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A SMALL FORMAT ANALOG
RECORDING SYSTEM

BARRETT E. GUISINGER

Datatape Technology Center
2650 Lafayette Street

Santa Clara, Ca. 95050

ABSTRACT

This paper describes the design and implementation of a low cost, analog, DC to 6 MHz
bandwidth instrumentation recorder based on an industrial grade SVHS transport
mechanism. The system is designed to meet all of it’s specifications utilizing standard off-
the-shelf SVHS media. Novel digital processing is described allowing a fully timebase
corrected recorder/reproducer to be housed in a one-half rack enclosure measuring
7"H x 8.5"W x 18"D and weighing less than 25 pounds.

INTRODUCTION

The DTR-6 is a wideband analog instrumentation recorder with a bandwidth of
DC-6MHz. The system combines state-of-the-art instrumentation electronics with an
industrial grade SVHS tape transport to provide high performance and reliability at a low
cost. The ability to use out-of-box SVHS cassettes provides an inexpensive source of
media the world over. The tape transport, being a mass produced industrial grade
product, is an inexpensive Line Replaceable Module that is replaced rather than repaired.

Only the transport mechanism is used with almost no modification while all the packaging
and electronics have been designed from “scratch” in order to optimize the recorder and
package for it’s intented market.



INITIAL DESIGN CRITERIA

I Use available SVHS transport

II Industrial Portable Chosen

1) Designed for ENG applications

2) Die cast transport

3) Separate motors

a) Capstan

b) Scanner

c) Reels

d) Threading

FINAL TRANSPORT MODIFICATIONS

I Physical changes

1) Rewire rotary transformer PCB to reduce crosstalk

2) Change capacitor on full width erase head

II Electrical changes

1) Increase scanner speed from 30 RPS to 68 RPS

2) Increase capstan speed from 1-5/16 to 3-15/16 IPS

RECORDER SPECIFICATIONS

The recorder has the following specifications:

o Format 1/2" SUPER VHS Cassette

o Track pitch 3 mils +/- 6E azimuth



o Bandwidth DC - 6 MHz

o SNR 38 dB pps/rmsn (interchange)

o Record Time 40 minutes

o Media ST-120 SVHS Cassette

o Aux Channels 2 ea Longitudinal 100Hz - 20 kHz
Response
45 dB S/N below 3% distortion

o NPR 18 dB minimum

o Timebase Error +/- 10 nanoseconds

o Size 7"H x 8.5"W x 18"D

o Weight 20 lbs

SIGNAL SYSTEM DESCRIPTION

Figure 1 is a simplified block diagram of the signal system. In broad terms the wide band
signal is first applied to an 8 bit A/D operating at 18 MHz and subsequently clocked into a
FIFO at this same rate. The system timing block generates an additional clock,
approximately 2.5% higher, which is used to clock the digitized signal out of the FIFO
into a D/A converter. This action has the effect of compressing the analog signal and
produces periodic “holes” or “dead zones” in the signal. Not coincidently, these “dead
zones” are aligned with the head switch intervals present in two headed VCRS.

The compressed, analog, signal is then applied to a conventional FM modulator with a
center frequency of 13 MHz. After the modulator, but prior to the record amplifiers, a low
level 2 MHz pilot is added to the FM signal to provide a timebase correction reference in
playback. This composite signal is then recorded on tape. In reproduce, the process in
essentially reversed. After preamplification and equalization, the pilot signal is extracted
and used to lock a VCO at the higher of the two clock frequencies. In parallel, the FM
signal is demodulated and applied to an A/D which is clocked by this higher frequency.

Since the VCO is following the recorder time base error, the A/D sampling of the
reproduce signal and subsequent clocking of the A/D output into the FIFO is also
following these errors. The FIFO output is then clocked by the same 18 MHz crystal



oscillator used in the record process which precisely removes the “dead zones” and after
reconstruction by the D/A provides a fully timebase corrected output signal.

Figure 2 depicts a more detailed block diagram of the input signal processing. The input
signal is applied to the A/D converter after passing through a 6.4 MHz anti-aliasing filter.
The A/D samples at 18 MHz and is clocked into the FIFO at the same rate. Data is
clocked out of the FIFO and into the D/A at 18.51 MHz. The 18.51 MHz clock is
precisely 36/35 times the 18 MHz crystal and is generated by the VCO loop. During the
“dead zone” information from the sync prom is transfered to the D/A to create the sync
interval. This sync signal will be used in playback to determine when sampling should
begin. After the D/A, the signal is filtered, buffered and sent on to the modulator.

As shown in Figure 3, the input signal is digitized, compressed, sync added and then
reconverted to analog. The sync signal provides an area for head switching to occur
without the typical transient contamination of data. It also provides the coarse timing
reference for start of sampling in reproduce as well as a “back porch” reference for DC
restoration.

Figure 4 is a block diagram of the FM/Pilot Record section. The preprocessed input is
applied through a buffer amplifier and preemphasis network to a conventional FM
modulator operating at 13 MHz. The 13 MHz carrier was chosen such that third order
folded sidebands will not demodulate as spurious signals in the final output of the
recorder. That is, these spurious signals will be beyond the output low pass filter cutoff.
An added benefit of the “dead zone” provides for the ability to utilize an AFC system on
the modulator center frequency. During the “back porch” of the “dead zone” the
modulator frequency is compared to a 13 MHz crystal oscillator and adjusted via a
feedback loop to equal the crystal frequency. This keeps all the FM side bands at their
design positions by preventing modulator drift. After the modulator, the FM signal is
band-stop-filter around 2 MHz to provide a clean space to insert the pilot. The pilot is
similarly low-pass-filtered to remove any components that may interfere with the FM
carrier and it’s sidebands. These two signals are then added together in a ratio of 20 to 1
and passed through a record current select circuit to the record amplifiers. The record
current required is a function of whether SVHS or VHS tape is used and is sensed by the
machine via a hole in the appropriate cassette.

Refering to Figure 5. In reproduce, the two head signals A & B are amplified in their
respective current mode preamps and switched together into a single channel during the
“dead zone”. At this point the signal splits into two paths.

In the upper path, the signal is band stop filtered to remove the pilot signal and then
amplitude equalized via a conventional cosine equalizer. After amplitude equalization, the



signal is passed through a straight line network which zeros at 20 MHz. 20 Mhz being the
highest upper sideband frequency of interest. Straight line filtering enchances the S/N by
removing noise components outside the channel design bandwidth. The equalized and
filtered FM signal is then limited, demodulated deemphasisized and filtered to produce a
compressed analog baseband signal. This signal, of course, contains the analog version of
the “dead zone” with its timing reference and “back porch” DC restoration area.

The timing reference is separated from the signal and fed off to the post processor as well
as being used to generate the DC restoration pulse which is used to establish the “back
porch” at zero volts. In the lower path, the RF signal is band pass filtered around 2.057
MHz and the resultant pilot tone divided by 4 and fed to one input of the VCO phase
comparator. The other phase comparator input is derived from the 18.51 MHz VCO
divided by 36. This 18.51 MHz VCO output is the write, or sample, clock which will be
used by the A/D and FIFO input of the post processor.

Because pilot and FM signal were frequency multiplexed onto the same channel, timing
errors in the analog data will be followed by the VCO and provide accurate sampling and
clocking into the FIFO.

In the Post Processor, Figure 6, The demodulated and DC restored data is further filtered
by the same 6.4 MHz anti-aliasing filter previously used by the preprocessor. The filter
output is then sampled by the A/D at the VCO’s 18.51 MHz rate and clocked into the
FIFO. The signal is clocked out of the FIFO by the 18 MHz crystal clock, D/A’ed,
filtered and buffered to the recorder output. This completes the wideband signal
processing.

Figure 7 shows scope photographs of the sweep and square wave response of the
wideband channel. The sweep is approximately 2 dB down @ 6.0 MHz. Notice the
symmetrical “ears” on the 100 kHz square wave indicative of the linear phase response of
the channel.

Figure 8 is a graph of the measured NPR performance as a function of frequency and also
relative to noise band limit filters of 5884 kHz and 2600 kHz.

This graph shows that the user can realize some improvement, in NPR, by switching to a
lower cutoff input filter if the applications particular frequencies of interest are significantly
less than the 6 MHz bandwidth capability of the machine. In other words, the user
basically has the ability to trade SNR for bandwidth by substituting optional input/output
filters.



AUXILIARY CHANNELS DESIGN GOALS

o Suitable for voice or bi-phase encoded data.

o Widest practical bandwidth.

o >45 dB signal-to-noise ratio.

o Linear phase response.

o Data reproduction at shuttle speeds.

o Use the existing SVHS longitudinal heads.

AUXILIARY CHANNELS DESIGN APPROACH

The basic design approach was to:

o Record constant current. No pre-emphasis.

o Utilize current mode preamps.

o Amplitude equalize with cosine equalizers.

o Roll-off HF noise with a linear phase low pass filter

The record amplifier, Figure 9, was designed to deliver constant current to the head with
100 kHz bias added resistively. Extremely simple.

Figure 10 is a block diagram of the auxiliary channel reproduce. In reproduce, the head is
fed into a current mode, or low input impedance, preamp which effectively “swamps out”
any head resonance and makes the preamplifier output level independent of head/tape
speed. Following the preamp, the head is compensated, at the low frequency end, for the
resistive component of the head winding. Then, using cosine equalizer techniques, the
head is compensated for the high frequency roll off typical of any recording channel. This
is all followed by a linear phase low pass filter with a cutoff around 50 kHz to remove
unwanted high frequency noise. Since the recorder search mode is a fixed 3X play speed,
the cosine equalizer boost is appropriately reduced in this mode.

Figure 11 shows the auxiliary channel performance. At the top is the unequalized auxiliary
channel response. The region below 1 kHz is rolled off due to the R/L component of the



head and the region above 1 kHz the typical high frequency roll off due to thickness loss,
gap length and separation losses. In the middle is the channels response after equalization
and the 2 kHz square wave shows the linear phase characteristics.

SERVO SYSTEM DESCRIPTION

The drum servo loop, Figure 12, is quite conventional with the 68.03 Hz drum reference,
derived from 18 MHz crystal, used to reset a ramp generator. The ramp, in turn, is
sampled by the drum once around tachometer thus phase locking the drum to reference
clock. To insure proper head position, relative to reference, an additional 40 dB of DC
gain is switched into the loop after lock is detected.

This insures that the head switch points do not drift outside the “dead zone” window. At
the same time, in record, the drum reference is recorded on the control track for later use
by the capstan servo during playback.

The capstan servo, Figure 13, in record, utilizes a VCO as a reference which when
divided by 48 is phase compared and locked to the drum reference by virtue of sampling
the drum rate ramp. This provides a constant tape speed in record. In playback the drum
rate ramp is sampled by control track pulses and the resultant error voltage slews the
VCO until the written tracks on the tape are in the precise same aligment with the drum as
they were in record. Small interchange differences are compensated by the tracking
control which introduces a DC offset into the loop resulting in a phase shift between
capstan and drum.

Although not shown in this diagram, in shuttle mode, the capstan error voltage is switched
to full high resulting in a tape speed about 3X play.

DTR-6 FEATURES

The DTR-6 incorporates the following features:

o Full record/ reproduce, including TBC,
in a 8.5" W x 7.0"H x 18.0"D package.

o Remote Control

o Parallel - HC-LOGIC or switch closure remote with tally.

o RS422



o IEEE-488

o Status for EOT “End-of-Tape”, BOT “Beginning-of-Tape” and NEOT “Near End-
of-Tape”.

o Auto rewind @ EOT

o Aux 2 Dub - Mic or line

o Search @ 3X Play

o Auto Stop @ counter zero

o Use of VHS Tape with only 2 dB SIN loss

o Highly Serviceable Packaging

Hopefully the DATATAPE DTR-6 can provide the instrumentation community a small,
high performance, low operating cost recorder suitable for their general analog recording
requirements.
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Figure 1 - Signal System Block Diagram



Figure 3 - Time Compression and Sync Insertion

Figure 4 - FM/Pilot record Block Diagram



Figure 5 - FM/Pilot Reproduce

Figure 6 - Post Processor Block Diagram



Figure 7 - Sweep & Square Wave Response



Figure 9 - Auxiliary Record Block Diagram

Figure 10 - Auxiliary Reproduce Block Diagram



Figure 11 - Auxiliary Channel Sweep & Square Wave Response

Figure 12 - Drum Servo Block Diagram




