be assured, enabling synchronized 

operation and edition sample by sample. 

The foregoing and other objects, features, aspects 

15 and advantages of the present invention will become more 

apparent from the following detailed description of the 

present invention when taken in conjunction with the 

accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

20 Fig. 1 is a schematic block diagram of a first 

embodiment of the present invention; 
. . .. 

Fig. ·2 is:· a. timing diagram showing. operation of the 

first embodiment of the present invention; 

Figs. 3A and 3B are flow charts showing the operation 

25 of the first embodiment of the present invention; 
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Figs. 4, 5 and 6 show examples of recording formats 

of sub code packs used in the first embodiment of the 

present invention; 

Fig. 7 is timing diagram showing the operation of a 

s second embodiment of the present invention; 

Figs. 8 ·and 9 show examples of recording formats of 

sub code packs used· in the second embodiment of the 

present invention; 

Figs. 10 and 11 show examples of recording formats of 

10 the sub code packs used in the third embodiment of the 

present invention; 

Fig. 12 is a schematic block diagram showing a fourth 

embodiment of the present invention; 

Fig. 13 shows an example of recording format of a sub 

15 code pack used in the fourth embodiment of the present 

invention; 

Fig. 14 is a schematic block diagram of a fifth 

embodiment of the present invention; 

Fig. 15 shows a relation between digital audio 

20 interface blocks and DAT frames inputted in the fifth 

embodiment of the present invention; 

Figs. 16 to 21 show examples of recording formats of 

sub code packs used in the fifth embodiment of the present 

invention; 
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Figs. 22 to 25 show examples of recording formats of 

the sub code packs in which channel status data are 

further divided byte by byte; 

Fig. 26 is a schematic block diagram of an apparatus 

5 for realizing a sixth embodiment; 

Figs. 27A and 27B are flow charts showing the 

operation of the sixth embodiment shown in Fig. 26; 

Figs. 28 and 29 show examples of recording formats of 

sub code packs used in the sixth embodiment; 

10 Figs. 30 and 31 show examples of other pack formats 

for recording time-of-day code; 

Figs. 32 .and 33 show other examples of pack formats 

for recording local sample address codes; 

Figs. 34 is a timing diagram showing a relation 

15 between inputted channel status· data blocks and PCM 

frames; 

Figs. 35 to 38 show examples of recording formats of 

packs for recording all alphanumeric channel origin data 

and alphanumeric channel destination data; 

20 Fig. 39 shows an example of a pack format for 

recording information related to the time; 

Figs. 40 to 44 show examples of pack formats for 

recording information other than the time information; 

Fig. 45 shows a relation between the SMPTE/EBU/Film 

25 time code frames and the digital audio interface blocks 
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when the SMPTE/EBU/Film time code is to be converted into 

the digital audio interface time code; 

Fig. 46 shows a relation between the digital audio 

interface block and the SMPTE/EBU/Film time code frame, 

s when the digital audio time code is to be converted into 

the SMPTE/EBU/Film time code; 

Fig. 47 shows a relation between the frame frequency 

and the sampling frequency; 

Fig. 48 shows number of samples in each.frame of t~e 

10 SMPTE/EBU/Film time code frame at respective sampling 

frequency; 

15 

Figs. -4~ and 50 show, on time base, a relation 

between the SMPTE/EBU/Film time code frame and the digital 

audio interface block; 

Fig. 51 is a schematic block diagram of an eighth 

embodiment; 

Figs. 52A and 52B are flow charts showing specific 

operation of the eighth embodiment of the present 

invention; 

20 Figs. 53.and 54 are timing diagrams showing the 

operation of the eighth embodiment; 

Fig. 55 shows a pack format in which PC3 to PC7 are 

used as user data recording areas; 

Fig. 56 is a schematic block diagram showing a whole 

25 structure of a conventional DAT; 
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5 

Fig. 57 schematically shows signals recorded on the 

magnetic tape; 

Fig. 58 schematically shows signals recorded on 1 

track; 

Fig. 59 shows a block format of the PCM signal area 

shown in Fig. 58; 

Fig. 60 shows a structure of an ID code stored in the 

PCM signal block shown in Fig. 59; 

Fig. 61 bit assignment of IDl to ID7 shown in Fig. 

10 59; 

15 

Fig. 62 shows a block format of the sub code area 

shown in Fig. 58; 

·Fig. 63 shows a pack format of the sub code signals 

recorded in the sub code signal area; 

Fig. 64 shows a pack format of the sub code signals; 

Fig. 65 shows PACK ITEM and the contents therein; 

Figs. 66 and 67 show a pack format for recording 

running time; 

Fig. 68 shows timing relation between recording and 

20 reproducing of audio signals and the sub code· signals; -

Fig. 69 shows signal structure of the sub frame of 

the digital audio interface format; 

Fig. 70 shows a format for transmitting signals of 2 

channels; 

- 30 -. . 
This Sheet Has Been Replaced 

' 111llll lllll1 llll 11l 111l 



5 

Fig. 71 shows a channel status data format for 

professional use; 

Fig. 70 shows standardized SMPTE/EBU/Film Time code 

frame format; and 

Fig. 73 shows various time code signals and DAT frame 

frequency. 

DESCRIPTION OF THE ·PREFERRED EMBODIMENTS 

Fig. 1 is a schematic block diagram of a first 

embodiment of the present invention. The DAT shown in 

10 Fig. 1 has the following components added to the 

conventional DAT shown in Fig. 56. Namely~ a time code 

signal is inputt·ed from outside . to a TC signal input 

terminal 71. The time code signal is applied to the 

demodulating circuit 72 to be demodulated, and a frame 
-

15 clock signal 73, a bit clock signal and time code data are 

extracted therefrom. The bit.clock signal and the time 

code data extracted by the demodulating circuit 72 are 

applied to the microcomputer 23. 

Although not shown, a phase difference detecting 

20 circuit 74 comprises a counter circuit and a·latch 

circuit, receives a reference signal 77 for recording 

25 

outputted from the clock generating circuit 29 and a count 

clock signal 79, and detects phase difference between the 

reference sigrial 77 and the frame clock signal 73. The 

phase difference ~. detected by the phase difference 
J. 
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detecting circuit 74 is applied to the microcomputer 23. 

A base band time code signal is applied from the 

microcomputer 23 to the modulating circuit 75, so that the 

time code signal is modulated. The modulated time code 

5 signal is outputted to the outside from the TC signal 

output terminal 76. 

10 

Fig. 2 is a timing diagram showing operation of the 

first embodiment of the present invention and Figs. 3A and 

3B are flow charts thereof. 

Specific operation of the first embodiment of the 

present invention will be described in the following with 

reference to Figs. 1 to 3B. Referring to Fig. 2, the time 

code-signal BO as shown in Fig. 2 is inputted from the TC 

signal input terminal 71. The reference characters TCi' 

15 TCi + 1 ... of the time code signal BO represent numbers 

of the time code signals BO frame by frame. In recording, 

the inputted time code signal 80 is demodulated by the 

demodulating circuit 72, and the frame clock signal 73, 

the bit clock signal and time code data are extracted 

20 therefrom. The frame clock signal 73 is applied to the 

clock generating circuit 29 and to the phase difference 

detecting circuit 74. The bit clock signal and the time 

code data are applied to the microcomputer 23. The 

microcomputer 23 takes the time code data in response to 

25 the bit clock signal. The reference characters DTj, DTj + 
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1 ... of the inputted audio si~nals 81 shown in Fig. 2 

represent numbers of the DAT frames divided by the 

reference signals 77 for recording outputted from the 

clock generating circuit 29. The phase difference 

5 detecting circuit 74 resets a counter circuit contained 

therein at the falling edge of the reference signal 77 for 

recording, and immediately thereafter counts up the 

counter circuit by the count clock signal 7.9, and at the 

rise of the frame clock signal 73 of the succeeding time 

10 code signal, the counted value of the counter circuit is 

latched by a latch circuit contained therein. The counted 

value latched by the latch circuit is irnrnediately applied 

to tne microcomputer. as the phase difference information 

~i from the point of change of the DAT frame {falling 

15 edge of the reference signal 77.for recording) to the 

point of change of the time code frame {rising edge of the 

fame clock signal 73). The microcomputer 23 assigns the 

inputted time code data and the phase difference 

information ~i to a sub code pack to apply the same to the 

20 memory circuit 4. 

Figs. 4 to 6 show examples of recording formats of 

the sub code packs used in the first embodiment. As shown 

in Fig. 72, the time code signal has 1 frame consisted by 

80 bits, 16 bits of which are synchronization signals. 

25 Therefore, the· information of the remaining 64 bits are to 
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be recorded by assigning the same to packs. The sub code 

pack of the DAT comprise 64 bits as shown in Fig. 64, and 

the PACK DATA area 58 capable of recording data comprises 

52 bits. Therefore, two packs are necessary for recording 

s ·the contents of the time code signal. In assigning the 64 

bit information of the time code signal to two packs, the 

information transmitted in 1 frame of the time code should 

preferably be divided into time information and other 

information to be assigned to separate packs, in view of 

10 the high speed search by the time code. 

For this purpose, in this embodiment, the time 

information in the time code signal is assigned to the sub 

code -pack defined by PACK ITEM "1001" as shown in Fig. 4, 

and various flag bits (TCS to TCO) and USER Group data in 

15 the time code signal are assigned to the sub code pack 

defined as PACK ITEM "1010", as shown in Fig. S. In 

addition to time information, identification flags (TS to 

Tl) indicative of the types of the time code, 

identification flag (SD) indicative of the attribute of TC 

20 FRAME recorded in PC7, and the phase difference 

information ~i detected by the phase difference detecting 

circuit 74 are·recorded in the PACK ITEM "1001". The SD 

flag indicates whether or not the same TC FRAME nwnber as 

the preceding DAT frame is recorded. 
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In addition to the various flag bits (TCS to TCO) and 

the USER Group data, the TC FRAME and the identification 

flag SD indicative of the attribute thereof are recorded 

in the sub code pack defined by the PACK ITEM "1010" shown 

5 in Fig. S. The TC frame number is recorded -in this·manner 

10 

in order to recognize.to which frame the USER Group data 

written in the PACK ITEM "1010" correspond, since the 

contents of one time code frame are recorded in two 

separate packs. 

In the foregoing, the contents of the one time code 

frame are divided into two packs by using two PACK ITEMs. 

When only one PACK ITEM is used for recording the time 

code -signal, the combination of the pack is as shown in 

Figs. 4 and 6. Referring to Fig. 6, the PACK ITEM is 

15 "1001", and identification of the recorded information is 

20 

realized by B3 of the PC!. Namely, if B3 = O, then time 

information and the like are recorded. If B3 = 1, then 

the USER Group data and the like are recorded. 

Referring to Fig. 2, the reference characters DTj' 

of the recording and reproducing signal waveform 82 

represent the frame numbers of the audio signals at the 

time of input, and the characters TC., ... and •.. T ..•. 
i i 

represent the frame numbers of the time code signals at 

the time of input and the detected phase difference 

25 information, respectively. The audio signal 81 from DTj 
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is recorded on the magnetic tape 12 delayed by 360 deg, as 

describ~d above. In the period DTj'_ the content of the 

TCi80 has· been read and the phase difference information 

~. has been measured, so that TC. and ~. are recorded on 
l. l. l. 

5 the sub code signal area of the same track as the audio 

10 

15 

signal DTj. In the period DTj + 1 , TCi + 1 and ~i + 1 

have not yet been known, so that the same TC.,~. as the 
l. l. 

preceding DAT frame are continuously recorded in the sub 

code signal area on the track on which the audio signals 

of the period OT. + 1 are recorded·. At that time, the SD 
.) 

flag in the pack is set to "l", indicating that TC. and~. 
l. l. 

are continuously recorded. In the period DTj + 2 , TCi + 1 

and ~i + 1 are already known, so that TCi + 1 and ~i + 1 

are recorded on the sub code signal area of the track on 

which the audio signals of the period DTj + 2 are 

recorded. The same operation is repeated, and the audio 

signals and the time code signals are recorded. 

In reproduction, the audio signals out of the signals 

reproduced from the magnetic track are outputted to the 

20 outside delayed by 360 deg, as shown by the relation 

between 82 and 83 of Fig. 2. The sub code signals are 

applied to the microcomputer 23 and reconstructed to be 

the original time code signals from two packs. The 

reference signal 78 for reproduction and the bit clock 

25 signal are inputted from the clock generating circuit 29 
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to the microcomputer 23, and the time code signal is 

applied to the modulating circuit 75 based on the phase 

difference information ~. so that the same phase relation 
J. 

as in recording can be realized. When a pack in which the 

5 SD flag is set to "l" is inputted, the microcomp~ter 23 

carries phase matching between the DAT frame and the time 

code frame by using. the phase difference information 

(30 msec {DAT frame period) - ~i). The modulation circuit 

75 carries out prescribed modulation in response to the 

10 bit clock signal applied from the clock generating circuit 

29 to provide the output at the time code signal output 

terminal 76. By the above described operation, the audio 

signals and the time code signals are outputted to the 

outside having the same phase relation as tpat of the time 

15 of recording, as shown by 83 and 84 of Fig. 2 •. 

A second embodiment of the present invention will be 

described in the following, in which the same apparatus as 

shown in Fig. l is used. In the first embodiment 

described above, the time information in the time code 

2o signal is directly assigned to the sub code pack, ·and the 

recording in the sub code signal area is carried out at 

prescribed timing. On the contrary, in the second 

25 

embodiment, the DAT frame number is cal~ulated based on 

the frame number of the inputted time code signal and the 

detected phase difference information~., the DAT time 
l. 
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code is calculated by using the calculated DAT frame 

number, and the result of calculation is assigned to the 

sub code pack to be recorded on the sub code signal area. 

Fig. 7 is a timing diagram showing the operation of 

5 the second embodiment of the present invention. Referring 

to Fig. 7, ·the suffixes of the reference characters TC
1

, 

TC2 , ... of the time· code signals TC (80) inputted from 

the TC signal input terminal 71 represent order (number) 
·'··' .. 

of the frames, when the 00 hour 00 minute 00 second 00 

10 frame of the time code signa·1 is regarded as the reference 

(regarded as the first frame). In the similar manner as 

described with r~ference to the first embodiment, the time 

code data and phase difference information ~i are inputted 

to the microcomputer 23. The suffixes of the reference 

15 characters DT1 , DT2, of the·inputted audio signals 81 

in Fig._ 7 represent the order (number) of the DAT frame 

divided by reference signal 77 for recording. The number 

of the DAT frame is defined by the following calculation. 

More specifically, as shown in Fig. 7, when the start 

20 ·point of the reference time, i.e. 00 hour 00 minut·e 00 -

second 00 frame of the time code signal is regarded as the 

reference, the inputted time code frame and the DAT frame, 

including the initial phase differen~e information r 0, are 

in one to one correspondence without fail, although they 

25 are asynchronous with each other. By utilizing this 
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relation, the relation represented by the following 

equation (1) can be applied, where the frame number of the 

inputted time code signal is represented by i, the phase 

difference information is represented by Ti and the 

s corresponding frame number of the DAT is represented by j. 

10 

j =INT [(iTCu-Ti) / DTu] ~ 1 . • . ( 1) 

In this equation, TCu represents the frame period of 

the time code signal and DTu represents the DAT frame 

period. 

The calculation INT [ ] represents rounding of the 

decimal part (to provide an integer). 

The number j of the DAT frame (for example DT2 frame 

of Fiq. 7) with the phase difference information T. not 
. . l. 

been detected can be calculated by adding l to the 

15 preceding result of calculation (that i-s, the preceding 

DAT frame number). The initial phase difference 

information r 0 can be calculated by the following 

equation. 

. . . ( 2 ) 

20 The microcomputer 23 calculates the time code frame number 

i based on the inputted time code data, calculates based 

on the number i and the phase difference information T. 
l. 

the corresponding DAT frame number j and the initial phase 

difference information r 0 , further calculates the DAT time 

25 code based on the DAT frame number, and assigns the same 

- 39 -



together with initial phase difference information I 0 to 

the sub code packs to apply the same to the memory circuit 

4. 

Figs. 8 and 9 show examples of recording formats of 

5 the sub code packs used in the second embodiment of the 

present invention. As described above, the DAT frame 

number j is calculated based on the time code frame number 

i and the phase difference information ~i' so that.th~ DAT 

time codes calculated based thereon, and they are recorded 

10 by using the PACK ITEM "0011" PCl, B3 = O, Running Time 

PACK shown in Fig. 8. The various flag sets (TCS to TCO) 

and the data of the User Groups l to 8 in the time code 

signals are recorded in respective designated areas in a 

pack which is newly provided, for example, the PACK ITEM 

15 "1001". TC ID DATA (T2 to TO : 3 bits) indicative of the 

types of the inputted time code signals and the initial 

phase difference information r 0 (blO to bO: ll bits) found 

by calculation are recorded in the remaining areas. 

Referring to Fig. 7, the suffixes of the reference 

20 characters DT1 , DT2 ... of the recording and reproducing 

signal waveforms 82·represent the OAT frame numbers, and 

the reference character I 0 represents the initial phase 

difference information. As described above, the audio 

signals in the period DT. are recorded on the magnetic 
J 
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tape 12 delayed by 360deg. The initial phase difference 

information I 0 is recorded in every sub code signal area. 

The reproducing operation will be described in the 

following. The audio signals out of the signals 

5 reproduced from the helical tracks on the magnetic tape 12 

are outputted to the outside delayed by 360 deg as shown 

by the relation between 82 and 83 of Fig. 7. The sub code 

signals are applied to the microcomputer 23 and converted 

and composed to the original time code signals by the two 

10 packs, that is, PACK ITEM "0011", (Running Time PACK) and 

PACK ITEM "1001". The microcomputer 23 calculates the DAT 

frame nwnber j based on the DAT· time code. recorded in the 
.. t.~;~···· ·• 

Runn~ng Time PACK, and calculates the corresponding time 

code frame number by using the number j and the initial 

15 phase difference information I 0 recorded in the PACK ITEM 

"1001" in accordance with the following equation (3). 

( 3) 

The phase difference information ~i from the point of 

change of the DAT frame to the point of change of the time 

20 code frame can be calculated in accordance with the 

following equation (4) by using the number i calculated in 

accordance with equation (3). 

. •. ( 4) 

The microcomputer 23 generates a time code signal of 

25 the base band (before modulation) to realize the same 
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phase relation as at the time of recording to apply the 

same to the modulating circuit 75 in response to the 

reference signal 78 for reproduction and the bit clock 

signal outputted from the clock generating circuit 29, in 

5 accordance with the result of calculation of the equations 

(3) and (4). The modulating circuit 75 carries out 

prescribed modulation on the time code signal in response 

to the bit clock signal applied from the clock generating 

circuit 29 and outputs the result to TC signal output 

10 terminal 76. 

By the above described operation, the audio signals 

and the time code signals are outputted to the outside 

having the same phase relation as at the time of 

recording, as shown by the relation between. 83 and 84 

15 shown in Fig. 7. 

A third embodiment will be described in the 

following. In the first embodiment described above, the 

frame number which is the minimum unit of the time 

information is recorded in the sub code pack for recording 

20 the User Group data. Consequently, the pairing ot the ~ub 

code pack and the sub code pack in which the time 

information is recorded can be done easily. In addition, 

since the identification flag SD indicative of the fact 

that the recorded content is the same as that of the 

25 preceding DAT frame is recorded, repeated reproduction of 
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the time code signal information can be prevented in 

reproduction. In the second embodiment, the time 

information of the time code is converted into DAT time 

code to be recorded, which provides compatibility with the 

5 conventional DAT. 

.... ; ..... 

The third embodiment includes both advantages of the 

first and second embodiments. Since the apparatus and the 

recording and reproducing operations are the same as those 

in the second embodiment, the description thereof is not 

10 repeated, and only the format examples of the sub code 

pack.will be described. 

Figs. 10 and 11 show examples of recording formats of 

the sub code packs used in the third embodiment of the 

present invention. By the same operation as described 

15 above, the time information converted into the DAT time 

code, the initial phase difference information r 0 and TC 

ID DATA {T3 to TO: 4 bits) distinguishing the types of the 

time code signals to be inputted are recorded in the pack 

shown in Fig. 10. The PACK ITEM is 11 0011", and in order 

20 to distinguish the pack from the conventional Running Time 

PACK {see Fig. 8 or Fig. 67), B3 of Pei is used. Namely, 

if B3 = 1, it is used for recording time co~e signals. 

In addition to the various flag bits (TCS to TCO) in 

the time code signals and the User Group data, the FRAME 

25 No. which is the minimum unit of the DAT time code in the 
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pack shown in Fig. 10 and the identification flag SD 

indicating whether or not the recorded content except the 

FRAME NO. is the same as that of the preceding DAT frame 

are recorded in the pack PACK ITEM "1001" shown in Fig. 

11. By recording the FRAME NO. the pairing with the pack 

in which the time information is recorded shown in Fig. 10 

can be surely carried out, and by recording the 

identification.flag SD, repetitious reproduction of the 

information such as the User Group data in the time code 

10 signals other than the time information can be prevented 

at the time of reproduction. 

Fig. 12 is a schematic block diagram showing a fourth 

embodiment of the present invention. The embodiment shown 

in Fig. 12 is the same as that of Fig. 1 except that a 

15 sampling clock signal for sampling the audio signal is 

used as the count clock signal applied to the phase 

difference detecting circuit 74. As .mentioned in the 

foregoing, the DAT corresponds to three·different sampling 

frequencies, that is, 48 kHz, 44.1 kHz and 32 kHz. By 

20 using the sampling clock signals, the representation of 

the phase difference information and of the time codes 

come to Qe the same as the total samp~e number, so that 

the accuracy can be ensured by sample by sample, which 

enables synchronization and edition sample by sample. 
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Fig. 13 shows an example of a recording format of the 

sub code packs used in the fourth embodiment in the 

present invention. Referring to Fig. 13, in PC3 of the 

pack format recorded on the TC ID DATA (T3 to TO: 4 bits} 

5 distinguishing the types of the inputted time code 

signals, and information indicative of the three different 

frequencies of the sampling clock signals f : 48 kHz, . s 

44.l kHz and 32 kHz (Fl, FO: 2 bits) as the count clock 

signals for detecting the phase difference are recorded. 

10 Other information such as the DAT time code are recorded 

15 

in the same manner as shown in Fig. 10. In the fourth 

ei:nbodiment, the data such as User Group are recorded in 

the s.ub code pack shown in Fig. 11 as in the third 

embodiment. 

In the above described embodiment, the frame clock 

signal 73 of the time code signal extracted by the 

demodulating circuit 72 is also applied to the clock 

generating circuit 29, which is used in a vari pitch 

recording mode. In the vari pitch mode, all the clocks 

20 used in the DAT must be changed, and therefore, the clock 

generating circuit 29 changes the necessary clock 

frequency to output the same in accordance with the period 

of the frame clock signal 73. The reference signal 77 for 

recording, the count clock signal 79 for measuring the 
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phase difference and the sampling clock signal f are s 

included therein. 

Although.the phase difference detecting circuit 74 is 

provided for detecting phase difference informat~on ~i in 

5 the above described embodiment, the phase difference 

information ~i can be measured by inputting the frame 

clock signal 73, the reference signal 77 for recording and 

the count clock signal 79, provided that a microcomputer 

23 capable of high speed arithmetic·operation is used. 

10 The. phase difference detecting circuit 74 can be omitted 

in that case. 

In the above described first, third and fourth 

ernbod~ments, the data such as· User Group are recorded in 

one pack separately from the time information. However, 

15 since the contents of such data are not changed frame by 

frame unlike the time information, such data may be 

recorded as needed. 

In· the above described second, third and fourth 

embodiments, based on the inputted time code signal frame 

20 number i and on the phase difference information ~i' the 

corresponding DAT frame number j is calculated, and the 

initial phase difference information I 0 but not ~i is 

recorded as the phase difference information. Therefore, 

by using a different TCu from that of recording is used 

25 for the equations (3) and (4), the time code signal which 
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is different from that at the time of recording can be 

outputted. Namely, even if the time code signal of 

EBU25Hz system are inputted at the time of recording, the 

time code signals of the SMPTE30Hz system can be easily 

5 outputted at the time of reproduction. 

A fifth embodiment in which channel status data 

transmitted from the digital audio interface can be 

recorded will be described in the following. 

_Fig. 14 is a schematic block diagram of the fifth 

10 embodiment of the present invention. The embodiment shown 

in Fig. 14 comprises a data reading circuit 90 and a phase 

difference detecting circuit 91. Except these newly added 

circuits, the structure is the same as that shown in Fig. 

56. The microcomputer 23 and the clock ge~erating circuit 

15 29 have their functions improved in order to assign the 

channel status data to the sub code signal packs. The 

data reading circuit 90 is provided for reading the 

channel status data. ·The phase difference detecting 

circuit 91 is provided for detecting the phase difference· 

20 between DAT frames and the blocks of the digital audio­

interface. 

Fig. 15 shows the blocks of the inputted digital 

audio interface and the DAT frames of the fifth embodiment 

of the present invention. Referring to Fig. 15, the 

25 reference characters N, N + 1, N + 2 ... represent block 
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numbers of the inputted digital data and M, M + 1 

represent the DAT frame numbers. In this embodiment, the 

channel status data in the block (block number M) of the 

digital data at the time of change (time t 0 ) of the DAT 

s frame are recorded as the sub code of the DAT frame M. In 

this case I ID code I .alphanumeric channel origin data I 

alphanumeric channel destination data out of the channel 

status data are recorded as they are. The local sample 

address code and the time-of-day code are represented as 

10 the sample at th~ head of the inputted digital block. 

Therefore, by detecting phase difference between the DAT 

frame and the digital data block and by arithmetically 

processing the local sample address code and the 

time-of-day code by the detected phase difference and the 

15 channel status data block, the local sample address code 

and the time-of-day code for the first sample of the DAT 

frame are calculated to be recorded in the sub code. 

The operation of recording the digital audio signals 

will be described in the following. The ~igital audio 

20 signals inputted to the digital input terminal 26.are -

applied to a digital interface circuit 28. The digital 

interface circuit 28 extracts and outputs audio data and 

the channel status data from the digital audio signals. 

The outputted audio data are subjected to the processes as 
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described in relation to the prior art to be recorded on 

the magnetic tape 12. 

The channel status data are applied to the data 

reading circuit 90 and 1 block of the channel status data 

s at the point of change of the DAT frame are collectively 

applied to the microcomputer 23. The data reading circuit 

90 extracts a block clock signal of the ~igital data to 

apply the same to the phase difference detecting circuit 

91. The phase difference detecting circuit 91 has the 

10 same structure as the phase difference detecting circuit 

74 shown in Fig. 1, which comprises a counter circuit and 

a latch circuit, not shown. A DAT reference signal and a 

samp~ing clock signal fs' for example, as the count clock 

signal for detecting the phase difference are applied from 

15 the clock generating circuit 29 to the phase difference 

detecting circuit 91. The counter circuit is reset at the 

rising edge of the block clock signal and immediately 

thereafter, the counter circuit is counted up by the 

sampling clock signal fs' and the counted value of the 

20 counter circuit is latched in the latch circuit at the. 

fall of the DAT reference signal. The counted value 

latched in the latch circuit is direc~ly applied to the 

microcomputer 23 as the phase difference information ni (i 

= 0, 1, 2, • · .. ) from the point of fall of the block clock 
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signal to the point of change (falling edge of the DAT 

reference signal) of the DAT frame. 

The microcomputer 23 assigns the inputted channel 

status data to separate sub code signal packs in 

5 accordance with the types thereof. The local sample 

address code and the time-of-day code are arithmetically 

processed in accordance with the phase difference 

information n. applied from the phase difference detecting 
l. 

circuit 91 so that they are converted into the local 

10 sample address code and the time-of-day code for the 

sample at the head of the DAT frame, to be assigned to and 

recorded in the sub code signal packs. 

~igs. 16 to 21 show examples of the recording format 

of the sub code packs used in the fifth embodiment of the 

15 present invention. 

As shown in Fig. 71, the channel status data 

comprises 192·bits (24 bytes) in each block and data of 23 

bytes except CRCC may be assigned to the sub code packs. 

The channel status data can be divided into 6 types, 

20 dependent on the content of the transmitted informatiort, 

that is, ID code, alphanumeric channel origin data, 

alphanumeric channel destination data, local sample 

address code, time-of-day code and a reliability flags. 

Five different channel status data except the reliability 

· 25 flags are assigned to separate sub code packs. 
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A format in each sub code pack will be described with 

reference to Fig. 16. In this embodiment, the sub code 

signal pack of- PACK ITEM "1000" is used as the sub code 

signal pack for the channel status data signals and is 

s distinguished from other packs. By using B2 to BO of PCl 

in the PACK DATA area as the SUB PACK ITEM, five different 

channel status data.can be distinguished from each other. 

As to the reliability flags of the byte 22 of the 

channel status data, the bit 4 corresponds to the ID code, 

10 the bit 5 corresponds to the alphanumeric channel origin 

data and the alphanumeric channel destination data, the 

bit 6 corresponds to the local sample address code, and 

the bit 7 shows the reliability of the time-of-day code, 

so that the flag informa.tion is allotted to the B3 area of· 

15 PCl of the respective packs. 

The sub code signal shown in Fig. 17 has the SUB PACK 

ITEM being "001", in which the ID code is recorded. In 

Fig. 18, the SUB PACK ITEM is "010",.in which the 

alphanumeric channel origin data are recorded. In Fig. 

20 19, the SUB PACK ITEM is "011" in which the alphanumeric 

channel destination data are recorded. In Fig. 20, the 

SUB PACK ITEM is "100", in which the local sample address 

code for the sample position at the head of the DATA frame 

is recorded. 
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In Fig. 21, the SUB PACK ITEM is "101", in which the 

time-of-day code for the sample position at the head of 

the DAT frame is recorded. Each of the four channel 

status data except the ID code comprise 4 bytes, so that 

5 the 4 bytes are assigned to PC4 to PC7 of the respective 

packs, and the vacant sections PC2 and PC3 are set to "0". 

The ID code is consisted of 6 bytes and the lower 4 bytes 

are assigned to PC4 to PC7 and the upper 2 bytes are 

assigned to PC2 and PC3. The bytes at the head of each of 

10 the five channel status data are all assigned to PC4. 

15 

The sub code signal pack assigned in the above 

described manner is applied to the memory circuit 4 and · 

processed in the same manner at described, to be recorded 

on the magnetic tape 12. 

The reproducing operation of the data recorded in the 

above described manner will be described. The signals 

reproduced from the magnetic tape 12 are processed in the 

same manner as in the prior art and thereafter stored in 

the memory circuit 15 in which error correction and 

20 compensation are carried out. The digital audio signals 

having the errors corrected and compensated are outputted 

to the O/A converting circuit 17 and to the digital 

interface circuit 28. The sub code data having the errors 

corrected and compensated are applied to the microcomputer 

25 23. The microcomputer 23 determines the contents of the 
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pack data from the PACK ITEM of respective sub code signal 

packs and displays the content on ·the displaying apparatus 

25. 

When the PACK ITEM is "1000", namely, when it is 

5 determined that it is the sub code signal pack for the 

channel status data, the type of the channel status data 

is determined from SUB PACK ITEM to be applied to the 

digital interface circuit 28. The digital interface 

circuit 28 maintains the ID code, the alphanumeric channel 

10 origin data the alphanumeric channel destination data as 

they are out of the inputted channel status data. The 

value of the local sample address code is applied to a 

counter (not shown) counting the local sample addresses, 

and the time-of-day code is loaded to a counter circuit 

15 (not shown) counting the time, so that the address and the 

time are counted. When digital data are to be outputted, 

prescribed data· are outputted based on the digital audio 

interface format. 

As described above, in the ·DAT in accordance with the 

20 present embodiment, the data including the channel sta~us 

data transmitted based on the digital audio interface 

format can be recorded and reproduced. 

Although data are assigned to separate sub code 

signal packs in accordance with the types of the channel 
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status data in the above described embodiments, the 

channel status data may be further divided byte by byte. 

Figs. 22 to 25 show examples of· the recording formats 

of such sub code packs. More specifically, in the format 

5 examples shown in Figs. 22 to 25, the channel status data 

are assigned ·byte by byte without any space therebetween, 

so as to reduce the. number of packs used. The SUB PACK 

ITEM is defined in the similar manner, so as to 

distinguish the contents recorded in the packs. 

10 In the P3 area of PCl of the pack shown in Figs. 16 

to 21, the reliability flag F is set. The reliability 

flag transmitted by the byte 22 of the channel status data 

block is recorded as it is as the reliability flag. The 

microcomputer 23 reads the reliability flag recorded in 

15 the sub code signal pack and when it is determined that 

the reliability is low, then it compensates the data 

dependent on the reliable data having the same type of 

pack recorded on the preceding DAT frame, and outputs the 

compensated data to the interface circuit 28. 

20 Instead of using the reliability flag transmitted-by 

the byte 22 of the channel status data flag as the 

reliability flag, the following method may be applied. 

Namely, the CRCC transmitted by the byte 23 is checked and 

if it is determined that there is no error, the various 

25 reliability flags transmitted by the byte 22 are directly 
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recorded in a back pack as they are, and when it is 

determined that there is an error, the reliability flags 

of respective sub code signal packs may be forced to 

indicate the unreliable state. The reliability of the 

s data may be determined not dependent on the reliability 

flag transmitted from the ·byte 22 or ··dependent on the 

result of .checking .of the CRCC but dependent on integrity 

of various data transmitted in a plurality of continues 

channel status data block, or dependent on the continuity 

10 of. the· time information, and the determination may be 

recorded as the reliability flag in respective sub code 

signal packs. 

-In the fifth embodiment, the time information 

transmitted by the channel status of the digital audio 

15 interface is recorded in 32. bit binary code. In the 

following, a sixth embodiment will be described in which 

the time information is divided into hour, minute, second, 

frame and sample number to be recorded in the sub code 

packs. 

20 ~ig. 26 is a schematic block diagram of-an apparat.us 

for realizing the sixth embodiment. The example shown in 

Fig. 26 comprises a channel status data signal processing 

circuit 120 and a phase difference detecting circuit 121. 

Except these circuits, the structure is the same as the 

25 . conventional apparatus shown in Fig. 56. The channel 
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status data signal processing circuit 120 is provided for 

extracting the block signal 122 of the channel status data 

block consisted of 192 frames of channel status bits and 

for extracting information having close relation to the 

5 audio signals such as emphasis and sampling frequency and 

two different time information. The phase difference 

detecting ·circuit 121 is provided for detecting the phase 

difference information n .• 
l. 

Figs. 27A and 27B are flow charts for describing the 

10 operation of the sixth embodiment shown in Fig. 26. 

The operation of the sixth embodiment will be 

described in the following with reference to Figs, 26, 27A 

and 27B. In recording, the digital audio data inputted to 

the digital input terminal 26 are signal processed by the 

15 digital interface circuit.28, and 16 bits of audio data 

are stored in the memory circuit 4. The digital interface 

circuit 28 extracts the channel status data out of the 

digital audio data to apply the same to the channel status 

data signal processing circuit 120. The channel status 

20 data signal processing circuit 120 extracts the block 

signal 122 of the channel status data block consisted of 

192 frames of channel status bits, and extracts two 

different pieces of time information and information 

having close relation to the audio signal such as emphasis 

25 and sampling frequency to apply the same to the 

. 
- 56 This Sheet Has Been Repla~d 

I lllllltllllll ~11111111 



microcomputer 23. The phase difference detecting circuit 

121 has the same structure as the phase difference 

detecting circuit 74 of Fig. 1 and detects the phase 

difference information ni from the head of the channel 

5 status data block to the head of the DAT frame. The phase 

10 

difference information n. represents the nUI11.ber of samples 
l. 

from the sample at the head of the.DAT frame to the sample 

at the head of the block. 

The microcomputer 23 adds the phase difference 

information n. detected by the phase difference detecting 
l. 

circuit 121 to the two different pieces of time 

information in the channel status data block, that is, the 

value of the local sample address code and .the value .of 

the time-of-day code. The result of addition is the time 

15 information corresponding to the sample at the head of the 

DAT frame. The microcomputer 23 further carries out an 

operation for converting the result of addition to the DAT 

time code, and the result is assigned to the sub code pack 

to be recorded. The operation for the conversion into the 

20 DAT time code is carried out in accordance with the 

equations (5) to (9) which will be described in the 

following. 

When the time information corresponding to the sample 

at the head of the DAT frame is represented by Tc, and the 

25 number of samples in 1 frame of the DAT frame is 
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represented as T , the fraction sample number SAMPLE NO. s 
can be represented by the following equation (5) 

SAMPLE NO. = tc modTS ( 5) 

The frame number FRAME NO. of the DAT can be 

s represented by the following equation (6). 

10 

15 

FRAME NO. = (INT (Tc/Ts) modlOO) mod 33 

+ 33INT [(INT -(Tc/Ts) mod 100)/99] • • • ( 6) 

The unit of second, SECOND can be represented by the 

following equation (7). 

SECOND = 3 (INT (Tc/lOOTs) mod20] 

+ ~NT [(INT (Tc/Ts) modl00)/33] 

-INT [(INT (Tc/Ts) modl00/99] (7) 

-The unit of minute MINUTE can be represented by the 

following equation (8). 

MINUTE = INT (Tc/2000Ts) mod60 

The unit of hour aOUR can be represented by the 

following equation (9) 

HOUR = INT (T
0

/120000Ts) 

The number of samples Ts in 1 DAT frame differs 

( 8) 

(9) 

20 dependent on the sampling frequency. The number of 

samples are 1440, 1323 and 960 when the sampling 

frequencies are 48 kHz, 44.1 kHz and 32 kHz~ respectively. 

Figs. 28 and 29 show examples of recording formats of 

the sub code packs used in the sixth embodiment. Fig. 28 

25 shows an example of the format of a pack for recording the 
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time-of-day code in which the time-of-day code 

corresponding to the sample· at the head of the DAT frame 

is converted into the DAT time code to be recorded. The 

hour, minut~s, second and the frame number calculated in 

5 accordance with the above described equations (6) to (9) 

are recorded in two digits of binary coded decimal code in 

the designated area.of PC4 to PC7, and the fraction sample 

number calculated from the equation (5) is recorded in 11 

bits binary code system of SlO to SO. 

10. In this example, 510 is set as the MSB. 

Identification information in relation to the time are 

recorded by the B7 to B4 (T3 to TO: 4 bits) of the PC3, so 

as to_enable recording of the time code other than the 

digital audio data series. As to the PACK ITEM, one which 

15 has not yet been defined may be used out of those shown in 

Fig. 65. However, since the number of th~·remaining ones 

is small, it is set to "0011" in·this embodiment, and B3 

of PCl is set to "l" in order to distinguish it from the 

conventional Running Time PACK. 

20 In the format shown in Fig. 29, the local sample -

address code corresponding to the sample at the head of 

the DAT frame is converted into DAT time code to be 

recorded, ~accordance with the ,~~.:t.i.ons { 5) to ( 9 ) . In 

the examples shown in Fig. 29, the identification 

25 information similar to the example of the time code pack 
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shown in Fig. 28 is recorded by 4 bit codes of T3 to TO. 

The PACK ITEM is set to "0001" and B3 of PCl is set to 

"l" . 

During reproduction, the audio signals reproduced 

5 from the ·helical track of the magnetic tape 12 are 

subjected to prescribed signal processing and applied to 

the digital interface circuit 28 through the memory 

circuit 15. Meanwhile, the time-of-day code and the local 

sample address code recorded in the sub code pack and the 

10 PCM ID code recorded in the PCM signal area are read by 

_the microcomputer 23, the information therefrom is applied 

to the channel status data signal processing circuit 120. 

At that time, as to the time information, the DAT time 

code is calculated to provide the original 32 bits binary 

15 code to be outputted. This calculation is carried out in 

accordance with the following equation (10). 

Tc = [120000 x HOUR + 2000 x MINUTE + 33 x SECOND + 

INT (SECOND/3) +FRAME NO.] x T
5 

+SAMPLE NO. . .. (10) 

The channel status data signal processing circuit 120 

20 loads the time-of-day code as the original binary ·32 bLts 

the local sample address code provided from the 

microcomputer 23, respectively, at every rise of the DAT 

frame clock signal. The channel status data signal 

processing circuit 120 comprises two types of 32 bit 

25 binary counters (not shown) counted up by the sampling 
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clock signal_s fs and a clock generating counter (not 

shown) generating a clock signal 122 every time 192 

sampling clock signals fs are counted. At the rise of the 

clock signal 122 generated from the channel status data 

5 signal processing circuit 120, information having close 

relation to the audio signals such as emphasis and the 

sampling frequency, which are the channel status data, and 

the counted value of the two 32 bit binary counters at 

that time, namely, the head address code of the block, are 

10 applied to the digital interface circuit 28. The digital 

interface circuit 28 outputs the·audio signals and the 

channel status data respectively at prescribed positions· 

to the outside, ·using the rising edge of the block signal 

122 as a reference. 

15 Figs. 30 and 31 show examples of other pack formats 

for recording the time-of-day code. In the examples shown 

in Figs. 30 and 31, the contents of the hour, minute, 

second and frame number and the contents in T3 to T0 are 

the same. However, in the example of Fig. 30, the 

20 fraction sample number is recorded by 11 bits binary code 

of SlO to SO, and in the example shown in Fig. 31, the 

phase difference information ni detected by the phase 

difference detecting circuit 121 is recorded by 8 bit 

binary code on M7 to MO. These are identified by MS flag 

25 at BO of PC3. Namely, if MS is "0", it shows .that the 
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fraction sample number, and if MS is "l", it shows that 

the phase difference information ni is recorded, for 

instance. 

By the pack shown in Fig. 30, the time-of-day code 

5 corresponding to the sample positioned at the head of the 

DAT frame is recorded. In reproduction, the phase 

difference-information n. recorded in the pack shown in 
l. 

Fig. 31 is loaded to the above mentioned block signal 

generating counter, at every rise of the DAT frame clock 

10 signal. Accordingly, the phase relation between the DAT 

frame and the channel status data block at the time of 

recording i~ maintained to be reproduced. 

·Figs. 32 and 33 show examples of other pack formats 

all recording the local sample address code. The contents 

15 recorded by the formats of Figs. 32 and 33 are the same as 

those Figs. 30 and 31 except the content of time 

information and the PACK ITEM. 

The alphanumeric channel origin data, the 

alphanumeric channel destination data and the ID code of 

20 the channel status data are recorded in the sub code p~ck 

shown in Figs. 17 to 19, described with.reference to the 

fifth embodiment. 

Now, in the above described fifth and sixth 

embodiments, method for recording only the channel status 

25 transmitted in the channel status data block positioned at 
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the point of change of the DAT frame, that is, t 0 , t 1 ... 

shown in Fig. 34 (blocks represented by j and j + 7 in 

Fig. 34) has been described. As to the alphanumeric 

channel origin data and the alphanumeric channel 

5 destination data, a series of data are transmitted by the 

ASCCI code. Therefore, when a series of five or more 

letters is to be_transmitted, a plurality of channel 

status data blocks are used. Namely, the alphanumeric 

channel origin data and the alphanumeric 

10 channel destination data transmitted by the channel 

status data blocks represented by the reference characters 

j + 1 to j + 6 positioned in the DAT frame in Fig. 34 must 

be recorded in the sub code of the DAT. 

Figs. 35 to 38 show examples of recording formats of 

15 other packs recording all the alphanumeric channel origin 

data and the alphanumeric channel destination data. 

Referring to Fig. 35, the data constituted by three bits, 

that is, BN2, BNl and BNO of the areas BS to B3 of PC2 

represent block nwitber (the number of the block positioned 

20 at the point of change of the DAT frame.is represented-as 

"000" (0)) from the channel status data block positioned 

.at the point of change of the DAT frame. The necessity of 

calculating the phase information of the head of each 

block from that block is eliminated. Since the value of 

25 the phase information m uses the point of change of the 
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DATA frame as a reference, the sign thereof is defined as 

negative when the block number is. "000". 

Fig. ·38 shows the pack format example shown in Fig. 

37 applied for the alphanumeric channel destination data. 

s Since the phase information m of Figs. 37 and 38 

represents the absolute time (the unit is 1 sample··-time) 

to the head of each· black with the point of change of the 

DAT frame being the reference, the information of the 

block numbers BN2 to BNO may be omitted. However, in that 

10 case, the sign information of m must be recorded in B3 of 

PC2 so as to show whether the value m is positive or 

negative. It is not necessary to record the channel 

status data blocks to which the alphanumeric channel 

origin data and the alphanumeric channel destination data 

15 are not transmitted, so that recording may be carried out 

only for the blocks to which such data are transmitted, so 

as to reduce the number of packs. 

Although the channel status data for professional use 

of the digital audio interface format have been described· 

20 in the foregoing, channel status data for producing music 

software and for home use may be divided and assigned to 

sub code signal packs. 

Now, the first to fourth embodiment are related to 

the methods for recording and reproducing SMPTE/EBU/Film 

25 time code in DATs. The fifth and sixth embodiment are 
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related to methods for recording and reproducing channel 

status data for professional use transmitted by the 

digital audio interface. The information included in the 

SMPTE/EBU/Film time code and in the channel status data 

5 for professional use are the information related to the 

time and other information. Therefore, the format of the 

sub code packs for recording such information can be made 

conunon. Such examples are shown in Figs. 39 to 44. Fig. 

39 shows a pack format example for recording information 

10 related to the time in which PACK ITEM is. 11 0011" and BJ of 

PCl is set to 11 i •• in order to distinguish the same from 

the conventional Running Time pack. In order to identify 

the content of the data recorded in the pac~, SPil and 

SPIO are defined as the SUB PACK ITEM." When SPil and SPIO 

15 are 11 00 11
, it shows that the time information of the 

SMPTE/EBU/Film time code is recorded. When they are 11 01 11
, 

t~e local sample address code of the channel status data 

is recorded. When they are 11 10 11
, it is shown that the 

time-of-day code of the channel status data for 
.. 

20 professional use is recorded. 2 bits of Fl and FO are 

used to distinguish the type of the sampling frequency at 

the time of recording, namely, when they are "00", the 

·frequency is 48 kHz, when "01", then 44.lkHz and when 

"10", the frequency is 32 kHz. 
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In this manner, the identification information of the 

sampling frequency at the time of recording usually 

recorded by using 2 bits of Fl and FO. When the PCM 

signals only are after recorded by using the sampling 

s frequency different from that indicated by Fl and FO 

recorded in the sub code signal· pack, such information 

will be very effective. In such cases, since the 

SMPTE/EBU/Film time-of-day code, the local sample address 

code, the time-of-day code, the initial phase dif.ference 

10 . information I 0 for the phase difference information mi are 

transmitted or detected based on the sampling frequency at 

the time of recording of the sub code signal packs, when 

the s·ampling frequency of the PCM signals is different, 

they will· be meaningless. However, if the sampling 

15 frequency at the time of recor~ing the sub code signal 

pack is known, then reproduction can be carried out 

without any practical problem, by multiplying the value of 

the local sample address code or the like in the pack by 

fsPCM/fs' where fsPCM represent the sampling frequency of 

20 the PCM during reproduction, with maximum possible error 

being 1 sample. 

Three bits of T2 to TO are used as a time code flag, 

and when SPil and SPO are "00", it distinguishes the 

transmission rate of the SMPTE/EBU/Film time code. When 

25 time information of the channel status data for 
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professional use is to be recorded, "000" is recorded with 

no definition. In the area of B2 to BO of PC2 and PC3, 11 

bits binary data are recorded. When the content is the 

SMPTE/EBU/Film time code, the 11 bits binary data are the 

s above described initial phase difference information I 0 . 

10 

When it is the channel status data for professional use, 

the data are the above described fraction sample number 

SAMPLE NO. Time information converted into the DAT time 

code is recorded in the area of PC4 to PC7. 

Figs. 40 to 44 are examples of the pack formats in 

which information other than the time information is 

recorded. The PACK ITEM is "1000" and 2 bits of SPil and 

SPIO,are defined as the SUB PACK ITEM to identify the 

recorded content, as shown in Fig. 40. The area of PC2 to 

15 PC7 is a sub data area, in which various information 

distinguished by the SUB PACK ITEM is recorded. Fig. 41 

.shows a. format example in which SPil and SPIO are "00" and 

binary group data (the above mentioned User Group data) of 

the SMP.TE/EBU/Film time code and various flag sets (TBS to 

20 TBO) are recorded. Fig. 42 shows a format example in -

which SPil and SPIO are "01" and ID codes (byte 0 to byte 

5) of the channel status data for professional use are 

recorded. Fig. 43 shows a format example in which SPil 

and SPIO are "10" and alphanumeric channel origin data 

25 transmitted by the channel status data for professional 
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use are recorded. Fig. 44 shows a format example in which 

SPil and SPIO are "11" and the reliability flag and the 

alphanumeric channel destination data transmitted by the 

channel status data for professional use are recorded. 

5 A seventh embodiment will be described in the 

·.·· ... 

10. 

following, which relates to a method of converting the 

SMPTE/EBU/Film time. code and the time information 

transmitted by the channel status data for professional 

use (hereinafter referred to as digital audio interface 

time code). In the seventh embodiment, the head of the 

SMPTE/EBU/Film time code, that is, the sample at the head 

of the 0th frame and the head of the digital audio 

interface time code, that is, the sample at the head of 

0th block are defined as.being coincident with each other. 

15 At this time, the SMPTE/EBU/Film time code is 00 hour, 00 

minute, 00 second, 00 frame, the digital audio interface 

time code is defined such that the 32 bits of binary code 

are all 0, which time is defined to be AM.O, whereby the 

time codes are converted to each other using the fact that 

20 the frame and the block are in proportion to-each· other. 

Fig. 45 shows a relation between SMPTE/EBU/Film time 

code frame and the digital audio interface block when the 

SMPTE/EBU/Film time code is to be converted into the 

digital audio interface time cod·e. Referring to Fig. 45, 

25 (a) shows the SMPTE/EBU/Film time code frame (b) shows the 

..,. 68 -



block of the digital audio interface. The reference 

numerals O, ... , 1, i + 1, ... are the frame numbers of 

the SMPTE/EBU/Film time code frames and the numeral 0, 

... , j, j + 1 ... are the block numbers of the digital 

5 audio interface blocks. The reference character TC shows 

the number of sample in 1 frame of the SMPTE/EBU/Film time 

.code. The reference character nj shows the number of 

samples from the head of the jth digital audio interface 

block 161 to the ith SMPTE/EBU/Film time code frame 162 

10 prior to the digital audio interface block 161. 

The reference character TTj shows the total sample 

number from A.M. 0:00 to the head of the jth digital audio 

inte~face block 161. The reference characters TH, TM, TS 

and TF show the values of hour, minute, second and frame 

15 of the time code of the ith SMPTE/EBU/Film time code frame 

162. 

When the SMPTE/EBU/Film time code is to be converted 

into the digital audio interface time code, the total 

sample number iTC from A.M. 0:00 to the head of the ith 

20 frame 162 is calculated in accordance with the ·inputted 

values of the TH, TM, TS and TF of the time code, and the 

number of samples n. from the head of. the ith frame 162 to 
J 

the head of the jth digital audio interface block 161 is 

added thereto to provide the total sample number TTj from 

25 A.M. 0:00 to the head of the jth digital audio interface 
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block 161, whereby the time code TTj which is transmitted 

by the jth digital audio interface block 161 is provided. 

This is rep~esented by the following equations {11) to 

(14). 

i = Tfr (3600TH + 60TM + TS) + TF (11) 

·{When SMPTE non-drop frame Tfr = 30 Hz/EBU/Film) 

i = 108000TH + 1800TM + 30TS + TF (12) 

(When SMPTE non-drop frame Tfr ~ 29.97 Hz) 

i = 107892TH + 1798TM + 2INT (TM/10) + JOTS 

+ TF 

(SMPTE drop frame) 

TTj ·= nj - INT (-iTC) 

• • . ( 13) 

... (14) 

-In the equations, Tfr represents the frame frequency 

which is 30Hz or 29.97Hz in SMPTE, 25Hz in EBU and 24Hz in 

15 Film. 

Fig. 46 shows a relation between the digital audio 

interface block and the SMPTE/EBU/Film time code frame 

when the digital audio interface time code is to be 

converted into the SMPTE/EBU/Film time code. The method 

20 for convert-ing the digital audio interface time code into 

the SMPTE/EBU/Film time code will be described with 

reference to Fig. 46. 

Referring to Fig. 46, the reference characters (a), 

(b), i and j are the same as those shown in Fig. 45. The 

25 reference character TB represents a time code transmitted 
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by the digital audio interface, which represents the total 

sample number from A.M. 0:00 to the head of the jth 

digital audio· interface block 163. The reference 

character TLO represents the total sample number from A.M. 

5 0:00 to the head of the ith SMPTE/EBU/Film time code frame 

164. The reference character mi shows the number of 

samples to the head. of the jth digital audio interface 

block 163 prior to the ith SMPTE/EBU/Film time code frame 

164, and the r~ference characters TH, TM, TS and TF show 

10 the values of hour, minute, second· and frame of the time 

code of the ith SMPTE/EBU/Film time code frame 164. 

When the digital audio interface time code is to be 

conv~rted into the SMPTE/EBU/Film time cod~, ~he number of 

samples mi from the head of the jth digital audio 

15 interface block 163 to the head of the ith SMPTE/EBU/Film 

time code frame 164 is added to the inputted digital audio 

interface time code TB to provide the total sample number 

TLO from A.M. 0:00 to the head of the ith frame 164, and 

the values of hour, minute, second and frame of the time 

20 code of the ith frame 164 can be calculated from the total 

sample number TLO. This relation is represented by the 

following equations (15) to (37). 

When the frame frequency Tfr is 25 Hz or 24 Hz, or 

the frame frequency Tfr is 30Hz and it is the non drop 

25 frame, then 
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10 

TLO = TB + m. 
l. 

TC5 = INT (F
6
/Tfr + 0.5) 

TCsa = x 2 • F6 /Tfr 

X 1 = TLOmod TC
5

a 

Sample = x 1 MOD TCS + TCs • INT (xl/x2 • TC
6

) 

TF = x2 {INT (TLO/TC
5
a) mod (Tfr/x2)} 

+ INT (xl/TCS) - INT (xl/x2 • TCS) 

TS = INT (TLO/Fs) mod 60 

TM = INT (TL0/60Fs) mod 60 

TH = INT (TL0/3600Fs) 

where, the reference character Fs is the sampling 

frequency, which is 48kHz, 44.lkHz or 32kHz. 

(15) 

( 16) 

(17) 

(18) 

(20) 

(21) 

{22) 

{23) 

-The ref ~rence character TCs is the number of samples 

in 1 frame with the decimal part rounded, ~he reference 

15 character x2 is a coefficient determined }='Y Tfr and Fs' 

whose values are as shown in Fig. 47, respectively. 

20 

25 

II) In the case of drop frame 

TLO = TB + m. 
l. 

Sample = INT {TLO mod (Fs/Tfr)} 

i = INT {(TLO - Sample) • Tfr/Fs} 

y 1 = i modl07892 

y 2 = (ylmod17982) - 2 

TF = {(y2mod1798) + 2} mod30 

y3 = INT [{(y2modl798) + 2}/30] 

TS = Y3 - INT (Y3/60) 
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(24) 

(25) 

{26) 

(.27) 

(28) 

(29) 

(30) 



TM= 10 * INT (yl/17982) + INT {y2/1798) -· 

INT (y2/17982) 

TH =·INT (i/107892) 

... ( 31) 

••• ( 3 2) 

III) When the frame frequency. is 29.97 kHz and it is 

s the non drop frame 

.. , .. 

10. 

15 

TLO -= TB + m. 
J. 

Sample = INT {TLO mod (Fs/TFr)} 

i = INT {(TLC-Sample) •Tfr/F
5

} 

TF = imod30 

FSl = 30F
6
/29.97 

TS = INT (TLO/FSl)mod60 

TM= INT (TL0/60FSl)mod60 

··TH = INT (TL0/3600FS1) 

Fig. 48 shows the number of samples in 1 

SMPTE/EBU/Film time code frame at respective 

frequency. As shown in Fig. 48, when Tf r is 

... ( 15) 

.•• { 24) 

••• ( 25) 

••• ( 3 3) 

... ( 34) 

••• ( 35) 

•.. ( 36) 

... ( 37) 

frame of the 

sampling 

29.97 Hz, 

when Tf r = 30 Hz and Fs = 32 Hz, when Tf = 24 Hz and F
5 r 

is 44.1 kHz or 32 kHz, the number of samples in 1 frame is 

not an integer. Therefore, in this embodiment, when Tfr 

20 is 29.97 Hz, the number of samples in each frame are 

combined based on the total sample number from A.M. 0:00 

and on the point of change of the frame, such that when F
6 

= 48 kHz, 1601 and 1602 are combined, when F
6 

= 44.l kHz, 

1471 and 1472 are combined, when Fs = 32 kHz, 367 and 368 
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are combined so as to suppress the error in l sample or 

less. 

When Tfr = 30 kHz and F
5
= 32 kHz, the changing point 

of the samples and the point of change of the frames 

5 coincide with each other at every three frames, so that 

the number of samples in l frame is adapted ·to· be 1067, 

1067 and 1066 repeatedly in every three frames. When Tfr 

= 24 kHz and F
8 

= 44.l kHz, the number of sample is 

adjusted by repeating 1838 and 1837 in every two frames. 

10 If Fs is 32 kHz, 1333, 1333, and 1334 are repeated in 

every three frames to adjust the number of samples so as 

to suppress the error in 1 sample or less. 

·In the above described embodiment, the time code is 

converted into the number of samples so as to carry out 

15 the calculation by integers and the calculation is carried 

out sample by sample. However, the calculation may be 

20 

' 

carried out based on the time unit. The calculation based 

on the time unit will be described in the following where 

the unit of time is second. 

Figs. 49 and 50 show the relation between the 

SMPTE/EBU/Film time code and the digital ~udio interface 

block on time base. 

(1) When the SMPTE/EBU/Film time code is to be 

converted into the digital audio interface time code (see 

25 Fig. 49). 

. . .· 

ii1ii1iiiilf 
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i = Tf (3600TH + 60TM + TS) + TF (38) r 

(When SMPTE non-drop frame Tfr = 30 Hz/EBU/Film 

i = 108000TH + 1800TM + 30TS + 30TF/29.97 (39) 

(When SMPTE non-drop frame Tfr = 29.97 Hz) 

i = 107892TH + 1798TM + 2INT (TM/10) +30TS + TF 

. • . ( 40) 

(SMPTE drop frame) 

TTjt = njt + iTCt (41) 

TT. = 
J TTjt • F s ( 42) 

Where TTjt: time from A.M. 0:00 to the head of jth 

digital audio interface block 165. 

njt: time from the head of the jth digital audio 

interface block 165 to the head of the ith SMPTE/EBU/Film 

time code frame 166 prior to the digital audio interface 

15 block 165. 

TCt: frame period of the SMPTE/EBU/Film·time code. 

(2) when the digital audio interface time code is to 

be converted into SMPTE/EBU/Film time code (see Fig. 50) 

I) When Tfr = 25 Hz, 24 Hz or Tfr = 30 Hz, non-drop 

20 frame 

TBt = jDT (43) 

TLOt = jDT + mit (44) 

TF = (TLOt/TCt) modTFr (45) 

TS = INT (TLOt} mod60 ... (46) 

25 TM = INT (TLOt/60) mod60 (47) 
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TH = INT (TLOt/3600) • • • ( 4 8) 

Where TBt: time from A.M. 0:00 to the jth digital 

audio interface block 168. 

OT: period of the digital audio interface block 

5 TLOt: time from A.M. 0:00 to the head of the ith 

10 

SMPTE/EBU/Film time code frame 167 

mit: time from the head of the ith SMPTE/EBU/Film 

time code frame 167 to the head of jth digital audio 

interface block 168 preceding the ·frame, and 

TCt: frame period of the SMPTE/EBU/Film time code 

II) drop frame 

TLOt = jDT + mit 

··i = TLOt/TCt 

(44) 

(49) 

The calculation of the values TF, TS, TM and TH are 

15 the same as the above described equations (26) to (32), 

and· therefore the description is not repeated. 

20 

III) When Tfr = 29.97Hz, non-drop frame 

TLOt = jDT + mit 

i = TLOt/TCt 

(44) 

(49) 

The calculation of the values TF, TS, TM and.TH are 

the same as the equation (33) to (37), so that the 

description is not repeated. 

Although conversion between the SMPTE/EBU/Film time 

code and the digital audio interface time code by sample 

25 by sample has b~en described in the foregoing, equations 
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for conversion may be provided in the similar manner for 

other types of time codes. 

Based on the idea of the seventh embodiment, the 

SMPTE/EBU/Film time code recorded in the DAT may be 

5 converted into the digital audio interface time code 

transmitted by the channel status data for professional 

use to be outputted., the reverse operation is also 

possible. 

An eighth embodiment will be described in which user 

10 data of.the digital audio interface are all recorded by 

using ~ plurality of packs and pack number indicating the 

order are added thereto . 

. Fig. 51 is a schematic block diagram of the eighth 

embodiment. The structure of the embodime~t shown in Fig. 

15 51 is the same as that of the prior art shown in Fig. 56 

except a user data pack generating circuit 150, a user 

data dividing circuit 151 and a user data generating 

circuit 152 which are newly provided. The user data 

dividing circuit 151 is provided for receiving demodulated 

20 user data outputted from the digital interface circuit-28 

and for dividing the same at every prescribed bits to be 

recorded in 1 pack. The user data pack generating circuit 

150 receives the data divided by the user data dividing 

circuit 151 and when they are recognized as the user data, 

25 it generates the user data packs. The user data 
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generating circuit 152 is provided for reproducing the 

original user data from the reproduced plurality of user 

data packs. 

Figs. 52A and 52B are flow chart showing specific 

5 operation of the eight embodiment, Figs. 53 and 54 are 

timing diagrams showing the operation, and Fig. 55 shows 

one example. of the user data pack employed in the eighth 

embodiment of the present invention. 
·.··· .. 

10 

The operation of the eighth embodiment of the present 

invention will be described with reference to Figs. 51 to 

54. In recording, the user data separated by the digital 

interface circuit 28 are finally divided by the user data 

dividing circuit 151 at every prescribed number of data 

which number corresponds to 1 pack. Fig. 53 is a timing 

15 diagram showing the method of division of the first stage 

of the user data, in which the sampling frequency is 

48kHz. Referring to Fig. 53, the reference character (a) 

shows the DAT frame clock signal generated from the clock 

generating circuit 29 shown in Fig. 51, (b) shows the DATA 

20 ·frame, (c) shows audio signals outputted from· the digital 

interface circuit 28, and (d) shows user data outputted 

from the digital interface circuit 28. The reference 

characters WLn and ULn, and WRn and URn show the audio 

data and the user data of the same sub frame, when n is 

25 the same. 
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As shown in Fig. 53, the user data are divided DAT 

frame by DAT frame, and the user data divided frame by 

frame are further divided at every prescribed number of 

bits by bits to be recorded in 1 pack, as shown in Fig. 

5 5_4. As shown in Fig. 54, the data are divided at every 40 

bits (5 bytes). In this case, the user data recorded in 1 

frame of the DAT are recorded on two tracks as data 6£ 72 

packs. Since there are 112 packs of recording areas in 

every 2 tracts, all user data can be recorded. 

10 As described above, the user data divided by the user 

data dividinq circuit 151 are arranged in a pack format 

such as shown in Fig. 55 by the user data pack generating 

circuit 150. In this example, "_1110" is used as the PACK 

ITEM, and pack number from pack 0 to pack 71 are added to 

15 all of the 72 packs in order to identify the order of the 

user data in the DAT frame, which are assigned to the area 

PC2. In the areas PC3 to PC7, the user data are assigned 

and parities generated from PCl to PC7 are assigned to the 

area PCB. 

20 The user data packs generated by the user data pack 

generating circuit 150 are st~red in the memory circuit 4 

and the audio data and the user data of successive 2880 

sub frames (1140 sub frames in each channel} are written 

in the memory circuit 4 so that they are recorded in the 

25 same DAT frame, as shown in Fig. 53. 
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The operation in reproduction will be described in 

the following with reference to Fig. 52B. The audio data 

stored in the memory circuit 15 are applied to the digital 

interface circuit 28. The user data generating circuit 

s 152 reads 72 packs, that is, pack 0 to pack 71, of the 

user data packs referring to ·the· item and the pack number, 

out of the packs stored in the memory circuit 15 and takes 

out only the user data portion of each pack, and outputs 

the same in the original order to ~he digital interface 

10 circuit 28. The digital interface circuit 28 changes the 

audio data and the user data· to the digital audio 

interface format to output the same from the digital 

output terminal -27. 

Since it is known in advance that the user data 

15 corresponding to the sample at the head of the DAT is the 

first bit of the pack number 0, the data can be outputted 

in the same combination.as they are received. 

In the pack format examples shown in Fig. SS, PC3 to 

PC7 are used as the recording area for the user data. 

20 However, B3 to BO of PCl and B7 and B6 of PC2· may.be 

assigned to the pack number and the user data may be 

assigned to the areas following BS of PC2 including PCS. 

Although user bits of 2 channels are treated in 

combination as a group of user data in the foregoing, the 

25 user data may be divided into two channels and the channel 
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code for identifying the channel and the pack number may 

be recorded in PC2 to provide the same effect. 

Although the pack numbers are simultaneously recorded 

in the above described embodiments, by preparing recording 

s areas corresponding to the pack numbers in advance, the 

pack numbers become unnecessary, improving the efficiency 

in recording. 

Although description was given of user data in the 

foregoing, all channel status data can be recorded in the 

10 similar manner. The user data and.the channel status data 

which are the additional information to the audio data as 

the main signals may be recorded in the sub code area in 

packs-. The recording of channel status data may be 

carried out not in 2 channels but only 1 channel. 

15 Signals of the digital interface format for 

professional use have been treated· in the foregoing, 

signals for home use may be treated in the same manner. 

The same function as the user data pack generating circuit 

150, the user data dividing circuit 151 and the user data· 

20 ·generating circuit 152 may be realized by a microcomputer 

23. 

Although a specific PACK ITEM is used as a format 

.example of the sub code packs in the above described first 

to eighth embodiments (except the seventh embodiment) have 

25 been described, it is not limited thereto, and the content 
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to be recorded.in the PACK DATA recording area neeq not be 

recorded at the above described designated positions but 

··may be recorded at arbitrary positions. 

In the above described first to fourth embodiment, 

5 the DAT for recording and reproducing SMPTE/EBU/Film time 

code has· been ·de·s·cribed, in the fifth· and sixth 

embodiments, DAT for recording and reproducing channel 

status data for professional use of the digital audio 

interface have been described, and in the eighth 

10 embodiment, a DAT for recording and reproducing user data 

of digital audio interface has been described. A DAT 

capable of recording and reproducing all of the above 

described information can be realized by providing all the 

15 

circuits added in respective.embodiments. 

Although the present invention has been described and 

illustrated in detail, it is clearly understood that the 

same-is by way of illustration and example only and is not 

to be taken by way of limitation, the spirit and scope of 

the present invention being limited only by the te::cms of 

20 ·the appended claims. 
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CLAIMS: 

1. A magnetic recording and reproducing apparatus 

dividing inputted main signals at every unit time to 

process said divided main signals as 1 frame data to 

record the same on a· prescribed area of a magnetic tape 

5 and recording sub signals in a different area of said 

magnetic tape, and reproducing the recorded main signals 

and sub signals, comprising: 

information extracting means (28) receiving time code 

signals having a frame frequency different from that of 

10 said main signals for extracting first time information 

and information other than the time information included 

in said time code signals; 

phase differ~nce detecting·means (74) for detecting 

phase difference between a point of change of. frames of 

15 said main signals and a point of change between frames of 

said time code signals by clock signals having the same 

frequency as sampling frequency of said main signals; 

arithmetic means (23), in recording, responsive to­

the first time information extracted by said information 

20 extracting means and to the phase difference information 

detected by said phase difference detecting means for 

calculating second time information using said unit time 

as a minimum unit, and for calculating initial phase 
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difference information between head of a frame as a 

25 reference of said time code signals and head of a frame of 

said main signals positioned at the frame as the reference 

of said time code signals, and in reproduction, for 

calculating said first time information and the phase 

difference information from said second time information 

30 and said initial phase difference information; 

recording and reproducing means for recording, in 

recording, said second time information calculated by said 

arithmetic means, said initial phase difference 

information, the information other than said time 

35 information extracted by said information extra.cting means 

and frequency identifying information indicative of the 

frequency of the clock signals used for detecting said 

phase difference information in said sub signal recording 

area, and for reproducing, in reproduction, said second 

40 time information, said initial phase difference 

information, the information other than said time 

information, and said frequency identifying information 

· from said sub signal recording area; and 

time code signal generating means (23) for composing 

45 a series of data of a prescribed transmission format of 

said time code signal based on said first time information 

calculated by said arithmetic means and on the information 

other than said time information reproduced by said 
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recording and reproducing means, and for outputting the 

50 series of data of said composed time code signals in 

response to said phase difference information calculated 

by said arithmetic means. 

2. A magnetic recording and reproducing·· apparatus 

according to claim 1, wherein 

said arithmetic means comprises means for carrying 

out prescribed arithmetic correction on said initial phase 

5 difference information or on said calculated phase 

difference information, when the frequency indicated by 

said frequency identifying information is different from 

the sampling frequency of said main signals during 

reproduction. 

3. A magnetic recording and reproducing apparatus 

according to claim 1, wherein 

said recording and reproducing means comprises means 

for recording information of the minimum unit of said 

5 ·second time information calculated by said arithmetic 

means together with the information other than said time 

information in the same area in said s_ub signal recording 

area. 
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4. A magnetic recording and reproducing apparatus 

according to claim 1, wherein 

said recording and reproducing means comprises means 

(23) responsive to phase relation between the frames of 

5 said time code signals and the frames of said main 

·si·gnals, when the same information other than said time 

information is recorded·over successive 2 frames of said 

main signals, for recording information indicative of the 

fact that the recorded content is the same as that of the 

10 preceding frame; in an area recording the information 

other than said time information belonging to the latter 

frame of the successive 2 frames. 

s. A magnetic recording and reproducing apparatus 

dividing inputted first main signals at every unit time, 

signal processing the said divided first main signals as 

data of l frame for recording the same in a prescribed · 

s area of a magnetic tape, for recording sub signals in an 

area different from the area of the first main signals on 

·said magnetic tape, and for reproducing the recorded main 

signals and the sub signals, comprising: 

signal extracting means (90) for extracting, from a 

10 series of digital signals transmitted in a format 

structured such that a sub frame including at least 1 word 

of second main signals and 1 bit of auxiliary data is 
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treated as a unit of transmission, n sub frames forming 1 

block, said auxiliary data forming at least one piece of 

15 information in said block unit, address information for 

20 

25 

the second main signals transmitted in the sub frame in 

which the first bit of the auxiliary data word being 

included in said piece of information, said second main 

signals and said auxiliary data; 

phase difference detecting means (91) for detecting 

phase difference between a point of change of said first 

main signals and a point of change of the blocks of the 

series of said digital signals positioned at the head of 

the frame of .said first main signals; 

arithmetic means (23) for calculating, in recording, 

second address information corresponding to the first word 

of the frame of said first main signals from the phase 

difference information detected by said phase difference 

detecting means and the first address information 

30 transmitted in the block of said series of data signals 

positioned at the head of the frame of said first main 

signals, and for calculating, based on said second address 

information, time information using said unit time as a 

minimum unit and fraction smaller than said unit time, and 

35 in reproduction, for calculating said second address 

information based on said time information and said 

fraction; 
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recording and reproducing means (9, 10, 23) for 

recording, in recording, said time information calculated 

40 by said arithmetic means and said fraction in said sub 

signal recording area, in reproduction, and for 

reproducing said time information and said fraction 

recorded in said sub signal recording area; and 

digital signal series generating means (23) for 

45 composing said second address information calculated by 

said aritJ:unetic means and said first main signals to said 

series of digital signals to output the same~ 

6. A magnetic recording and reproducing apparatus 

according to claim 5, wherein 

said recording and reproducing means comprises means 

for dividing information other than said address 

s information transmitted in the block of said series of 

digital signals positioned at the head of the frame of 

said main signals into a plurality of information, adding 

identification information indicative of the content to 

the divided information, for recording the same iri said-

10 sub signal recording area, and for reproducing the 

information other than said address information recorded 

in said sub signal recording area based on said 

identification information; 
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said digital signal series generating means comprises 

15 means for adding said information other than said address 

information further to the series of said digital signals 

to output the same. 

7. A magnetic recording··and ·reproducing apparatus 

according to claim 6, wherein 

said information other than said address information 

include information indicative of reliability of the 

5 transmitted content; and 

said digital signal series generating means comprises 

means for correcting recorded content which is recognized 

as r&liable by the information indicative of the 

reliability reproduced from said recording and reproducing 

10 means, by using other reliable recorded content. 

8. A magnetic recording and reproducing apparatus 

according to claim 6, wherein 

said information other than the address information 

includes character information such as alphabet and 

s numeral; and 

said recording and reproducing producing means 

comprises means for recording and reproducing all of said 

character information transmitted in the block of said 

series of digital signals. 

11111111111111 11111 1111111 1111 
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9. A method of magnetic recording and reproducing 

wherein inputted main signals are divided at every unit 

time, sign-al processing is carried out on the divided main 

signals as data of 1 frame to record the same on a 

5 prescribed area of a magnetic tape, sub signals are 

recorded in a different area on said magnetic tape, ana 

the recorded main signals and sub signals. are _reproduced, 

comprising the steps of: 

inputting time code signals having a frame period 

10 different from that of said main signals and extracting 

first time information and information other than said 

first time information transmitted by said time code 

signals; 

. detecting phase difference between a point of change 

15 of the frames of said main signals and a point of change 

of frames of said time code signals by clock signals 

having the same frequency as sampling frequency of said 

main signals; 

calculating, in recording, second time information 

20 using said unit time as a minimum unit based on said 

extracted first time information and said detected phase 

difference information, calculating initial phase 

difference information between head of the frame as a 

reference of said time code signals and head of the frame 

25 of said main signals positioned at the frame serving as 

- 90 

11111111 111111 11111 11111111111 
* C L M S * 



·-·-----·-------

the reference for said time code signals, and recording 

calculated said second time information, and said initial 

phase difference information, said extracted information 

other than the time information, and frequency identifying 

30 information indicative of the frequency of the clock 

signals used for detecting said phase difference 

information, in said sub signal recording area; 

in reproduction, reproducing said second time 

information, said initial phase difference information, 

35 said information other than the time information and said 

frequency identifying information recorded in said sub 

signal recording area; 

.calculating said first time information and the phase 

difference information based on said reproduced second 

40 · time information and said initial phase difference 

information; and 

composing a series of data of a prescribed 

transmission format of said time code signals from said 

calculated first time information and said reproduced 

45 - information other than the time information, and 

outputting, in response to said calculated phase 

difference information, said composed series of data of 

the time code signals. 
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10. A method of magnetic recording and reproducing 

according to claim 9, further comprising the steps of: 

carrying· out a prescribed arithmetic correction on 

said initial phase difference information or on said 

5 calculated phase difference information, when the 

frequency indicated by said frequency identifying 

information is different from the sampling frequency of 

said main signals, in reproduction •. 

11. A method of magnetic recording and reproducing 

in which inputted main signals are divided at every unit 

time, signal processing is carried out on the divided main 

signals as data of 1 frame to record the same on a 

5 prescribed area of a magnetic tape, sub signals are 

recorded in a different area of said magnetic tape, and 

the recorded main signals and sub signals are reproduced, 

comprising the steps of: 

extracting, from a series of digital signals 

10 transmitted in a format structured such that a sub frame 

- including at least 1 word of main signals and. 1 bi·t of -

auxiliary data as a unit of a transmission, n sub frames 

forming one block, said auxiliary data forming at least 

one piece of information by said block unit and address 

15 information for the main signals transmitted in the sub 

frame in which a first bit of the auxiliary data word 
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being included in said piece of information, said main 

signals and said auxiliary data; 

detecting phase difference between a point of change 

20 of frames of said main signals and a point of change of 

blocks of said series of digital signals positioned at the 

head of the frame of said main signals; 

in recording, calculating second address information 

corresponding to a first word of the frame of said main 

25 signals from said detected phase difference information, 

and the first address information transmitted in the block 

of said series of digital signals positioned at the head 

of the frame of said main signal, and calculating time 

information using ~aid unit time as a minimum unit and a 

30 fraction smaller than said unit time, from ~aid second 

address information; 

recording said calculated ·time information and said 

fraction on said sub signal recording area; 

in reproduction, reproducing said time information 

35 and said fraction recorded in said sub signal recording 

-area; and 

calculating said second address information from said 

reproduced time information and said fraction, and 

composing and outputting said series of digital signal 

40 from said calculated second address information and said 

· main signals. 
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12. A method of magnetic recording and reproducing, 

according· to claim 11, further comprising the steps of: 

in recording, dividing information other than said 

address information transmitted in the block of said 

5 series of digital signals positioned at the head of the 

frame of said main signals into a plurality of pieces of 

.... ·.· 

10 

information, adding.identification information indicative 

of the content to the divided pieces of information, 

recording the same ins said sub signal recording ar~a, in 

reproduction, reproducing the information other than said 

address information recorded in said ~ub signal recording 

area based on said identification information, and. 

composing and outputting said information other than said 

address information further to series of digital signals. 
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13. Tape recording apparatus arranged to record 

information in successive first frame units on a tape, 

the apparatus being capable of additionally recording 

supplementary information received by the apparatus in 

5 a format whereby the supplementary information is 

supplied in second frame units having a different 

frame frequency from that of said first frame units, 

characterised in that the apparatus is arranged to 

record the supplementary information, together with 

10 data representing a phase difference between first and 

second frame units, within said first frame units. 

14. Tape reproduction apparatus arranged to 

reproduce information from successive first frame 

units recorded on a tape, the apparatus being capable 

15 of additionally reproducing supplementary information 

from the tape and outputting the supplementary 

information in a format whereby the information is 

contained in second frame uni ts having a different 

frame frequency from that of said first frame units,. 

20 wherein the apparatus is arranged to reproduce the 

supplementary information, toge~her with data 

representing a phase difference between first and 

second frame units, from said first frame units and to 

use the phase difference information to format the 

25 supplementary information. 
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