
0 117 910 Description This invention relates to an apparatus for analyzing
prescribed parameters of an analog electrical signal as referred to in
claim 1. The art of performing a variety of audio and/or video tests on
various electronic information handling devices is well known. It is an
additionally well-known technique to perform certain audio and/or video
tests upon virgin recording mediums such as magnetic tape in order to
evaluate the characteristics of the tapes for purposes of quality assurance
and for grading, i.e. for categorizing the quality as to grade of the tapes
exiting a production line. 10     However, such tests for sample testing of
blank tapes in a production run are performed for purposes of evaluating
the magnetic characteristics of the medium only and are performed under
ideal recording and playback conditions resulting in specifications for the
medium per se. However, test for analyzing audio test signals at the time
intervals of the video frame rate or the video line rate provides a
problem, since only a few cycles of an audio signal can occur in the time
of a vertical 15 frame rate and even less during the time of a horizontal
line rate. Therefore, it is an object of the invention to provide a
sequence of segments of audio text signals at a video synchronizing rate
and make use of those signals for analyzing the audio transfer qualities of
the processing unit. Prior art devices for sampling test signals and
providing a quality signal such as shown in DE-A-2 849 025 comprise an
apparatus for deriving a parameter indicative of the quality of parts of a
20 television system from an insertion .test signal repeated at regular
intervals during field blanking periods of a transmitted signal includes a
sampling device for providing a digital signal representing the amplitude
at a sampling position of the test signal, means for actuating the sampling
means, and a computer. The computer is programmed to furnish parameter
signals from a number of the amplitude representative signals taken at
different sampling positions by the sampling device to respond to timing
origins included 25 in the television signal to thereby control the
actuating means. The actuating times are so related to the timing origins
that the amplitude signals are sampled at an average rate which is low
compared with the rate at which the signals occur during a single test
signal. A buffer store is connected between the sampling device and the
computer for storing a number of the amplitude signals and also for storing
request signals for the amplitude signals in a way that the sampling device
is enabled to operate during a line period at a 30 greater rate than the
computer. The buffer store is in the form of a first-in-first-out store.
Accordingly, it is an object of this invention to provide an apparatus for
analyzing prescribed parameters of an analog electrical signal, comprising:
means for receiving a sequence of separate analog electrical signal
segments having a real time sequence rate, each segment containing at least
one audio test signal having a corresponding real time waveform; storage
means coupled to said receiving means for 35 accumulating said sequence of
signal segments received in real time; characterized by: control means
coupled to said storage means for serially sequentially releasing the
accumulated sequence of signal segments from said storage means at an
output sequence rate slower than said real time sequence rate while
maintaining said audio test signals with said corresponding real time
waveforms; and signal analyzer means, coupled to said storage means for
receiving said released sequence of signal segments at said 40 slower
output sequence rate and performing measurements on each said audio test
signal of each said segment. Further developments of the invention are
subject of subclaims. Thus, "unit evaluation" is accomplished by
establishing an input signal of known content, measuring selected
parameters of selected parts of the input signal, feeding the input signal
to the unit under test, 45 measuring the parameters of parts of the output
signal from the unit under test corresponding to the same selected parts of
the input signal, and comparing the selected parameters of the input signal
with the corresponding parameters of the output signal. In the following
discussion, the term "unit" in the phrase "unit evaluation" includes tapes,
discs, audio records, electronic storage, various electronic circuits
ranging from simple integrated circuits or printed circuit boards to
macrosize amplifiers or other complex information handling equipment. Since
this invention is exceptionally useful in the evaluation of videodiscs, a
special form of the phrase "unit evaluation" will be used throughout this
application, and thus, "disc evaluation" will refer to the analysis of
information retrieved from a videodisc as compared with the analysis of the
recording medium 55 (generally tape) of which the information recorded on
the disc is duplicative. Thus, "tape evaluation" will 



refer to evaluating the contents of a master tape, while "disc evaluation"
will refer to the information retrieved from a replicated disc. Another
term used through this application is "signature". The term "signature" has
been used in the prior art to designate a parameter listing against which
devices being tested are compared. 60 The term "signature" as used in this
application has a degree of identity or "personality" of the unit under
test, insofar as the "signature" is comprised of a multiplicity of test
parameters, each parameter having limits within which comparable
measurements of the unit under test must fall. Accordingly, the "signature"
as used with this invention is a practical, as opposed to theoretical,
model against which all 65 further units are compared. 2    0 117 910 Brief
description of the drawings The invention will now be described in detail
having reference to the appended drawings in which: Figure 1 shows in block
diagram form a complete audio/video quality monitoring system in which a
common central controller cooperates with multiple interface subsystems and
associated multiple 5  audio/video test subsystems; Figure 2 shows a
modified version of Figure 1 in which, rather than having a central
controller, the audio and video test subsystems communicate with and are
under the control of an isolated and independent interface subsystem and
controller; Figure 3 is a more detailed block diagram of the audio/video
quality monitoring system of Figure 1 to showing the interrelationship
between the central controller and one of the plurality of interface
subsystems and its associated audio and video test subsystems; Figure 4 is
a block diagram showing a further breakdown of the audio test subsystem of
Figure 3; Figure 5 illustrates a representation of a length of video tape
showing the position of lead-in, lead-out program material, and track
locations for audio and control and cue tracks; 15     Figure 6 shows, in
the upper half thereof, a special representation of the placement of audio
test tones at the lead-in and lead-out portion of a video tape or video
disc, and in the bottom half thereof, a pictorial representation of the
signals in the corresponding blocks of the top half of the figure; Figure 7
shows, in block diagram form, the audio test tone generator logic for
creating the audio test tones for placement on lead-in and lead-out of the
video tape or video disc; 20     Figure 8 is a general block diagram
illustration of the audio analysis logic portion of the audio test
subsystem; Figure 9 illustrates a more detailed portion of the audio
analysis logic, and in particular, the audio controller portion thereof;
Figure 10 shows details of a portion of the audio analysis logic, and in
particular, the audio and video 25 selector, 6734 tone detector, and time
code or frame number selector; Figure 11 shows the details of the
multi-programmer portion of the audio analysis logic of Figure 8; Figure 12
is a timing chart showing the relationship between the signals operative
for carrying out the audio analysis according to the logic diagram of
Figure 8; Figure 13 illustrates, in block diagram form, the operative
functional blocks of the video test 30 subsystem; Figure 14 is a waveform
showing the theoretical flattened portion of the waveform of the back porch
of the horizontal blanking pulse immediately following the color burst
signal; Figure 15 is a pictorial representation of the distribution of
points on a video disc on which noise characteristics are measured; 35
Figure 16 shows, in block diagram form, the circuitry useful in measuring
the noise content on the back porch of the horizontal blanking pulse of
Figure 14; Figure 17 is a general block diagram showing the video analysis
logic associated with the video test subsystem; Figure 18 is a general
block diagram of the audio/video data evaluation subsystem; 



40     Figure 19 is an overall procedural block diagram showing the manner
in which tape evaluation is accomplished according to the present
invention; Figure 20 is an overall procedural block diagram showing the
manner in which the disc evaluation is accomplished according to the
present invention; Figure 21 is an overall procedural block diagram showing
the manner in which the throughput device 45 evaluation is accomplished
according to the present invention; and Figure 22 is an overall procedural
block diagram showing the manner in which the digital signature evaluation
is accomplished according to the present invention. Detailed description of
the invention 50     Figure 1 shows a complete audio/video quality
monitoring system utilizing a central controller 1 and a plurality of
terminals each comprising an interface subsystem 3, an audio/video test
subsystem 2, and the unit under test 4 connected to the audio/video test
subsystem 2. The peripheral equipment associated with the central
controller 1 comprises a memory unit 13, a keyboard 70, a data evaluation
subsystem 19, and a data readout device or devices 64. 55     While Figure
1 shows a single central controller 1 with multiple interface subsystems 3,
an alternative to such a "centralized" system is the arrangement of Figure
2 in which each interface subsystem 3 is inclusive of its own, perhaps less
sophisticated, controller, and has its own memory unit 13, keyboard 70, and
data readout devices 64. Figure 2 further shows a slightly more detailed
communication link between the various components of the interface, test,
and evaluation subsystems. 60     Figure 3 shows a greatly expanded version
of the arrangement shown in Figure 1 with central controller 1 and its
associated peripheral equipment connected with only a single interface
subsystem 3, audio test subsystem 5, video test subsystem 7, and unit under
test 4. To this point, the unit under test 4 has been treated as strictly a
player-type unit capable of reproducing audio and video signals from a
prerecorded tape or disc. The phrase "unit under test", however, carries
with it, for the purposes of this 65 application, a more complex
arrangement comprised of a tape recorder/player 11, a disc player 9, and an
3    0 117 910 audio and video selector 53 as shown within the unit under
test block 4 in Figure 3. The disc player is capable of outputting both
video and audio signals to the selector 53 on lines 147 and 151,
respectively Similarly, the tape recorder/player 11 outputs video on line
149, and audio on line 153. Later, it will be evident that the audio lines
151 and 153 carry two lines of audio for the purposes of accommodating a 5
stereophonic or two channel signal. Operation control, i.e., stop, play,
reverse, fast forward, rewind, etc., is effected by operation control 117
in interface subsystem 3 via cable 133 shown in Figure 3 as a single line
for simplifying the drawing. Operation control is also effective to select
either audio channel, or both, and video from either the disc player 9 or
tape recorder/player 11. Audio and video are thus outputted on lines 58 and
118, respectively, 10 leaving the audio and video selector 53. Tape
position is outputted on the data channel output line of the tape player
11, and audio test tones are applied to the tape by tape recorder 11 as
will be discussed in connection with more detailed figures later. Having
reference to Figures 3 and 4, the function of the audio test subsystem will
now be described. 15     Upon receiving a customers tape, a duplicate is
made, and while the duplicate copy is properly termed a submaster, it is
also referred to as a pre-mastering tape preparatory to producing a disc
master. In any event, the first step in the process is to transfer the
customer's program from the master tape to a submaster or pre-mastering
tape. Simultaneously with the transferring of the video portion of the
program to the pre-mastering tape, appropriate video test signals are
inserted on lines 19 and 20 of the vertical 20 interval. A timed sequence
of audio test signals is recorded at a predetermined location on the
lead-in and lead-out portions of the pre-mastering tape. The signals will
be used to analyze the audio quality of the signals recorded on the tape
and on the disc to be made from the tape. Details of the lead-in and
lead-out audio testing will now be discussed. In Figures 3 and 4, the data
channel from the tape player 11 is outputted on line 34 and is sent to time



25 code selector 51, a second input of which is a time code signal from the
time code register 116 as set up by the keyboard 70 via central controller
1. The operator thus rewinds the tape on recorder 11 to a position upstream
of the start position for the test tones and sets the tape recorder into a
recording mode through actuation of operation control 117 over line 133.
When the time code on data channel line 34 matches the time code from
register 116, the time code selector 51 sends an output compare signal to
the audio 30 controller 21 which then initiates, over line 30, test tone
generator 49 to apply test tones to both channels 1 and 2 of tape recorder
11. In a similar manner, after the test tones have been applied to the
lead-in portion of the tape, the operator performs a high speed tape wind
to a point corresponding to the end of the active program and enters a
second beginning point for the test tones to occur, during lead-out of the
tape, beginning at least 35 150 frames after the program end. Under control
of central controller 1, when the operator permits the tape to resume
normal speed prior to passing the end of active program area, a match is
again detected by time code selector 51 at at least 150 frames after the
program end, the tape recorder is put into record mode, and the test tone
generator 49 is enabled by audio controller 21 to deposit test tones on
channels 1 and 2 of the tape recorded by tape recorder 11. 40     It is
contemplated that the present invention can be utilized to insert audio
test tones in between isolated program segments, as well as during lead-in
and lead-out locations. In any event, the method of characterizing the
information transfer characteristics of the recording medium basically
involves recording, and simultaneously making a first measurement of, known
values of one or more test signals on the recording medium, followed by
playing back the recording medium and 45 making a second measurement of the
recorded test signal or signals. In the manner of establishing a signature"
as a representation of the signal transfer characteristics, and unlike
prior art procedures involving merely checking properties of the medium
(e.g., magnetic properties of a video tape), deviation levels from the
first measurement results are set up as prescribed tolerance limits for the
aforementioned second measurement, and the results of the first measurement
are compared with the results of the second 50 measurement to determine if
the second measurement results are within the prescribed tolerance limits
established from the first measurement results. When testing throughput
devices (such as amplifiers, printed circuit boards, microelectronic chips,
etc.), or in generally applying the present invention, analyzing the signal
transferring characteristics of a signal processing unit can be
accomplished by establishing an input signal of known content, measuring 55
selected parameters of selected parts of such input signal, feeding that
input signal to the signal processing unit, measuring the parameters of
parts of the output signal from the signal processing unit corresponding to
the similar selected parts of the input signal, and comparing the selected
parameters of the input signal with the corresponding parameters of the
output signal. Again, the tolerance limits for the measurement of
parameters of the output signal are derived as deviation levels from the
measurement of the corresponding 60  parameters of the selected parts of
the input signal. A method of analyzing the signal transfer characteristics
of a signal processing unit will now be described in a slightly modified
version than previously described, in that advantage is taken of an
information storage device which can retain information gathered quickly
from the unit under test and which can be accessed later for information
analysis. In effect, the method involves establishing an input 65 signal of
known content, mesauring selected parameters of selected parts of the input
signal, storing the 4    0 117 910 input measurement results to define a
stored signature of the input signal comprising the selected parameters of
selected parts of the input signal, feeding the input signal to the
processing unit, measuring the parameters of parts of the output signal
from the signal processing unit corresponding to selected parts of the
input signal, and subsequently comparing the parameters of the output
signal with the 5  corresponding input signature parameters. When it is
desirable to carry out the actual evaluation of the output signal
measurements at a later time, the method of analyzing just described can be
supplemented by a further step in the evaluation process. That is, before
comparing the output signal measurement with the stored selected input
signature parameters, the measurements of the output signal can also be
stored 



to define a stored signature of the output signal comprising selected
parameters of selected parts of the 10 output signal, and the comparing
step would then comprise comparing the stored output signal signature with
the stored input signal signature. Reference is made to Figures 3 and 4 and
the following discussion for an understanding of this aspect of the
invention. A 6734 head tone is recorded and retrieved from only one channel
(e.g., channel 2 of a two channel audio program). This head tone identifies
the beginning of the audio test tone sequence, and the audio on 15 line 58
(Figure 3) or line 58-2 (Figure 4) from the audio and video selector 53 is
routed to the 6734 tone detector 41. The output of 6734 detector 41 is
routed over line 82 to the audio controller 21 which provides, under
internal process control, all of the timing functions for the remainder of
the audio test subsystem 5. Audio controller 21 is enabled preparatory to
the system recognizing the 6734 tone burst by the operator, through
keyboard 70, central controller 1, and interface subsystem 3 by the sending
of a request 20 to the audio subsystem to load its internal acquisition
program and to activate the audio test subsystem. At the time audio test
signals were generated and applied to the tape, a SMPTE start code is
entered by the tape operator to indicate the start of active program as
expressed in hours and minutes. Similarly, a SMPTE end code as entered by
the tape operator indicates the end of active program as expressed in hours
and minutes. Thus, upon command from the operator to perform tape or disc
evaluation, the central 25 controller 1, via interface subsystem 3, enables
the audio controller 21 in the audio test subsystem 5 over line 18 with an
"enable" signal. The central controller then instructs the operator to
rewind and start the tape or disc from the beginning. The central
controller sends the SMPTE start code minus 25 seconds to the interface
subsystem 3 and loads it into time code registers 116. In the same manner
as previously described with depositing the 30 test tone sequence to the
pre-mastering tape, time code selector 51 alerts the audio controller 21
over line 76 that lead-in of the tape or disc is being read. With the audio
controller 21 now enabled, detection of the 6734 tone burst initiates the
action of audio controller 21 to perform its timing sequences for the
various analyzing functions of the audio test subsystem over line 30. One
of the output control signals over line 30 is a control and trigger signal
routed to the multiprogrammer 23. Upon receipt of the control and trigger
35 signal, multiprogrammer 23 digitizes the segmented audio test tones on
line 58, stores the digitized version of the test tones in memory, and
under control of the audio controller 21, converts a selected segment of
the audio test tones to a continuous analog representation and sends such
representation over line 46 to audio signal analyzer 25 for general
analysis, and to audio spectrum analyzer 27 for spectrum analysis of the
lead-in and lead-out test tones. Direct audio on line 58 from the
audio/video selector 53 is routed to an 40 active program spectrum analyzer
43 and a mono/non-mono signal check 62, the former performing spectrum
analysis of selected portions of the active program material, and the
latter making a determination as to whether or not the two audio signals on
the two audio channels of the playback audio are substantially the same or
different, thereby indicating that the audio portion of the program is
either monophonic or non-monophonic. The term "stereo" is not used in
describing the function of the signal 45 check block 62, since the
invention is equally suited for analyzing audio signals on the two channels
in the form of monophonic, stereophonic, or totally separate audio tracks.
The outputs of each of the signal analysis blocks of the audio test
subsystem are routed to a data evaluation subsystem 19 which, under
instructions from the operator through central controller 1 compares the
audio analysis results with standards, i.e., performs a signature
comparison, and outputs the 50 results of the evaluation onto a printer 15
or visual display 17. With specific reference to Figure 3, the video from
audio and video selector 53 overline 118 is routed to the video test
subsystem 7, the video signal being converted from analog to digital form
by A/D converter 123, the digitized version being stored in digital memory
124 and selectively processed or analyzed in video processor 125. The
output of video processor [err] is thus a video "signature" of the
recovered video signal, 55 is outputted over line 126 to the data
evaluation subsystem 19, and the thus obtained output "signature" is
compared with a stored signature in the data evaluation subsystem 19, the
results of which is printed on printer 15 and/or displayed at display
station 17. Program start and end signals on line 76 and evaluate start on
line 78, all from code or frame number selector 51, enable auido controller
21 to initiate and periodically check active audio as a result of decoding
60 frame time codes from the vertical interval of the video received from
the audio/video selector 53 on line 118. For purposes of illustration and
to insure consistency of terminology used in this specification with that 



normally used and accepted in the art, references made to Figure 5 which
shows a schematic representation of a length of video tape containing a
lead-in portion, a lead-out portion, and a program 65 material portion
sandwiched therebetween. Assuming tape motion is to the right in Figure 5,
the beginning 5    0 117 910 of the tape 55 has a lead-in portion 57, a
test tone zone 59 on the lead-in portion, and a guard portion 65 of
lead-in, all followed by the program material portion 67. The test tone
zone 59 on lead-in is comprised of two tracks of audio test tones, track 1
being represented by numeral 61 and track 2 by numeral 63. In symmetrical
fashion, following the program material portion 67, a lead-out guard
portion 65 precedes test tone zone 59 comprised of audio track 1 shown at
61, audio track 2 shown at 63, and lead-out portions 57 extending to the
end of the tape. The dotted line at 66 represents a control track for use
in synchronizing the tape drive of the tape recorder upon playback, among
other things, and a cue track 68 upon which can be recorded a variety of
signals, including time code frame numbers, editing data, additional audio,
etc. 10     Referring to Figure 6, in order to have a known measurable set
of standards upon which to qualify audio signals, a segmented signal train
of appropriate test signals is recorded on both the lead-in and lead-out
areas of the pre-mastering tape. In a preferred embodiment of the
invention, audio test tones are recorded on both audio channels of the tape
and occupy 12 vertical frame times in corresponding areas on both of the
audio channels as represented by the vertical dotted lines in Figure 6.
Preceding the 12 frames 15 of test tones, on channel 2, is the 6734 test
tone location signal. The top half of Figure 6 schematically shows the two
audio channels 61 and 63 with a literal designation of the type of signal
contained in each frame time period of each audio channel. The bottom half
of Figure 6 is a drawing of the approximate waveforms of the signals
identified in the upper half of - Figure 6. 20     When the contents of the
first segment of the audio test tone train is analyzed, phase, amplitude,
signal-to-noise, and harmonic distortion measurements are taken. Since the
two channels contain, for the durations of segments 2 and 3, one kilohertz
on one channel simultaneously with DC (i.e., no signal) on the other
channel, cross talk measurements from one channel to the other are taken
during segments 2 and 3. During segments 4 and 7, each channel contains a
DC level, and thus noise level measurements are 25 taken during these time
slots. A prescribed summation of 60 HZ and 7 KHZ tones is contained on
segments 5 and 6, and when analyzed with appropriate test equipment
indicate the intermodulation distortion level through the recording and
playback process. Finally, segments 8-12 contain audio tones continuously
sweeping through a wide range of 30 frequencies, i.e., from 20 HZ to 20
KHZ, and the analysis of the recovered test tones in this area reflect the
frequency response of the transfer characteristics. For the purposes of
this invention, the contribution to the electronics involved in the
recording/ playback process is considered negligible. Turning now to Figure
7, a schematic diagram is shown which produces the audio test tones. A test
35 tone generator and multiplexer 49 contains a plurality of function
generators including a 6734 generator 73, a 1 KHZ tone generator 75, a 60
HZ tone generator 77, a 7 KHZ tone generator 79, a sweep generator 81, and
a DC source 83. In the test tone recording process, upon command from the
keyboard operator, an enabling signal over line 18 is routed to audio
controller 21. The tape is rewound and put into play condition, whereupon
the 40 SMPTE code derived by the central controller 1 is loaded into
lead-in location register 87 and sent over line 86 to comparator 91. As the
tape progress in its play mode, a position detector 85 reads the SMPTE time
code off the data channel tape recorder 11 and sends the detected position
information over line 84 also to comparator 91. After enabling of the audio
controller 21, the controller 21 interrogates comparator 91 for detection
of correspondence between the present position detected by position
detector 85 and the 45 predetermined point at which lead-in test tone
signals are to be applied, the latter location information taken from
lead-in location register 87. When a comparison is found, an output of the
comparator 91 over 



line 28 initiates the subsequent multiplexing action under control of audio
controller 21. Basically, audio controller 21, over line 72, selectively,
and at a video vertical repetition rate, enables one or two of the function
generators feeding multiplexer 71. Multiplexer 71 then sums the outputs of
the selected function 50 generators, and outputs the desired combinations
shown in Figure 6 over lines 76 and 78 to be routed to the input channels 1
and 2 of tape recorder 11. Simultaneously with detection of the compare
signal on line 28, audio controller 21 outputs a record enable signal on
line 80 to tape recorder 11 in order to change the recorder from the play
to the record mode so that the audio test tones will be deposited, in the
fashion shown in Figure 6, on the separate audio 55 channels. Control of
forward, reverse, play, and stop motions of the tape recorder 11 are
effectuated under control of audio controller 21 over the lines in cable
133. Not shown in Figure 7 are communication links between the central
controller 1, interface subsystem 3, and the audio test subsystem 5 which
communicate the operator's keyboard commands to the audio controller for
effectuating the various 60  motion functions of the tape recorder 11.
These are typical control communication paths which can be implemented in a
variety of known ways. A general block diagram of the audio analysis logic
is shown in Figure 8. In the manner described in connection with Figure 3,
both a disc player 9 and a tape recorder/player 11 are shown connected to
an audio selector 53 (the audio portion of audio and video selector 53) the
two audio outputs of disc player 9 65 being carried by line 32, while the
two channels out of the tape player 11 are carried .by line 16. Channels 1
6    0 117 910 and 2 audio out of the audio selector 53 are carried on
lines 58-1 (channel 1) and 58-2 {channel 2). It will be noted that only
channel 2 audio is sent to the 6734 detector 41, consistent with the
waveforms shown in Figure 6. The audio on line 58-1 enters A/D converter
37, is digitized thereby and sent over line 36 to the digitized test tones
memory 33 for storage. Under command of the audio controller 21, a control
and trigger 5 signal on line 30 is effective to cause recirculate control
99-1 to recirculate a selected test tone segment in the digitized memory 33
and output that selected tone segment in a continuous manner over line 38
to D/A converter 39. The continuous representation of the selected test
tone is then routed over line 46 to the audio signal analyzer 25 and
lead-in/lead-out spectrum analyzer 27 as described briefly earlier. The
outputs of the two analyzers 25 and 27 are routed over lines 48 and 50 to
audio analysis memory 47. The memory 10 unit 45 thereof has information
written into it by memory write gates 44 which receive outputs from
multiplexer 42 in a timed manner under control of audio controller 21 over
line 30. Thus, all inputs to the multiplexer 42 are sequentially acted upon
to be stored in memory unit 45 for later evaluation by the evaluation
subsystem. The analysis of the appropriate locations during lead-in and
lead-out for recovering audio test tones to 15 be analyzed is controlled by
outputting a signal on line 28 from comparator 91 when the appropriate
frame numbers during lead-in and lead-out have been detected. Whether the
audio test subsystem is analyzing the tape or the disc, present position
data is received over lines 34 and 118. respectively, by position detector
85. The present position is then routed over line 84 to comparators 95 and
91. Comparators 95 and 91 operate in similar manners, i.e., a desired tape
or disc position is contained in location registers, and the 20 contents of
such registers is compared with the present position data to enable the
audio controller 21 at coincidence thereof. In Figure 8, the two
comparators 91 and 95 are shown separately, since they perform slightly
different functions in carrying out the audio analyses. That is. comparator
95 makes a comparison of the time code contained in the video information
of the active program material so as to identify program start, program
end, and various points along the 25 program material content at which
active audio and/or video tests are to be carried out. On the other hand,
since there is no video contained in the lead-in and lead-out portions of a
tape or disc, comparator 91 must. rely upon SMPTE time code detection from
either the data channel out or audio out signals of the tape and disc
player. After lead-in analysis has been accomplished, the audio test
subsystem proceeds to analyze active 30 audio program material at
predetermined time intervals during the active programming. Comparator 95
is 



thus provided with present position data from the vertical interval of the
video signal, and location register 109, when matched with present
position, outputs a program start signal to the audio controller 21 to
ready the audio controller for subsequent active program analysis control.
At the first predetermined location in the active program wherein audio is
to be analyzed, location register 111 will have a position location 35
match with present position from position detector 85, and comparator 95
will output an evaluate start signal over line 78 to audio controller 21.
Control then of two additional audio analysis functions of the audio test
subsystem commences under control of audio controller 21 over the control
line generally designated at 30 in Figure 8. The audio from both channels
of the playback device exiting audio selector 53 enters active program JO
two channel spectrum analyzer 43. Analyzer 43 contains two analyzer arrays,
one for each of the audio channels. Since the audio to be analyzed during
active program material is continuous, it is not necessary to digitize and
recirculate audio segments in the multiprogrammer 23 as was necessary with
the short segment duration test tones of the lead-in and lead-out portions
of the tape or disc. Accordingly, the audio entering spectrum analyzer 43
is selected audio direct from the playback devices. Both arrays 113 and 115
45 of the spectrum analyzer 43 operate in identical fashion, i.e., a 45
second audio waveform from each audio channel is acquired and transformed
into two frequency spectrum of 128 separate frequency points for each
channel. Point spacing is in 200 HZ increments, and each value analyzed at
each point is expressed in decibels. The frequency spectrum for each sample
represents a unique audio "print", and the 128 points for each channel have
their values contained on lines 56 and 60, respectively, and these values
are multiplexed 50 with the other analyzer signals in multiplexer 42, and
ultimately stored in memory unit 45. Another part of the "signature", and
therefore another input to multiplexer 42, is a signal on line 54
indicating whether or not the audio portion of the program is monophonic or
non-monophonic. The signal is developed in the mono/non-mono signal check
block 62. Channel 1 and channel 2 audio are received by block 62 over lines
58-1 and 58-2, respectively, these two signals being compared with each
other in 55 amplitude comparator 105. Mono/non-mono testing is performed at
intervals throughout the active programs areas of the tape or disc. Each
test consists of 65,536 measurements, the measurements being spaced one
millisecond apart. Block 62 illustrates a preferred embodiment of the
mono/non-mono check in which the amplitudes of the two audio channels are
continuously compared in comparator 105 with the difference between the two
60 audio channels being outputted on line 84. If the amplitudes are within
5% of each other, threshold detector 107 does not react to the signal on
line 84, there is no output on line 86, and a 1 KHZ clock 103 is applied
over line 88 to the mono/non-mono counter 101. Without an input on line 86,
i.e. the amplitudes of the audio on both audio channels are within 5% of
one another, counter 101 is incremented by 1 count. One millisecond later,
as determined by the pulse recurrent rate of 1 KHZ clock 103, counter 101
is again 65 incremented if the amplitudes are again within 5% of one
another. This procedure continues in like manner 7    0 117 910 until the
measured amplitudes between the two audio channels are greater than 5% in
difference, at which time threshold detector 107 outputs a step waveform on
line 86 to inhibit counter 101 from incrementing one count. As a result,
after counter 101 permits 65,536 clock pulses to increment or not increment
the counter, the accumulated count is sent over line 54 to multiplexer 42
and stored in memory unit 45 by 5  memory write gate 44 to become a part of
the "signature" for the unit tested. Obviously, in the printout of the
analysis performed by the audio test subsystem, the greater the number
count on line 54, i.e. the closer the accumulated count is to 65,536, the
more definite it is that the two audio signals on the two audio channels
are the same, i.e. the audio program is monophonic. An alternate
implementation of the mono/non-mono check block 62 is represented by the
dotted line 10 88' from 1 KHZ clock 103 to amplitude comparator 105. In
this embodiment, the amplitude of the audio on the two channels 58-1 and
58-2 are not compared continuously, but rather are compared under the
gating action of the 1 KHZ clock, that is, a comparison is made every
millisecond. Comparator 105 is then arranged such that, when the amplitudes
of the signals of the two audio input lines 58-1 and 58-2 are within 5% of
one another, an output pulse is routed to threshold detector 107 along line
84. The output of threshold 



15 detector 107 is then a step when the amplitudes on the two audio
channels are within 5% of one another and DC when the amplitudes are
greater than 5% of one another. Since comparator 105 is clocked at a 1 KHZ
rate, the maximum frequency step signal out of threshold detector 107 is
also 1 KHZ, and when a stereophonic or non-monophonic program is being and
counter 101 is incremented fewer times. Again, assuming that amplitude
comparisons are made in comparator 105 65,536 times, this embodiment of the
20 mono/non-mono signal check merely counts the number of times that the
amplitudes of the samples from the two audio channels are within a
prescribed percentage tolerance of one another (5%) to provide information
regarding whether or not the signals on the two channels are substantially
similar in informational content. Figure 9 is a more detailed diagram of
the audio controller 21, showing that it is basically comprised of 25 a
processor 29 and read-only memory 31. Read-only memory 31 can take on any
of various forms of memory such as tape cassette, hard wired or burned in
micro chips, and the like. The purpose of the memory is to set up the
control functions of the audio controller in a prescribed manner upon
enablement by the central controller 1 and/or interface subsystem and line
18, the processor instructs the read-only memory 31 to prepare the
processor 29 for outputting its control logic on line 30, (representing a
plurality 30 of actual signal lines) depending upon subsequent signals
received by processor 29. In Figure 10, there is shown, in more detail than
before, signal routing associated with the audio and video selector 53 and
time code or frame number selector 51. The lead-in and lead-out
identification signal, herein referred to as the 6734 tone or code signal,
can, in. a simplified system be comprised of a non-standard frequency such
as 6734 HZ lasting the time of one 35 picture frame preceding the sequence
of test tones of the lead-in and lead-out portions of the tape or disc.
However, a better identification signal is preferably a coded form for a
sequence of numerical digits such as 6, 7, 3, and 4. The code is a
self-clocking digital representation of the number series 6734 which is
chosen so as to remove from chance (for all practical purposes) the
possibility that any other randomly recovered signal from tape or disc
would falsely appear to be the identification signal. The coded digits are
- 40 represented in binary by switching between two square wave source
tones, a 1 KHZ tone and a 2.5 KHZ tone, according to 1 and 0 binary states,
respectively. Upon detection by 6734 detector 41, the transitions
attributed to the 1 KHZ tone are interpreted as logical 1's, while the
transitions attributed to the 2.5 KHZ tone are interpreted as logical O's.
Upon detection of a proper combination of 1's and 0's making up the binary
representations of 6, 7, 3, and 4, detector 41 outputs a "match" signal to
indicate that the series of 45 lead-in and lead-out test signals follow.
Although the discussion so far has involved processing, analyzing, and
evaluating audio program material, video signals are utilized in the audio
test subsystem for the purpose of determining when active audio is to be
analyzed, and such information is derived from the frame number codes in
the vertical interval of the video signal. Accordingly, the video from disc
player on line 147 and the video from tape 5o player on line 149 are routed
to selector 53, and depending upon which program is to be analyzed, disc or
tape, an output video signal on line 118 is routed to frame number selector
51. When the predetermined frame code from the interface subsystem on line
18-2 is compared with the video frame number code in selector 51, a
"program start" signal is generated on line 76 upon coincidence of the
first frame of the active video program with the predetermined frame code
number, and subsequently an "evaluate start" signal is 55 generated on line
78 upon coincidence of the predetermined points of analyzing the active
audio portion of the program with predetermined frame codes. Since audio
analyzing is accomplished in a rather short period of time as compared with
the length of most programs (e.g. 45 seconds for spectrum analysis and 65.5
seconds for mono/non-mono check), a number of predetermined frame codes on
line 18-2 received by selector 51 will result in a plurality of spaced
"evaluate start" signals on line 78. 60     Details of the multiprogrammer
23 is shown in Figure 11. The purpose of the multiprogrammer 23 is to
receive audio in on line 58 from the lead-in and lead-out portion of the
program and to output a continuous version of the audio on line 46.
Additionally, multiprogrammer receives a control and trigger on line 30 for
synchronizing the inner workings of the multiprogrammer, and outputs a 1
KHZ clock as the one millisecond timing signal for mono/non-mono signal
check 62. 55     The segmented audio test signal train is received one line
58 and converted to digital form by A/D 8   



0 117 910 converter 37. Upon sensing the 6734 tone in detector 41, audio
controller 21 sends control and trigger signals alone line 30 to the
program storage 35, A/D converter 37, and timer spacer 103. Control to
program storage 35 merely resets the internal program of the
multiprogrammer so as to acquire, recirculate, and output audio at the
appropriate times. The trigger on line 30 to pulser 97 and pacer 5 103 is
generated upon detection of the 6734 start tone. Typically; pulser 97
outputs a 32 KHZ square wave for activation of the A/D converter 37, while
pacer 103 outputs a 64 KHZ square wave for digital-to-analog conversion
timing in D/A converter 39. The 1 KHZ clock output on line 88a is the basic
timing source for the mono/non-mono check block 62. In this connection, the
1 KHZ clock circuit 103 in Figure 8 shapes the clock for distribution
within the mono/non-mono check block 62. 10     With the digitizing pulses
configured as described above, A/D converter 37 converts the real-time
audio in on line 58 and stores it in acquisition storage 33. It should be
recalled that, subsequent to the 6734 start tone, twelve segments of audio
test tones are received by multiprogrammer 23, and at a 30 frame per second
rate, all twelve frames will be written into acquisition storage 33 in 0.4
seconds. In order to analyze a continuous form of each segment of the audio
test train in lead-in and lead-out, 15 program storage 35, under control of
audio controller 21, retrieves, in turn, each selected segment of the audio
test tone train, recirculates it via control of recirculate control 99 over
line 80, and causes a continuous form of the particular selected segment to
be outputted over line 38. D/A converter 39, timed by pacer 103, then
outputs a continuous analog version of the selected audio test tone segment
over line 46 for analyzing by the signal analyzer 25 and spectrum analyzer
27 shown in Figures 4 and 8. 20     The functioning of the audio test
subsystem has been described in terms of signal routing between circuit
blocks of the foregoing figures. Figure 12 should serve to clarify the
signal routing details and provide a timing analysis of the many signals
described only verbally heretofore. The audio waveform of channel 1 is
shown schematically at 90 in Figure 12, while the channel 2 waveform is
shown at 92. The beginning of the tape or disc is to the left in Figure 12.
Both channels 1 and 2 show the test tones in lead-in, 25 followed by
program material, followed by lead-out test tones. Since only lead-in and
lead-out test tones-are acquired from the recording medium of a rate too
fast for analyzing, only these test signals need to be digitized, stored,
and recalled for further analysis at a later time. Accordingly, digitized
audio waveform 94 indicates that multiprogrammer 23 is performing its
digitizing under control of audio controller 21 only during lead-in and
lead-out time. As explained earlier, 30  analysis of the program material
is accomplished in real-time and need no digitizing technique applied.
"Program start" waveform 96 occurs as a single pulse at the beginning of
the program material. As explained earlier, this pulse is sent to the audio
controller 21 to clear and reset the internal audio processor preparatory
to taking active audio samples for analysis. On the other hand, "evaluate
start" waveform 98, occurs periodically throughout the program material 35
and is shown by way of example in Figure 12 as occurring four times. Since
the longest active analyzing time is approximately 65.5 seconds, it is
obvious that "evaluate start" pulses could occur at a corresponding or
slightly lower rate. Figure 12 shows an "evaluate start" pulse at the
beginning of program material, and as a result, the count from counter 101
(Figure 8) begins to be accumulated. Waveform 100a shows a plurality of
counts 40 occurring at a 1 KHZ rate, and assuming that a theoretical
monophonic signal has been recorded in both audio channels 1 and 2, most,
or all of the 65,536 samplings are shown to exist, thereby indicating the
presence of a monophonic program on the two audio channels. On the other
hand, waveform 100b illustrates the effect of acquiring and analyzing a
non-monophonic audio program on the two channels, and only occasional 1 KHZ
pulses are present to be accumulated, and the scarcity of counter pulses
will 45 accumulate, after 65.536 seconds, to a small number indicating the
existence of a non-monophonic program on the two audio channels. It should
be appreciated that, due to spacial limitations, the pulses indicated at
102a and 102b of waveforms 100a and 100b, respectively, are only schematic
representations of the actual waveforms when viewed on an oscilloscope.
Audio controller 21, over line 80, creates waveform 104 having "save
accumulated count and clear 50 counter" pulses 106 applied to mono/non-mono
counter 101 so as to output the accumulated count over line 54 to be
analyzed by audio analysis memory 47, having reference again to Figure 8.
In a similar manner, audio controller 21 creates the approximate 45 second
enabling pulse 110 of 



waveform 108 to activate the spectrum analyzer 43, and during the
relaxation time after the 45 second analysis pulse 110, a pulse 114 shown
on waveform 112 is effective to cause spectrum analyzer43 to output 55 the
test results from the spectrum analyzer, such results being referred to
"spectral print" to become a part of the signature after evaluation. Shown
in Figure 13 is the video test subsystem. The video subsystem 7 comprises
essentially two logical units, an acquisition unit 119 and a processing
unit 125. Acquisition unit .119 has the capability to 60  acquire a video
signal in a controlled manner, convert it from analog signal to digital
values in A/D converter 123 and store a digitized signal in acquisition
digital memory 124 over line 130. Typically, digital memory 124 has 32K
bytes of acquisition memory, and an analog-to-digital conversion results in
an 8 bit byte. One of the 525 lines in a frame is represented by 910
conversions or bytes, converted in real-time. each Each picture horizontal
line being 63.5 microseconds in duration. The video test signals are
encoded 65  during vertical intervals in lines 19 and 20, and under program
control of processing unit 125, selected lines 9    0 117 910 or portions
of lines from a frame or from consecutive frames may be converted and
stored until the 32K bytes of acquisition storage is filled. Control of the
acquisition unit 119 and computation of the acquire data is performed by
processing unit 125. The processing unit 125 features a microprocessor
computer 120, processing storage 121. and a 5  real-time clock 122. Having
acquired and stored the selected video test signals. control of processing
unit 125 is effected by a control line 135 from interface subsystem 3. In a
manner of control analogous to that associated with the audio test
subsystem discussed earlier, microprocessor computer 120 accesses over line
128 the digitized and stored video test signal from digital memory 124 over
line 127. Time based from real-time clock 122 over line 129, computer 120
and processing storage 121 interplay to output over line 126 10 the analog
equivalent of the video test signal or portion thereof being processed and
route same to the data evaluation subsystem to become a part of the
"signature" of the tape or disc being evaluated. Lines 19 and 20 preceding
the recurrence of the video picture information in a standard NTSC video
signal are made available to contain the aforementioned video test signals.
A composite VITS test signal is located in each frame in field 1; line 20
and with appropriate measuring devices can provide some 15 15 measurements
of different video parameters. A combination VITS video test signal is
located on each frame in field 2, line 20 and provides some 11 measurable
parameters. Finally, a VIRS test signal is located in each frame in both
vertical fields on line 19 to provide some 9 additional measurable
parameters. Modern video test equipment can be used to measure
substantially all 20 of the VITS and VIRS test signals. An exception lines
in the noise test which is generally carried out during vertical interval
times of a -    broadcast program. A standard test procedure for evaluating
noise levels is to measure the peak-to-peak amplitude of the noise
deviation during the horizontal sync pulse which is theoretically to be at
a DC level for approximately 25 4 microseconds. On a video disc, and
especially on one which uses a constant angular velocity (CAV) format, if
the noise test was taken only during vertical interval, only a small
percentage of the disc's surface area would be contributory to the noise
measurement. This is illustrated in Figure 15 which shows, schematically,
the two vertical interval V-shaped portions 207, and assuming the disc
rotates in a counterclockwise direction, the dotted line 208 represents the
position at which noise tests would normally 30 be taken, i.e., on a given
horizontal sync tip at a given line number of each vertical interval. Even
if such a noise test were taken during each vertical interval between
alternate fields, it can be appreciated by reference to Figure 15 that only
a very slim localized area of the disc would be evaluated by the noise
test. Accordingly, and consistent with one of the objects of the present
invention to perform evaluation tests on video discs, the noise test
according to the present invention is taken on each horizontal blanking
pulse of 35 any desirable portion of video program. As shown in Figure 14,
the back porch 201 of the horizontal blanking pulse following the color
burst 180 has a theoretically flat shape during the time indicated by arrow
202. According to the present invention, a noise evaluation is made during
the time indicated by 



arrow 202, and since this is accomplished on each horizontal blanking
pulse, substantially the entire area of the disc can be tested for noise
problems, and this is shown in Figure 15 wherein, rather than the radial
line 40 of evaluation shown at 208, noise figures are taken from the disc
at each of the dash lines 209. Although only two rows of dash lines 209 are
shown represented in Figure 15, it can be appreciated that each of some
54,000 circles of dashed lines 209 would show on a full scale drawing, and
therefore it can be appreciated that any blemishes on a disc outside the
vertical interval will be taken into account in the noise measurement. This
represents a substantial improvement in videodisc quality assurance as
compared with 45 the normal noise tests taken only on a single horizontal
sync tip 200 as seen in Figure 14, and then only during vertical interval
occurrences. A block diagram of the circuitry used for effectuating the
unique noise test according to the aforedescribed procedure is shown in
Figure 16. Figure 16 should be analyzed with a view to Figure 13 wherein
like numbers represent like functional blocks of the two diagrams. In the
noise test arrangement of Figure 16 video in over line 118 is digitized in
analog/digital converter 123 and advanced to a sample and hold circuit 137.
Sample and hold circuit 137 makes eight samples of the waveform portion
202, shown in Figure 14, and stores the results in digital memory 124. The
processing of the noise test data is accomplished in separate fields of the
video signal. It should also be noted that, since it is necessary for the
sampling of the circuit 137 to sample identical parts of adjacent
horizontal blanking signals, only the 55 horizontal blanking signals
outside the vertical interval are noise tested. Accordingly, typically
about 480 lines per frame are sampled for the noise test measurement. The
video of field 1 is routed to mean detector 139-1 which calculates the mean
value for the eight samples, and the variance detector 141-1 outputs the
variance from the mean, such variance being forwarded to the averaging
circuit 152. In like manner, the sampled noise of field 2 is routed to mean
60 detector 139-2, the variance from the mean thereof being detected by
variance detector 141-2, and the results also sent to averaging circuit
152. The average of the two noise figures are thus outputted on line 126 as
measurement data out, and such measurement data is sent to the data
evaluation subsystem to be discussed later. With reference to Figure 17,
the video analysis logic is shown. Because the testing of different sources
65 of video program material require different control of the sample points
for making measurements, a 10    0 117 910 memory 138 is provided to
contain a list of frames to be measured. Upon receiving an "enable" signal
from interface subsystem 3, controller 142 initiates forward, reverse,
stop, and play functions of the disc player 9 or tape player 11 to
ultimately cause one of these devices to output its video information over
lines 147 and 149, respectively, to video selector 53. In the meantime,
controller 142 clears over line 161 counter 140, and 5 the first frame
number to be measured is outputted from memory 138 over line 169 to
comparator 136. When the video on line 118 out of video selector 53 is
decoded as to frame number by frame decoder 134, a comparison in comparator
136 is made, and a "take measurement" signal on line 157 is routed to
controller 142. Controller 142 then initiates the testing of the video test
subsystem 7 by outputting an "enable" signal on line 175. Simultaneously,
controller 142 enables memory write gates 144 so that the video test data
on 10 line 126 out of video test subsystem 7 can be stored over lines 167
into video analysis memory 146. The position in memory 146 to which each
test analysis signal is to be written is controlled by address bus 165
having coincidence with the frame number under test. Upon conclusion of
memory storage for one sampling of video test signal, the second in the
list of frames to be measured is outputted from memory 138 over line 169,
and another comparison is made in 15 comparator 136 with present frame
number in order to again instruct controller 142 to "take measurement" over
line 157. Controller 142 uninhibits memory gates 144 to again write the new
test data analysis in memory 146 at the address from counter 140 over
address bus 165. Again, controller 142 increments over line 163 counter 140
so that the next frame number to be measured is readout of memory 138. This
process continues until all of the test samples have been taken for
analysis by video test 20 subsystem 7 and written into memory 146. The
output of memory 146, as discussed earlier, is routed over line 126 to the
evaluation subsystem. 



Figure 18 shows a block diagram of the audio/video data evaluation
subsystem. As explained in connection with Figures 3,4,8,13, and 16, all of
the audio and video analysis data from either tape, disc, or throughput
device, is sent to the data evaluation subsystem. Prior to processing in
the evaluation 25' subsystem 19, the analytical processing by the
electronics has been referred to supra as "analysis". In this
specification, the term "evaluation" has the special meaning of processing
the "analysis" information in such a manner so as to "evaluate" the unit
under test, and in a specific practical application of the invention, such
evaluation is tantamount to a pass or fail statement for the unit under
test. Although throughput devices have been described earlier as being
evaluatable using the concepts of 30 this invention, Figure 18 shows the
typical evaluation of audio and video from a copy of a master program. A
block numbered 211 represents the audio analysis data from the master
source of program material, while block 212 represents the analysis of
corresponding data from the copy made from the master. Similarly, master
video analysis is represented by block 213, while corresponding video
analysis of the copy is represented by block 214. An audio comparator 215
compares the master and copy analysis data, 35 and the differences are
routed to a printer 15 to enable visual and permanent storage of the list
of differences. Similarly, video comparator 216 processes the differences
in video analysis between master and copy and prints the results in the
list of differences. As will be seen in subsequent figures, the audio and
video comparators 215 and 216 do more than make mere line-for-line
comparisons of the signals from master and copy, but rather involve the
unique concept of comparing "signatures" as hereinbefore 40 defined.
Figures 19-22 illustrate different "evaluation" schemes utilizing the
concepts of the present invention. The first of these figures, Figure 19,
"tape evaluation", shows that a video tape 154 is prepared by recording on
program tape recorder 145 the picture and/or sound from a program source
143. Generally, the picture and sound program source is that of a
customer's master video tape or a motion picture film. In either case, 45
tape 154 is prepared from the customer's tape or film program source for
the purposes of using tape 154 as a pre-mastering tape for eventual use in
preparing the disc master. At the time the program is recorded on tape 154
by recorder 155, appropriate video test signals from test signal generator
148 are recorded during the vertical interval portions of the program. In
preparing the pre-mastering tape 154, sufficient time is left before the
program material and after the program material on the tape so as to allow
for insertion of the 50 lead-in and lead-out audio test tones. Thus, at the
time the program is recorded on the pre-mastering tape 154, or at a later
time, as desired, audio test tones are recorded on tape recorder 150 (or
tape recorder 145 if desired), and the resulting tape 154 now contains
lead-in test tones, program material, and lead-out test tones. A player 156
outputs the audio and video signals to their respective analyzer 158, and
the 55 characteristics of the test parameters measured by analyzer 158 form
parameter list 154 which can take the form of a visual display or hard copy
readout. At this point, other than the application of audio test tones
during lead-in and lead-out, "tape analyzing" has been accomplished, and
the character of the tape is reflected in the analysis of the tested
parameters listed in parameter list 164, and this type of analyzing is not
uncommon in the tape manufacturing field. The present invention, however,
goes beyond mere 60 analysis of a signal source in that, from the parameter
list 164, parameter deviation limits are set, either manually or under
computer control by limits setter 166. The range of parameter deviations
permitted by limits setter 166 can be established by applying a percentage
figure to the measured parameter of the parameter list 164 and storing the
deviation limits so derived in a signature store 168. Desirably, prior to
the listing of the parameter analyzed in parameter list 164, a fixed
standards table 162 is used as a common 65 (e.g. NTSC, PAL, or SECAM)
standard for comparing the output of the analyzer 158 in comparator 160.
For 11    0 117 910 example, where the Federal Communications Commission,
SMPTE, EIA, or other standards group has established precise parameter
tolerance limitations on audio and video signals, comparator 160 ensures
that the parameters listed in parameter list 164 are within such industry
standards. On the other hand, >       limits setter 166 is more in line
with acceptable limits permitted by the particular process involved in a 5
particular manufacturer's recording process. Thus, when a copy is made of
pre-mastering tape 154. 



corresponding signals from master and copy are analyzed in analyzer 158 and
evaluated in evaluator 171 by comparing the signature in signature store
168 with the output of analyzer 158. The quality of the copy is thus
compared against essentially two standards, the industry accepted standards
according to standards table 162, and an internal manufacturer's standards
set by limits setter 166. As a result, the signal evaluated 10 by evaluator
171 is not merely weighted against fixed industry standards as has been
done in the past, but is rather compared against a "signature" which is
representative of the character of the recording process which should be
repeatable within certain limitations. In this way, the degradation of the
copying process can be evaluated against a more realistic reference, i.e.,
against a previously recorded signal using the same kind of tape, same
recorder, and same signal source so that these latter items can be
nullified as to 15 their contributory effects. As compared with analyzing
processes which evaluate a recovered tape signal against fixed, often
calculated, standards, evaluating a copy, or similar recorded program,
against a "signature" permits the manufacturer to pinpoint smaller
out-of-tolerance deviations and thus allow isolation of the problem areas
of a process so that corrective action can be taken. Similarly, comparing
against a "signature" 20  characteristic can show the degrading effect of a
process even when the signal retrieved from the second and subsequent
recordings are within tolerances as compared to fixed standards. In other
words, it is conceivable that for a particular recording process, the test
results of analyzing a particular parameter is within extremely tight
limits and of more optimum value than industry standards requires. As a
result, the signature will reflect an unusually high standard for that
particular parameter. This is a result of setting the 25  limits on the
basis of prior test results and not industry standards. Thus, as some part
of the recording process degrades, for example, in the production of the
tape itself, evaluator 171 may fail a tested unit because the parameter of
interest lies outside the limits set by limits setter 166, even though
analysis of that parameter shows that it is within acceptable industry
standards according to standards table 162. Knowing the relationship
between the manufacturing process for the tape and the particular parameter
30 tested, immediate corrective action can be taken. Otherwise, such a
defect, especially in combination with other defects, could render the
product (tape in this example) unusable, and such knowledge would come to
the attention of the manufacturer after the fact, i.e., after receiving
many complaints by its customers. Evaluator 171 may be implemented in some
form of sophisticated comparator in which each of a large number of
parameter values from analyzer 158 is compared with a pair of numbers for
each such value stored in signature store 168, the two values from
signature store 168 being upper and lower limits within which the parameter
being evaluated must fall. The evaluation output signal is then a printed
table of data snowing a list of parameters, the tolerances established by
limits setter 166, the value of each parameter being evaluated by evaluator
171, and out-of-tolerance limits information. A sample of a table so
constructed is shown in Tables I, II, and III which are more closely
associated with the "disc evaluation" shown in Figure 20. Referring to
Figure 20, the "disc evaluation" scheme is represented. Here, the same
components are shown as were shown in Figure 19 with the addition of the
disc mastering recorder 173 and associated functional blocks. In this
scheme, evaluator 171 evaluates the tape signature stored in signature
store 168 relative to the corresponding disc signature stored in signature
store 231. When pre-mastering tape 154 is [err] in player 156, assuming
that a tape "signature" has been acquired as described in connection with
Figure 19. the program material and test tones are transferred to video
disc 177 by disc mastering recorder 3 It s to be noted that both lead-in
and lead-out signals are transferred to the video disc 177 along with
program material in order that analysis of a disc can be performed using
the same test signal sources as those associated with the pre-mastering
tape. Blocks 217 through 223 represents the major process steps in tre
production of a video disc from exposure and development in block 217
through applying adhesive and putting together the two disc halves to form
a completed two-sided disc in block 223. A disc player 224 then plays the
completed disc, and the results are analyzed in analyzer 226 in a manner
similar to that of analyzer 158. Again, it is preferable to compare the
output of analyzer 226 with fixed standards from a standard's table 227 in
a comparator 225. This kind of preliminary checking eliminates those discs
which might contain detects causing the parameters tested to be very far
out of acceptable industry standard limits. Additionally, and common to all
evaluation schemes in Figures 19-22 performing this initial analysis
against 'world" standards is a check on the quality of a customer's
original material, and this can be of great benefit when deviations from
such "world" standards can be detected early, e.g., before disc mastering
is initiated. 



In any event. assuming the results of analyzer 226 are tolerable against
fixed industry standards, the analyzer results are sent to signature table
229 and stored in signature store 231. Recalling that the lead-in and
lead-out test tones are accumulated in real time in less than one-half
second and that certain audio and video tests are performed on the active
program material, under manual or computer control, evaluator 171 recalls
the tape signature from store 168 and the disc signature from store 231 and
compares parameter-for-parameter the two signatures. Again, a visual
display or hard print readout is available to 12    0 117 910 show how well
the particular disc has performed against its pre-mastering counterpart
(reference again Tables I, II and Ill). The importance of measuring like
parts of the copy and master has been mentioned previously, and the logic
and wisdom of this is rather obvious. Accordingly, in addition to the
"signature" containing 5  parameter analysis results and tolerance range
limits, it is essential that the "tape signature" comprise in its make-up
the particular frame numbers at which video and audio active program
analysis is to take place. In this manner, the "personality" of a
"signature" is totally characterized with all of the information to make a
signature comparison at any time and at any step in the process, in Figure
20, for example, the master disc has a photoresist layer at point A in the
process, is exposed and developed at point B, metalized at 10  point C,
made into a stamper at point D to produce a one-sided (1 x) plastic replica
at point E, provided with a reflective coating at point F, and a protective
coating at point G, and finally, combined with a second-half disc to form a
completed disc (2x) at point H. It is important to note at this point that,
as with any replicating process, some degradation of the program material
through each step of the process can be expected at points A-H.
Furthermore, the 15 degradation to be expected between points A and B may
be less than that expected between points 8 and C, etc. Accordingly, an
application of the present invention concerns playing the disc from any
point in the process and establishing a "signature" for each of the points
A through H. The invention thus provides substantially "real-time"
evaluation for correlation with "in process" activities to cause
supervisorial personnel to shut down or modify equipment before any great
loss of material and employee time. 20 Additionally, out-of-tolerance
parameter trends can be readily sensed, and the information gathered by
comparing process signatures at each step in the process, so as to improve
specific manufacturing processes or process steps due to the highly
accurate and repetitive objective testing capabilities that "signature"
testing provides. Such trend information can be used to foresee potential
problems, even though on an absolute scale, the parameters tested are
within acceptable limits. Finally, by varying the 25 process parameters at
each major step in the process, product improvement can be enhanced by
observing the "signature" comparisons when temperatures, pressures, process
times, etc., are varied. Concerning "disc evaluation", in view of the fact
that video disc players are of recent design, the present invention can be
used in evaluating player consistency. For example, instead of changing
discs in Figure 20, the same disc can be played back on a number of disc
players 224, and a "signature" of the 30 players can be developed and
compared with the "signature" established from a known good player. The use
of this invention with "throughput" devices, such as audio and video
amplifiers and special effects devices, i.e., echo units, distribution
amplifiers, limiters, and the like, has been mentioned earlier. Figure 21
shows such a scheme. Since the evaluation procedure requires preparing a
"signature" of a throughput reference unit 234, a 35 separate path for a
throughput under test 235 is shown in Figure 21. The unit under test is
shown to have its own analyzer 226, signature table 229, and signature
store 231. Of course, in the interest of economy, a scheme similar to that
of Figure 19 could also have been used, wherein analyzer 158 could be time
shared with the referenced unit 234 and unit under test 235. In such a
case, analyzer 226, signature table 229, and signature store 231 would be
unnecessary. 40     Likewise, in case of need, ratherthan taking the output
of analyzer 158 in Figure 19 directly to evaluator 171. a separate
analyzer, signature table, and signature store as in Figure 21 could have
been used. Finally, Figure 22 illustrates the manner in which digital
signature evaluation is accomplished. The same analogy follows in this
figure insofar as forming a signature in store 168. However, whether the
signal 



to be evaluated is audio or video, a player, termed device under test 238,
outputs its signal to the A/D 45 converter 237, and the digital form of the
signal is stored in digital memory 233. If necessary, as was with the audio
test tones during lead-in and lead-out, a recirculate control 240 feeds
back the selected digital portion of the stored signal in a loop around
fashion so as to output a continuous version of the stored signal to D/A
converter 239. The analog version of the signal is then analyzed in
analyzer 226, a signature table is established, and the analyzing results
are stored in signature store 231 for later evaluation in 50 comparator
171. Table I is a printout of the results of "signature" evaluation during
lead-in of a video disc. The selected parameters analyzed for the disc
example used are listed in the lefthand column, and the "signature"
comparison is shown in the two groups of three columns each, one group for
audio channel 1 and another group for audio channel 2. The center column
for each channel lists the value of the disc analysis 55 measurement for
each parameter, while the two values on either side of the center column
indicate the "signature" limits set by limits setter 166 of Figure 20.
Table II shows similar evaluation comparison results for lead-out of the
disc under test. In like manner, Table III shows the video evaluation test
results. Here, an additional column of information is shown, that of the
actual tape analysis measurements from which upper and lower limits for the
"signature" comparison were generated in limits setter block 166. In this
connection, the twelve segments of audio lead-in tones are retrieved at the
rate of 30 segments per second (vertical frame rate), and instruments such
as the Hewlett Packard 8903A Audio Analyzer are available which can measure
a given parameter in typically 2.5 seconds or less. Since each segment of
the 65 lead-in test tones is used for more than one audio measurement, it
is recirculated, as explained earlier, to 13    0 117 910 produce a
continuous version thereof for the length of time necessary to perform all
audio measurements by the analyzer before going on to retrieving and
continuously looping the second test segment Since a large number of
measurements may be made at any one test frame, and since the available
analyzer can perform its analysis in 2.5 seconds or less, the maximum
length of time necessary for the 5  analyzer to make say as many as 11
measurements in test frame 1 is about 27.5 seconds. Accordingly, the
recirculate control 99 shown in Figures 8 and 11 need only recirculate the
tone segment for a maximum time of 27.5 seconds. Furthermore, and although
the present invention is not limited to the specific tests listed above, to
complete all 23 audio test measurements would require no more than 57.5
seconds. Conservatively then, the repetition rate at which the complete
audio measurement cycle is repeated can be 10 one cycle every minute. Then,
since the longest active program test is the mono/non-mono check. ad since
this check can be completed each 65.5 seconds, it is clear that advantage
can be taken of the AVOMS system to weed out defective discs in only a few
minutes of recording/playing time. This concept can be carried out on video
discs produced by the method illustrated in Figure 20 (as opposed to the
direct read-after-write process) so as to be able to detect defective discs
at any point along the process in only a 15 few minutes. Of course, defects
not contained close to the lead-in portion of the disc being evaluated will
not show up instantaneously, but process defects which cause uniform
parameter degradation throughout the video disc will be caught in the first
couple of minutes of playing time. Furthermore, the speed at which
information can be analyzed with the AVQMS eliminates much time taken in
manually observing and/or manually taking measurements under prior
techniques. Then again, all subjective evaluation of the disc is - 20
eliminated. Only preferred embodiments of the invention have been described
above. One skilled in the art however, will recognize that where audio
signal measurements were made in the manner of Figures 7-l1. clearly video
signal measurements, custom or standard, can be performed in a similar
manner. Accordingly, the blocks labelled with "audio" designations merely
need being renamed to illustrate t 25 equivalent manner of multiplexing and
subsequent analyzing of the lead-in and lead-out for video qualities (with
appropriate changes of signal sources and timing figures, of course).
Similarly, the manner in which video parameter analysis and evaluation have
been described herein could, with like analogy, apply to the analysis and
evaluation of audio parameters. 
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910 z [err]    0 117 910 [err]    0 117 910 Claims 1. Apparatus for
analyzing prescribed parameters of an analog electrical signal, comprising;
means (23) for receiving a sequence of separate analog electrical signal
segments. having a real time sequence 5  rate, each segment containing at
least one audio test signal having a corresponding real time waveform
storage means (33) coupled to said receiving means for accumulating said
sequence of signal segments received in real time; characterized by:
control means (35) coupled to said storage means for serially sequentially
releasing the accumulated sequence of signal segments from said storage
means at an output sequence rate slower than said real time sequence rate
while maintaining said audio test signals with said to corresponding real
time waveforms; and signal analyzer means (25. 27) coupled to said storage
means far receiving said released sequence of signal segments at said
slower output sequence rate and performing measurements on each said audio
test signal of each said segment. 2. The apparatus as claimed in Claim 1,
characterized in that said sequence of signal segments contained audio test
tones are spaced in time equal to a scan period of a standard television
signal 15     3. The apparatus as claimed in Claim 2, characterized in that
said scan period corresponds to the time period between vertical
synchronization pulses of a standard television signal. 4. The apparatus as
claimed in any of Claims 1 to 3, characterized in that: said apparatus
comprises an analog-to-digital converter (37) for receiving said sequence
of separate analog electrical. signal segments having said real time.
sequence rate; said storage means (33) comprises a digital memory; and said
20 apparatus further includes a digital-to-analog converter (39) connected
between said.storage means and said signal analyzer means for converting
said sequence of signals released at said slower output signal 



sequence rate to analog format for processing by said signal analyzer
means. 5. The apparatus as claimed in Claim 4, characterized by memory
recirculating means 199-1) coupled to said digital memory (33) and
connected to, and under control of, said control means 135) for
recirculating a 25 selected one of said segments to produce at the output
of said digital-to-analog converter a continuous representation of the test
tone contained in the selected segment. 6. The apparatus as claimed in
Claim 5, characterized in that: each said segment lasts for one scan period
of a standard television signal; and said memory recirculating means (99-1)
recirculates said selected segment at the rate of the reciprocal of said
scan period to provide said continuous representation 30 of the test tone
in said selected segment. Patentanspriche 1. Gerdt zum  Analysieren
vorgeschriebenen Parameter eines analogen elektnschen Signals. 35
enthaltend: Vorrichtungen (23) zum Empfangen einer Folge von getrennten
analogen Signalsegmenten. mit einer Echtzeit-Folgegeschwindigkeit, wobei
jedes Segment mindestens ein Audioprufsignal enthalt, das eine
entsprechende Echtzeitwellenform aufweist; Speichervorrichtungen (33), die
mit den genannten Empfangsvorrichtungen verbunden sind, um die genannte
Folge von in Echtzeit empfangenen Signalsegmenten zu akkumulieren;
gekennzeichnet durch: Steuervorrichtungen (35), die mit den 40 genannten
Speichervorrichtungen verbunden sind, urn seriell und sequentiell die
akkumulierte Folge von Signalsegmenten aus den genannten
Speichervorrichtungen mit einer Ausgangsfolgegeschwindigkeit abzugeben, die
kleiner ist als die genannte Echtzeitfolgegeschwindigkeit, wihrend
gleichzeitig die genannten Audioprffsignale mit den genannten
entsprechenden Echtzeitwellenformen aufrechterhalten werden; und
Signalanalysatorvorrichtungen (25, 27), die mit den genannten
Speichervorrichtungen 45 gekoppelt sind, um die genannte ausgegebene Folge
von Signalsegmenten mit der genannten geringeren
Ausgabefolgegeschwindigkeit zu empfanen und an jedem der genannten
Audioprufsignale jedes der genannten Segmente Messungen durchzufuhren. 2.
Das Gerat nach Anspruch 1, dadurch gekennzeichnet, dag die in der genannten
Folge von Signalsegmenten enthaltenen Audiopraft6ne zeitliche Abstande
aufweisen, die gleich einer Abtastperiode 50 eines Standardfernsehsignals
sind. 3. Das Gerdt nach Anspruch 2, dadurch gekennzeichnet, dag die
genannte Abtastperiode der Zeitperiode zwischen vertikalen
Synchronisierimpulsen eines Standardfernsehsignals entspricht. 4. Das Gernt
nach irgendeinem der Anspruche 1 bis 3, dadurch gekennzeichnet, daB das
genannte Gerdt einen Analog-Digitalumsetzter (37) enthalt, urn die genannte
Folge von separaten analogen 55 elektrischen Signalsegmenten mit der
genannten Echtzeitfolgegeschwindigkeit zu empfangen; die genannten
Speichervorrichtungen (33) einen Digitalspeicher enthalten; und das
genannte Gerat weiter einen Digital/Analogumsetzer (39) aufweist, der
zwischen den genannten Speichervorrichtungen und den genannten
Signalanalysatorvorrichtungen verbunden ist, urn die genannte Folge von
Signalen, die mit der genannten geringeren
Ausgangssignalfolgegeschwindigkeit abgegeben wird, fur die Verarbeitung
durch 60 die genannten Signalanalysatorvorrichtungen in analoges Format
umzuwandeln. 5. Das Gerat nach Anspruch 4, gekennzeichnet durch
Vorrichtungen (99-1) fNr die Speicherrezikulation, die mit dem genannten
Digitalspeicher (33) gekoppelt sind und mit den genannten
Steuervorrichtungen (35) verbunden sind und von diesen gesteuer werden, um
ein ausgewahites der genannten Segmente zu rezirkulieren, so daB am Ausgang
des genannten Digital/Analogumsetzers eine kontinuierliche Darstellung 6s
des Priftons erzeugt wird, der in dem ausgewahiten Segment enthalten ist.
19    0 117 910 6. Das Gerat nach Anspruch 5, dadurch gekennzeichnet, dal3:
jedes der genannten Segmente eine Abtasperiode   eines
Standardfernsehsignals   dauert;   und   die   genannten   Speicher-
rezirkulationsvorrichtungen (99-1) das genannte ausgewdhlte Segment mit der
Geschwindigkeit des Reziproken der genannten Abtastperiode rezirkulieren,
um die genannte kontinuierliche Darstellung s des Pruftons im genannten
ausgewahiten Segment zu erzeugen. Revendications 1. Appareil pour l'analyse
de parametres prescrits d'un signal electrique analogique, comprenant: un 



70 moyen (23) pour recevoir une s6quence de segments separ6s d'un signal
electrique analogique ayant une frequence de sequences en temps rbel,
chaque segment contenant au moins un signal de test audio ayant une forme
d'onde en temps rbel correspondante; un moyen de stockage (33) couple audit
moyen de reception pour l'accumulation de ladite sequence de segments de
signal recus en temps r6el; caracterise par: un moyen de commande (35)
coupl6 audit moyen de stockage pour lib6rer en sequence en serie la 5
sequence accumulbe de segments de signal dudit moyen de stockage A une
frequence de sequence de sortie plus lente que ladite fr6quence de sbquence
en temps r6el tout en maintenant lesdits signaux de test audio avec
lesdites formes d'onde correspondantes en temps r6el; et un moyen analyseur
de signaux (25, 27) couple audit moyen de stockage pour recevoir ladite
sequence lib6rbe de segments de signal A ladite frequence plus lente de
sequences de sortie et accomplir des mesures sur chaque signal de test
audio de -20 chaque segment. 2. Appareil selon la revendication 1,
caractbrise en ce que les sons de test audio contenus dans ladite sequence
de segments de signal sont espacbs en un temps egal a une p6riode de
balayage d'un signal de television standard. 3. Appareil selon la
revendication 2, caracterise en ce que ladite periode de balayage
correspond a la 25 periode de temps entre les impulsions de synchronisation
verticale d'un signal de tel6vision standard. 4. Appareil selon l'une
quelconque des revendications 1 a 3, caract6risb en ce que ledit appareil
comprend un convertisseur analogique-numbrique (37) pour recevoir ladite
sequence de segments separbs du signal 6lectrique analogique ayant ladite
fr6quence de sequence en temps reel; ledit moyen de stockage (33) comprend
une m6moire numerique; et ledit appareil contient de plus un convertisseur
30 numerique-analogique (39) connect6 entre ledit moyen de stockage et
ledit moyen analyseur de signaux pour convertir ladite sequence de signaux
lib6rbs a ladite frbquence plus lente de sequence de signaux de sortie en
un format analogique pour le traitement par ledit moyen analyseur de
signaux. 5. Appareil selon la revendication 4, caracterisb par un moyen de
recirculation a m6moire (99-1) couple a ladite memoire numerique (33) et
connecte a et sous la commande dudit moyen de commande (35) pour 35 la
remise en circulation d'un segment choisi parmi lesdits segments pour
produire a la sortie dudit convertisseur numerique-analogique une
representation continue du sont de test contenu dans le segment choisi. 6.
Appareil selon la revendication 5, caractbrise en ce que chaque segment
dure une p6riode de balavage d'un signal standard de tel6vision; et ledit
moyen de recirculation en m6moire (99-1) remet ledit 40 segment choisi en
circulation a la fr6quence de l'inverse de ladite periode de balaVage pour
produire ladite representation continue du son de test dans ledit segment
choisi. 55 20    


