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MAGNETIC DIGITAL AUDIO RECORDING:

A REALISTIC LOOK AT AN EMERGING TECHNOLOGY

BY

Edwing W. Engberg
Ampex Corporation
Redwood City, California

ABSTRACT

The general considerations towards the design of Magnetic
Digital Audio Recorders are presented and a typical block diagram
is explained.

Some areas of hardware implementation which are considered
state-of-the art are discussed to provide the potential user with
a realistic understanding of what will limit the performance
specifications of digital audio recorders.

Certain machine operating requirements which the author
feels are necessary for the general acceptance of digital recorders
are presented to show their dependence upon the recorders basic
signal and tape formats.

INTRODUCTION

The emergence of digital technology into the audio recording
studio in the last few years has been primarily through the use
of special effects boxes with analog inputs and outputs. This
has allowed the recording engineer to continue t_ think in
analog terms and not be seriously confronted with the special
terminology and formats of digitized audio.

Without the knowledge of what magic is happening inside these
boxes, a misunderstanding of the capability and potential of

digital audio has sometimes resulted. There have been descrip-
tions of digital audio recorders which were extravagant and
sometimes misleadinq. Such comments as "total absence of noise

and distortion" and "signal to noise at virtual infinity" are
comments which the author has read in recent publications.
It is with these thoughts in mind that this paper is being
written to provide a realistic perspective of the potential
performance and use of magnetic digital audio recorders.

GENERAL DESCRIPTION OF DIGITAL SYSTEM

The object of any recording process is to store information
and then to faithfully reproduce it. In conventional analog
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recorders one of the most significant limiting parameters is

the inherent non-linear amplitude characteristics of the magnetic

tape.

To prevent the amplitude dependent parameters from influencing

the amplitude characteristics of the signal to be recorded we

must encode the signal into a form which is insensitive to ampli-

tude distortion before recording. One form of this type of

encoding is called pulse code modulation (PCM).

A recorder which uses PCM converts the instantaneous amplitude

of the signal being recorded into a binary number which repre-

sents that amplitude and which is then recorded on tape. It is

PCM encoding which is generally regarded as digital recording.

Before delving into the description of the record and reproduce

process in a digital recorder it would be worthwhile to review

the basic requirements of a digital audio data channel.

Sampling Process

In order to generate the binary numbers which are to be recorded

on tape, the audio waveform must be periodically sampled. It

is important that the sampling process be often enough to accu-

rately determine the amplitude of the highest frequency of

interest. The Nyquist criterion states that the highest frequen-

cy to be passed through the system must be sampled at least

twice per cycle. If the audio is _o have the bandwidth of

20 kHz, then the sampling rate must be at least 40 kHz. Figure

la shows the resulting waveform when a 6 kHz sine wave is perio-

dically sampled.

Figure lb shows the same waveform after the sampling frequency

and image frequencies have been filtered out as would be done

in the output of a digital audio recorder.

If a baseband frequency higher than 20 kHz is sampled by a

40 kHz sampling rate, aliasing products are generated.

To understand the generation of aliasing products let's examined

what happens when a 21 kHz sine wave is sampled at a 40 kHz rate.

The sampling process multiplies a 40 kHz carrier by the funda-

mental 21 kHz sine wave. This carrier is amplitude modulated

by the 21 kHz sine wave causing 21 kHz side bands. The fre-

quency of the carrier's lower side band is
40 kHz - 21 kHz = 19 kHz.

The frequency of the carrier's upper side band is
40 kHz = 21 kHz = 61 kHz0

When the sampled sine wave is low pass filtered to remove the

carrier and upper side bands, it can be seen that the resulting

signal is now a combination of the original 21 kHz sine wave
and the carrier's lower side band at 19 kHz. This unwanted

19 kHz sine wave is called an aliasing product. Aliasing

products will result whenever a frequency above 1/2 of the

sampling frequency, called the Nyquist frequency, is sampled.

To prevent aliasing products from being generated, the audio
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wave form is low pass filtered before it is sampled to eliminate

all frequencies higher than the Nyquist frequency. If the Nyquist

frequency is equal to the highest frequency to be passed through

the system it is impossible to realize a filter to eliminate all

alias products. What is required in a practical system is to

place the Nyquist frequency well above the highest frequency of

interest to allow practical filters to sufficiently attenuate

input frequencies that may be above the Nyquist frequency.

Sampling Rate

The selection of the proper sampling rate must take into account

many considerations, some of which are not obvious. The higher

the samplinq rate, the easier it is to build the anti-aliasing

filter. B_t it is also true that the higher the sampling rate

the more samples and therefore the more binary digits are gene-

rated per unit time. This increases the bit packing densitiy

on the magnetic tape at a given tape speed. The higher the

bit packing density the less reliable the recording will be,

since bit error rate is highly dependent on the bits stored

per inch of track. Therefore it is equally important to keep

the sampling rate as low as possible. The balance between

these two conflicting requirements is the first guideline

towards the selection of the proper rate.

Heaslett (1) in his report to the AES Digital Standards Com-
mittee has described in detail the criteria for the selection

of a digital audio sampling rate which will be compatable

with worldwide television and film standards. Of the sampling

rates available between 45 kHz and 60 kHz it appears that for

professional recording applications the most desirable sam-

pling rate is 50.000 kHz.

Several Japanese manufacturers have designed digital audio

recorders based upon consumer helical video tape recorders.

Because of the need to format digital audio into the NTSC
television standard and because of the nature of helical video

recorders, a special sampling rate is involved. When a PAL

television standard helical video recorder is used a different

sampling rate is required. The sampling rate which has been
chosen for NTSC is 44.0559 kHz and for PAL is 44.100 kHz.

Because neither meets the criteria for standards compatibility

it is expected that neither frequency will find general accep-

tance for professional recording applications which require

international interchange.

Data Rate

To describe the data rate required to record digital audio,

two assumptions will be made. The first is that each sample

amplitude will be described by a 16 bit linear binary word.

The second is that the sample rate will be 50 kHz. Both

these assumptions are consistent with the direction being

taken by the Digital Standards Committee of the Audio Engin-

eering Society.
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There are 50,000 16 bit binary numbers generated per second.
When these are converted into serial form the basic serial

b_t rate becomes 800 kilobits/sec (kb/s). To provide the

capability of error detection and correction and to provide

synchronizing signals, an additional amount of data equal to
25 to 50% of the basic data must be added. When this addi-

tional data is added to the basic data the recorded data rate

becomes 1 to 1.2 Mb/s. A conventional professional analog

recorder has a bandwidth of about 25 kHz. Because one cycle

can ideally convey two bits of information this is equivalent

to 50 kb/s. The ratio between the digital requirements and

the analog capability is 20 to 1.

One important characteristic of a digital data channel is

that it requires only a 25 to 30 dB signal to noise ratio

to achieve an acceptable reproduce data error rate. A typical

professional analog audio recorder will provide a signal to

noise rati6 of mo_e than 70 dB. It is the ability of trading

the excess 40 dB signal to noise ratio for a bandwidth increase

of 20 to _ which allows designing a practical digital audio

recorder which operates at a conventional tape speed. An

additional tool which the designer has is to provide more

tracks in the same tape width. If one wide track is split

into two, the result is twice the record data rate with only

a 3 to 4 dB signal to noise ratio loss in each track.

Record Wavelength

The shortest wavelength recorded on professional analog tape

recorders is between .5 and 1 mil. (12.7 and 25 _)° For

digital applications the wavelength which results from a 1.2

mB/s data stream which has been encoded into a typical channel

code such as Miller and recorded at 30 in/s (762 m_/s , is

50 micro-inches (1.27 uM). This represents a recorded density

of 40 kb/in (1.57 kb/mm).

The reproduce signal amplitude decreases at the rate of 55 dB

per wavelength of separation between the tape surface and the

reproduce head. It is obvious that for recorded wavelengths

of 50 microinches (1.27 uM) surface imperfections or dirt

on the tape which have a dimension approaching 10 microinches

(.254 uM) can have a significant effect upon the output signal

from the head. At these wavelengths even a fingerprint will

cause separation loss and thus cause errors to occur. Even

without contamination of the tape it is very difficult to main-

tain head to tape contact of less than 10 u inches (0.254 u_)

without requiring much higher than usual head to tape pressure

which may result in tape and/or head damage.
tt is the effectiveness of the recorder's error detection and

correction mechanism which determines whether any audible effect

exists upon playback.

The alternative to recording at high densities is to either
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increase the tape speed, which decreases total recording time,

or to provide more than 1 tape track per channel, which requires

more electronics. In either case the user of digital audio

recorders should expect to take reasonable care in keeping

the recorder's transport area clean and protecting the tape

from contamination such as wrinkles or fingerprints.

Error Detection and Correction

Playback will occasionally contain errors that will be object-

ionable unless corrected or concealed. The key to doing either

correction or concealment is knowing when an error has occured.

A first level of error indication is provided by looking at

the envelope of the playback signal. This is however much too

coarse an indication to totally rely upon.

If errors are to be reliably detected there must be a sound

basis of judgement. This basis is provided by recording addi-

tional data along with the normal signal data. This data,

called overhead, can be in the form of parity bits or, more

elegantly, in the form of special error checking characters.

Whichever way it is done the end result should be that all

errors wich can occur can be detected.

Once an error has been detected either of two mechanisms can

be evoked. The first mechanism is error masking. This may

take the form of muting during the error or it may be to

hold or interpolate the wave form during the error, based

upon remaining samples. Listening tests on different types
of program material have demonstrated that some forms Of error

masking can be very effective. Simpler forms of masking how-

ever can be detected and are sometimes objectionable.

The most desirable way to eliminate errors is to correct them.

This requires knowledge of the data recorded during the time

that the error occured. The means for correcting errors

therefore is to provide additional special coding or redun-

dancy of the data. In magRetic tape recorders errors generally

are not randomly scattered but come in bursts lasting from 10

to several hundred bits. Therefore the error correcting infor-

mation must be dispersed on the tape to prevent burst type

errors from destroying a recorder's error correcting capabili-

ty. The rate and duration of tape dropouts must be a prime

consideration in the design of the format through which the

basic data, error checking data and error correcting data are

combined on tape.

It can be seen that the more effectively and reliably we

want to conceal and correct data during playback, the more

information must be added as overhead to the original recording.

This additional information increas_the data storage require-

ments of the recorder and either increases the packing density

on tape or causes a corresponding increase in tape usage and

speed.
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With automatic error correction, gradual deterioration of the

recorded bit stream will be concealed until the point is reached

where the correction mechanism fails. This is typical of digital

systems where performance is normal until they abruptly fail.

Such deterioration may come from repeatedly performing an im-

perfect process (perhaps a punch-in recording sometimes produces

a transient error) or from gradual deterioration of the recorder

itself. It is important that the format used in professional

digital audio recorders have a significant margin between normal

operation and failure. This margin will come from a conservative

design approach whereby bit packing density, head to tape inter-

face and encoders are not pushed close to their performance

limits. For the user it will be very difficult to evaluate the

performance margin of different recorders. :As in most other

areas of recorder evaluation the final determining factor mu_t

be the demonstration of reliability over varied operating
conditions.

DIGITAL RECORD PROCESS

With an understanding of the basic digital audio channel requi-

rement let's look at a general block diagram of the signal flow

for the digital record process, as shown in figure 2. The neces-

sary control and clocking interconnections are omitted for the

sake of clarity.

The analog audio signal is applied to the recorder at the line

receiver amplifier. This amplifier can be of conventional design

except for the requirements of exceptional dynamic range.

The output of the line receiver is applied to the input filter.

This is a sharp cut-off low pass filter with the cut-off at the

highest frequency to be recorded. The purpose of this filter

is to prevent the generation of aliasing products when the audio

signal is sampled.

A critical part of the record process is the sample and hold

circuitry which samples the analog waveform at the input filter.

This circuitry holds the sampled value of the audio waveform

constant while the analog to digital (A-D) converter is conver-

ting that value to a digital word. Any noise or glitch which

becomes part of the held value decrease the accuracy of A-D

conversion causing a reduction in the recorder's signal to
noise ratio or an increase in it's non-linear distortion.

In a 16 bit system, the accuracy must be better than 1 in 216

or 1 in 65,536.

The output of the A-D converter is typically in parallel form

where each of the bits which make up the binary word is avail-

able simultaneously. After each sample interval this parallel

binary number will change to represent the value of the next

sample.
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One purpose of the "formatter" which follows the A-D converter,

is to take this parallel binary word and convert it into a serial

NRZ data stream for recording on magnetic tape. An additional

purpose is to add other types of data to the serial bit stream.

This additional data called overhead consists of bit patterns

for synchronization, error checking characters and error correc-

ting codes. Sometimes parity information and redundant data

are also added to facilitate error correction. The way in which
the basic data and overhead data are combined determines the

recorder's basic data format. Different formats will use diffe-

rent combinations of the previously mentioned types of overhead

information. The resulting combination of data and overhead is
connected to the channel encoder.

The specific nature of a magnetic tape channel is that of a band

pass filter. Very specifically there is no dc response. The
data which comes out of the A-D converter is in the form of a

non-return-to-zero (NRZ) code. The spectral content of NRZ data

contains significant amount of energy at dc. If NRZ data were

directly recorded on tape the lack of dc response in the channel

would severely distort the data wave form making accurate data

detection during reproduction difficult. To compensate for the

lack of dc response the NRZ data from the data formatter is usually

encoded into a form which minimizes or has no dc response and has

a spectral content which matches the record channel. The out-

put of the channel encoder is directly connected to the record

amplifier.

The record amplifier in a digital recorder can be very much like

the record amplifier in a conventional analog recorder when the

digital recorder uses biased recording.

However when certain channel codes are used and when the record-

ing density is 15 Kbits per inch and higher, sometimes no bias
is used and the channel encoded data itself drives the tape to

near saturation. It is important to know that when recording

with bias it is necessary to have a separate erase head when

recording over previously recorded magnetic tape.

DIGITAL REPRODUCE PROCESS

A general block diagram of the signal flow for the digital

reproduce process is shown in Figure 3. As in the Record block

diagram, control and clocking interconnections are omitted for

clarity.

The signal from the reproduce head is applied to a low noise,

wide bandwidth preamplifier, just as in an analog recorder.

The output of the preamplifier is applied to the reproduce

equalizer.

Whereas in an analog recorder the purpose of the equalizer is

to flatten the _plitude response of the audio signal through-

-7-



out the pass band of the recorder in accordance with some equa-

lization standard, in a digital recorder the equalizers purpose

is to adjust the amplitude and phase response such that zero

crossings in the waveform of the reproduce binary signal closely

represents the zero crossings in the waveform which was recorded.

This is necessary in order to properly detect the value of each

binary bit, i.e. a one or a zero. The output of the equalizer

is connected to the bit synchronizer and limiter.

The purpose of the bit synchronizer circuitry is to extract the

data clocking frequency from the reproduce digital data. This

is the same clocking frequency that was used originally to gene-

rate the channel code. The limiter limits the positive and

negative voltage excursions of the reproduced data.

There are two outputs from the'bit synchornizer/limiter. One is

the reproduced digital data and the other is the data clock.

These are simultaneously applied to the channel decoder which

decodes the NRZ information and applies it to the Deformatter/

TBC circuitry.

The function of the deformatter is to separate the basic binary

audio data from the overhead information. This is largely a

process of serial to parallel conversion.

The time base correction circuitry electronically cancels wow,

and flutter components by correcting the timing of each play-

back sample and also serves to deskew all channels of a recorder

to insure phase congruity from channel to channel. One output

from the Deformatter is the original binary audio data. The

other is the overhead information which will be used in the

error detector and corrector.

In the error detector the basic audio data and overhead data

are analyzed to determine whether an error has occured.

If there has been an error the correction data is used to

correct the error. The multitude of mechanisms which can be

used to correct or conceal the errors is a subject far more

comprehensive than can be covered in this paper.

The output of the error detector and corrector is a series

of parallel binary words which should be error-free and a

replica of the data that left the original analog to digital
converter.

The digital to analog converter takes the binary words and

converts them to sequential analog voltage levels. An output

sample and hold circuit holds the voltage level constant during

each sample period, and serves to eliminate major setting

glitches in the D-A converter.

The data formatter in the block diagram shows one output connec-

ted to one record head. It is possible to use multiple record

heads to record one channel. Therefore less data is put in

each track with the result that the bit packing density of

each track is decreased.
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The output of the digital to analog converter is applied to the

output low pass filter. The purpose of this filter is to remove

the sampling frequency and its side bands which appear as images

of the audio signal. Even though these frequencies are higher

than the desired band pass of the recorder they can have an

adverse effect upon equipment which may be connected to the out-

put of the digital recorder.

The line output amplifiers can besimilar to those found in an

analog recorder except for the eceptional dynamic range required.

SIGNIFICANT PERFORMANCE PARAMETERS

There are several performances parameters of a digital audio

recorder that deserve special discussion.

Some of these have a direct equivalent in an analog audio re-

corder and some are new and as yet have no standard way of

being defined.

Dynamic Range

In a well designed digital audio recorder it is the A-D converter

which theoretically determines the dynamic range and maximum

signal to noise ratio of the recorder. The dynamic range is

determined by the range of binary numbers (words) which the A-D

can generate. Because each bit in the binary number represents

a power of 2, a binary number with 16 bits can describe 65,536

discrete numbers. It is the quantizing of the audio signal
waveform into these discrete levels that creates the basic

system noise. This noise is the error between the actual signal

waveform and the accuracy to which the waveform can be described

by the allowed range of binary numbers. Talambiras (2) in his

paper has described the exact formulas for determining the

dynamic range of linear binary encoders. For the purpose of

this paper the approximation of 6 dB per bit contained in the

binary number will be adequate and will give a figure which is

only slightly less than the theoretical maximum. Therefore

for a 16 bit linear binary converter the theoretical maximum

dynamic range, which is the same as the maximum signal to noise

ratio is approximately 96 dB. A 16 bit binary number was

specifically chosen for this example because linear converters

of 16 bits are the highest resolution converters with the re-

quired conversion speed that are technically and economically

suitable for digital audio recorders in the near future.

When figures such as 96 dB are described as a recorder's dynamic

range it can be misleading to the potential user. A digital

system, when it reaches the end of its dynamic range, comes to

a hard limit. Figures 4a and 4b show a comparison between a

digital and analog recorder on a 2 dB overload. Figure 4c shows

the frequency spectra of the waveforms in figures 4a and 4b.

The increased content of higher order harmonics in the over-

loaded digital system, as shown in the lower half of figure 4c,
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produces a sound which is subjectively worse than that of the over-

loaded analog system as shown in the upper half of figure 4c.

From this it can be seen that it is important to avoid overload

in a digital system on peaks of the audio signal.

Therefore it is necessary to set the operating level at least

15 to 20 dB below the level of maximum recorded signal. This then

provides a signal to noise ratio,at operating level,of 76 to 83 dB.

It is important to note that improvements in the signal to noise

ratio of digital audio recorders will only come with an increase

in the numbe_ of binary bits which represents each digital sample.

Therefore if a specific digital recording format contains room for

only 16 bits per sample, a modification of that format is required

to increase the recorder's signal to noise ratio.

There are methods of digitally encoding the analog samples other

than in a purely linear manner. One of these, which can easily be

transcoded into a linear form, is that of floating point represen-

tation (sometimes known as automatic range coding).

With this method a limited range A-D converter has its input signal

prescaled to make best use of the converters limited range. A radix

2 floating point system with one sign bit, 12 mantissa bits and 3

exponent ranging bits can provide a 120 dB dynamic range with a

dynamic signal to noise ratio of 78 dB.

All non-linear encoding schemes, of which floating point is an

example, trade dynamic signal to noise ratio for either increased

dynamic range or for a reduced number of data bits.

A side effect which these systems will have is that the quantizing

noise level is a function of the signal level. This is a form of

modulation noise.

Time Base Error

All analog recorders contain some time base errors. In audio

recorders these errors are typically described as wow and flutter.

There is no simple way to remove this error other than through

good design of the tape moving and guiding mechanism.

Because in a digital audio recorder each digital sample represents

a specific instant in time_ during playback circuitry can buffer

and electronically correct the rate of the digital samples to the

accuracy of a reference crystal oscillator. The result is that

there is no wow, flutter or any other longitudinal tape velocity

error present in the audio signal.

Distortion

The distortion in a well designed professional analog audio re-

corder will be the result of the non linearity of the magnetic

tape, and will be predominantly 3rd harmonic. In a digital audio
recorder the distortion is primarily determined by the linearity

of the analog to digital and digital to analog converters. With

a dynamic range close to 100 dB most active circuits in the digital
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recorder are contributing some distortion at high output levels.

But certainly the performance of the recorder can be no better

than the performance of the converters themselves. The analog

to digital converter is the one component within the digital

recorder which is being pushed closest to the limit of the

present state-of-the-art.

The linearity of converters is usually specified in terms not

familiar to the recording industry. Monotonicity, quantizing

errors, accuracy and resolution are the parameters with which

converters are normally specified. The combination of these

specifications will describe a converter's linearity. For

example, a 16 bit linear A-D and D-A combination with + 1/2

least significant bit !inearity would be expected to have no

more than 0.003% total harmonic distortion at maximum signal
level.

For a converter to be practical for use in a professional

recorder product it must not only meet its specifications upon

delivery, but it must continue to meet its distortion and accu-

racy specifications over a long period of time and over an

appropriate temperature range. Therefore the long term stabi-

lity of converter parameters is also significant in determining

its suitability for use in a professional product.

Frequency Response

In an analog recorder the high frequency response is determined

by the effeciency of the head to reproduce short wavelengths and

by the tapes relative short wavelength saturation characteristics.

The low frequency response is primarily determined by the shape

and size of the reproduce head.

In a properly designed digital recorder the high frequency

response is determined by the input and output filters. The

low frequency response may be extended to d.c. if desired.

The input filter functions to prevent input frequencies at or

above the Nyquist frequency from being sampled. For a recorder

with a high frequency specification limit of 20 kHz and a

sampling frequency of 50 kHz the input filter must attenuate

frequencies above 20 kHz such that the response at 25 kHz is
at least - 55 to - 60 dB. This can be achieved with careful

filter design and still provide less than .5 dB ripple below

the cut-off frequency. Some designs will also contain group

delay compensation for frequencies close to cut-off.

The purpose of the output filter is to attenuate the sampling

frequency and its side bands from the output signal. The

frequency and attenuation characteristics of the output filter

are normally very similar to those of the input filter except

for the frequency compensation which is provSded to cancel the

frequency loss created by the_3mp!ing process. This loss has

the form of sin X/X, with unity gain at low frequencies and an

attenuation of approximately 4 dB at the Nyquist frequency.
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Modulation Noise and Scrape Flutter

One of the more annoying types of noise in an analog recorder

is called modulation noise. It is primarily caused by the non-

homogeneity of the tapes magnetic coating and by bumps and modules

on the tapes surface which create spacing loss. Because the re-

corded audio signal in a digital audio recorder is encoded in

PCM form it is immune to modulation noise. Therefore a digital

audio recorder which uses linear PCM encoding will be completely
free of modulation noise.

Scrape flutter is another source of signal degradation in an

analog recorder. It is caused by the tape rubbing upon stationary

guides or upon the heads themselves.

Through stick-slip phenomena, longitudinal vibrations are set

up in the tape which frequency modulate the reproduced signal.

The time base correction circuitry in a digital audio recorder
cancels this modulation.

It is probably the elimination of these two forms of signal

degradation-which will be the most noticeable improvement in

listening quality of digital audio recorders over conventional

analog recorders.

OPERATING REQUIREMENTS OF DIGITAL RECORDERS

It is important that the format of the first digital audio

recorders allow most of the same operating features as the

analog recorders which they will replace. The format must

contain the potential for growth to allow for improved recorder

performance and for future integration into totally digital

recording systems. The basic recording format is the funda-

mental factor which determines the capability of a digital audio

recorder to provide not only the operating features which are

initially recognized as necessary but those which will become

possible because of advances in digital audio technology and

especially in magnetic tape.

Punch-in Recording

Punch-in recording or overdub must be done on the first digital

audio recorders in a manner which is similar to that now being

done on analog recorders. The subjective effect of a punch-in

should be at least as good as that now achieved with analog

recorders which are equipped with record and erase delay cir-

cuitry to eliminate overlap on punch-in and a gap on punch-out.

In analog recorders a merge is automatically created between

an old and a new recording by ramping the erase and bias signals.

This is not possible in digital recorders. Therefore a digital

recorder must have some form of digital signal processing to

create a merge or it must be done externally in peripheral

electronics. In either case it is the basic format which will

determine the complexity of electronics and procedure required

to do subjectively acceptable punch-in recording.
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Multiple Digital Generations

One of the prime advantages of digital audio recorders is the

ability to duplicate recordings without any deterioration in the

quality of the recorded signal. For this to be done, input and

output digital ports must be provided to allow interconnection

of digital data between a recorders channels or between the

recorder and peripheral equipment.

In order to insure that when one channel of a digital recorder is

recorded into another the result is in synchronism with the origi-

nal, an electronic delay must be provided to compensate for the

distance between the reproduce and record heads. Simultaneity

between channels in a digital recorder must exist just as it does in

an analog recorder which has sync recording capability.

Editing

Because of the restrictions which must be placed upon cutting

and splicing digital tape, present editing techniques will be

replaced by new ones. These new techniques will become acceptable

because of the ability to copy a digital recording with no loss

in signal quality. To allow for new forms of editing, digital

audio recorders must provide not only the digital signals ports,

but also the appropriate command and status lines for inter-

connection to peripheral equipment.

The systems which will be developed for audio editing may be very

much like the editing systems now in use for editing video tape

recordings.

Recording Time

A digital audio recorder should provide the same recording time

as the user is now accustomed with analog recorders. A minimum

of 30 mintues should satisfy most applications although more

time would be desired. Once again it is the recording format

which determines the basic data rate. This in conjunction with

the desired bit packing density will determine the tape speed.

In turn, the tape speed in conjunction with the maximum reel

size will determine the maximum recording time.

SUMMARY

As with any emerging technology, digital audio recording has

created some confusion and misunderstanding.

Misinterpretation of performance specifications has led some to

believe that digital audio recording may be the answer to all

recording problems.

An important advantage which digital audio recorders have is

that their performance parameters such as signal to noise,

distortion and frequency response are controlled by electronic

and not mechanical or physical limitations. But digital recor-

ding also provides some limitations which are not present in

-13-



analog recorders. The understanding of these limitations by

the user is of primary importance so that he may most efficiently

and effectively utilize a digital recorder.

A characteristic of digital signal systems is that they fail

abruptly, usually without the gradual warning which is typical of

deterioration in analog systems. A conservative design approach

is required to provide a digital system with a safe operating

margin.

It is the recorded bit density which is the single most significant

factor in the reliability of a digital recorder. The efforts which

are now underway to create a digital audio recorder standard

format must consider the reliability, flexibility and potential

for performance improvement of that format just as well as that

format's basic signal performance capability.

The evaluation of format reliability, though difficult, must be

conducted over varied operating conditions.

The limitations and advantages of digital recorders will have a

significant effect upon the future configuration and operating

procedures in recording studios. For example, mechanical splicing

of tape will be replaced by audio editing systems similar to the

video editing systems of today.

These systems will provide procedures and techniques which will

significantly improve the efficiency and quality of edits.

It is easy to see that the end result will be an all digital

studio. This together with the digital audio players that are now

being developed for the consumer market, will give the audio

enthusiast the potential to experience a fidelity of sound,

which was previously available only to the recording engineer

in his studio.

Figures

Figure 1 Sampled and Filtered Waveforms of a 6 kHz Sinewave

at Operating Level.

Figure 2 Simplified Block Diagram, Record Signal Flow

Figure 3 Simplified Block Diagram, Reproduce Signal Flow

Figure 4 Overload Characteristics with Input 2 dB above maximum

Input level.
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