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INTRODUCTION

One of the most challenging aspects of acouslics is the extremely wide range of applica-
tions which it embraces. Sound is used for entertainment, dramatic effect, communica-
tion, warnings and echo location and we prize these applications highly and research
ways of making them more effective. Unwanted sound is also a by-product of industry,
means of transport or simply bad plumbing and we then strive in the opposite direction to
gliminate it or the unsuppressed vibrations which often cause it. There is possibly no oth-
er discipling in which as much effort is devoted to eliminating the product as to creating it.

By definition sound is a transient phenomenon, and except in rare cases such as air-
frame fatigue, sound does not leave any evidence. Our understanding of acoustics was
enhanced dramatically by the development of means to record sound and vibration
waveforms so that they could be repeated at will for study. Very few branches of acous-
tics have escaped the requirement to record such waveforms and as our analysis tech-
niques have become more sophisticated this has placed greater demands on the quality
of reproduction of our recording technology.

Whilst modem analog recording equipment may look sleeker than its ancestors, the prin-
ciples employed remain the same, but it is now a malure technology. All of the great
breakthroughs have been made, and the state of the art advances ever more slowly fol-
lowing a law of diminishing returns.

The main weakness of analog recording is that within the allowable bandwidth, any
waveform is valid. If the speed of the medium is not constant, one valid waveform is
changed into another valid waveform; a timebase error cannot be detected in an analog
system. In addition, a voltage error simply changes one valid voltage into anather; noise
cannot be detected in an analog system, It is a characteristic of analog systems that deg-
radations cannot be separated from the original signal, so nothing can be done about
them. Conventional biased analog recording has poor performance at low frequencies,
and frequency modulation {FM) was developed to allow a response down to DC. How-
ever, the speed instabilities of the tape are demodulated and restrict the signal to noise
ratio achievable.

WHAT IS DIGITAL RECORDING?

For the digital recording of analeg waveforms there is one system, known as Pulse Code
Modutation {PCM) which is in virtually universal use. Figure 1 shows how PCM works.
The time axis is represented in a discrete, or stepwise manner and the waveform is car-
ried by measurement at regular intervals. This process is called sampling and the
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frequency with which samples are taken is called the sampling rate or sampling fre-
quency Fs. The sampling rate is generally fixed and every effort is made to rid the sam-
pling clock of jitter sa that every sample will be made at an exacily even time step. if
there is any subsequent timebase error, the instants at which samples arrive will be
changed but the effect can be eliminated by storing the samples temporarily in 2 memory
and reading them out using a stable, locally generated clack. This process is called time-
base correction and all properly engineered digital systems must use it. Clearly timebase
error is not reduced; it is totally eliminated. As a result there is little point measuring the
wow and flutter of a digital recorder; it doesn't have any.

All analog signal sources from microphones, hydropho&a\?. accelerometers and so on
have a frequency response limit, as indeed do our ears™When a signal has finite band-
width, the rate at which it can change is limited, and the way in which it changes be-
comes predictable. When a waveform can only change between samples in one way, it
is then only necessary to carry the samples and the original waveform can be perfectly
reconstructed from them.

Figure 1 also shows that each sample is alzso discrete, or represented in a stepwise man-
ner. The length of the sample, which will be proportional to the voltage of the input wave-
form, is represented by a whole number. This process is known as quantizing and resulls
in an approximation, but the size of the error can be controlled until it is negligible. The
advantage of using whole numbers is that they are not prone te drift. If a whole number
can be carried from one place to another without numerical error, it has not changed at
all. By describing instrumentation waveforms numerically, the original information has
_been expressed in a way which is better able to resist unwanted changes.

Essentially, digital recording carries the original waveform numerically. The number of
the sample is an analog of time, and the magnitude of the sample is an analog of the sig-
nal voltage. As both axes of the digitally represented waveform are discrete, the wave-
form can be accurately restored from numbers as if it were being drawn on graph paper.
If we require greater accuracy, we simply choose paper with smaller squares. Clearly
more numbers are then required and each one could change over a larger range.

THE ADVANTAGES OF DIGITAL RECCRDING

There are two key advantages offered by digital instrumentation recording, but it is not
possible to say which is the most important, as it will depend on one's standpoint:

a) The quality of reproduction of a well engineered digital recording system is in-
dependent of the medium and depends only on the quality of the conversion processes.

b) The conversion of waveforms to the digital domain allows tremendous opportunities
which were denied to analog signals.

Someone who is only interested in technical quality will judge the former the most rel-
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evant. If good quality convertors can be obtained, all of the shortcomings of analog re-
cording can be eliminated 1o great advantage. One's greatest effort is expended in the
design of convertors, whereas those parts of the system which handle data need only be
workmanlike. Wow, flutter, pariculate noise, print-through, dropouts, modulation noise,
HF squashing, azimuth error, interchannel phase errors are all eliminated. When a digital
recording is copied, the same numbers appear on the copy: it is not a dub, it is a clone. If
the copy is indistinguishable from the original, there has been no generation loss. Digital
recordings can be copied indefinitely without loss of quality.

Once a wavelorm is expressed in the digital domain, it becomes data, and as such is in-
distinguishable from any other type of data. Systems and techniques developed in other
industries for other purposes can be used for audio. Computer equipment is available at
low cost because the volume of production is far greater than that of instrumentation re-
corders. Disk drives and memories developed for computers can be put to use in new
applications. A word processor adapted to handle samples of a sound or vibration wave-
form becomes a workstation. There seems to be little point in waiting for a tape to wind
when a disk head can access data in milliseconds. The difficulty of locating a significant
event by spooling tape is eliminated when it can be located by viewing the waveform on
a screen or, in the case of audio, by listening at any speed to samples retrieved from a
mermory.

USES OF RAM

Figure 2 shows the outline of a RAM {Random Access Memory) recorder. What the de-
vice does is determined by the way in which the RAM address is controlled. If the RAM
address increases by one every time a sample from the ADC is stored in the RAM, a re-
cording can be made for a short period until the RAM is full. The recording can be played
back by repeating the address sequence at the same clock rate but reading the memory
into the DAC. The result is generally called a sampler. By running the replay clock at vari-
ous rates, the pitch and duration of the reproduced sound can be altered. Samplers will
be restricted to a fairly short playing time, aithough this can be extended using data re-
duction where appropriate. Certain oscilloscopes have waveform samplers incorporated
which allows a conventional CRT to act like a storage oscilloscope.

If the RAM is used in a different way, it can be written and read at the same time. The de-
vice then becomes a delay. Controlling the relationship between the addresses then
changes the delay. The addresses are generated by counters which overflow to zero af-
ter they have reached a maximum count. As a result the memory space appears to be
circular as shown in Figure 3. The read and write addresses are driven by a common
clock and chase one another around the circle. If the read address follows close behind
the write address, the delay is short. If it just stays ahead of the write address, the maxi-
mum delay is reached. Programmable delays are useful in auditoria to align the sound
from various loudspeakers.
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When samples are converied, the ADC must run at a constant clock rate and it outpuls
an unbroken stream of samples. Time compression allows the sample stream to be brok-
en into blocks for convenient handling. Figure 4 shows an ADC feeding a pair of RAMS
When one is being written by the ADC, the other can be read, and vice-versa. As soon
as the first RAM is full, the ADC output switched to the input of the other RAM so that
there is no loss of samples. The first RAM can then be read at a higher clock rate than
the sampling rate. As a result the RAM is read in less time than it tock to write it, and the
output from the system then pauses untif the second RAM'is full. The samples are now
time compressed. Instead of being an unbroken stream which is difficult to handle, the
samples are now arranged in blocks with convenient pauses in between them. In these
pauses numerous processes can take place. A rotary head recorder might switch heads;
a hard disk might move to another track. In all types of recording, the time compression
of the signat allows space for synchronising patterns, subcode and error correction words
to be recorded. .

Subsequently, any time compression can be reversed by time expansion. Samples are
written intermittently into a RAM at the incoming clock rate, but read out continuously at
the standard ‘sampling rate. The time expansion stage can be combined with the time-
base correclion stage so that speed variations in the medium can be eliminated at the
same time. The use of time compression is universal in digital instrumentation recording.
In general the instantaneous dala rate at the medium is not the same as the rate at the
convertors, although clearly the average rate must be the same.

In practical recorders some RAM will always be present for the purposes of time com-
pression and also to provide delay on repiay to allow the error correction circuits time to
operate. In logging recorders used 10 measure noise levels over extended periods, only
the fow-powered RAM need be active most of the time. When the RAM is nearly full of
data, these can be transferred to a disk drive which is only powered for the duration of
the transfer.

SYNCHRONISATION

It is frequently necessary for a digital recorder to be able to play back locked to an ex-
ternal sampling rate reference so that the data rate can be determined by the capabilities
of the analysis system.

Figure 5 shows how this mechamsm works. The timebase expansion is controlled by the
external reference which becomes the read clock for the RAM and so determines the
rate at which the RAM address changes. In the case of a digital tape deck, the write
clock for the RAM would be proportional to the tape speed. If the tape is going too fast,
the write address will catch up with the read address in the memory, whereas if the tape
is going oo slow the read address will catch up with the write address. The tape speedis -
controlled by subtracting the read address from the wrile address. The address differ-
ence is used to control the 1ape speed. Thus if the tape speed is too high, the memory
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will fill faster than it is being emptied, and the address difference will grow larger than
normal. This slows down the tape.

in multitrack recorders, the various tracks can be synchronised to sample accuracy so
that no timing or phase errors can exist between the tracks. This is particularly ad-
vantageous in the case of recordings from, for example, hydrophone arrays. Extra trans-
ports can be slaved to the first to the same degree of accuracy if more tracks are re-
quired. In stereo audio recorders image shift due to phase errors is eliminated.

In order to replay without a reference, perhaps to provide an analog output, a digital re-
corder generates a sampling clock locally by means of a crystal oscillator, Provision will
be made on professional machines to switch between internal and external references.

ERROR CORRECTION AND CONCEALMENT

In a recording of binary data, a bit is either correct or wrong, with no intermediate stage.
Small amounts of noise are rejected but, inevitably, infrequent noise impulses cause
some individual bits to be in error. Dropouts cause a larger number of bits in one place 1o
be in error. An error of this kind is called a burst error. Whatever the medium and what-
ever the nature of the mechanism responsible, data are either recovered correctly, or sut-
fer some combination of bit errors and burst errors. The severity of a bit error depends
upon which bit of the sample is involved. If the LSB of one sample was in error in a high
amplitude waveform, the effect would be totally masked and of no consequence. Con-
versely, it the MSB of one sample was in error in a quiet passage, the resulting transient
would be unacceptable. Clearly a means is needed to correct errors from the recording
medium. :

In binary, a bit has only two states. if it is wrong, it is only necessary to reverse the state
and it must be right. Thus the correction process is trivial and perfect. The main difficulty
is in identifying the bits which are in error. This is done by coding the data by adding re-
dundant bits. Adding redundancy is not confined to digital technology, airliners have sev-
eral engines and cars have twin braking systems. Clearly the more failures which have to
be handled, the more redundancy is needed. If a four engined airliner is designed to fly
normally with one engine failed, three of the engines have enough power to reach cruise
speed, and the fourth one is redundant. The amount of redundancy is equal to the
amount of failure which can be handled. In the case of the failure of two engines, the
plane can still fly, but it must slow down; this is graceful degradation. Clearly the chances
of a two-engine failure on the same flight are remote.

The amount of error which can be cotrected is proportional to the amount of redundancy.
Within this limit, the samples are returned to exactly their original value. Consequently
corrected samples are inaudible. If the amount of error exceeds the amount of re-
dundancy, correction is not possible, and, in order to allow graceful degradation, conceal-
ment will be used. Concealment is a process where the value of a missing sample is es-
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timated from those nearby. The estimated sample value is not necessarily exactly the
same as the original, and so under some circumstances concealment can be audible, es-
pecially if it is frequent. However, in a well designed system, concealments occur with
negligible frequency unless there is an actual fault or problem. Concealment is made
possible by re-arranging or shuffling the sample sequence prior to recording. This is
shown in Figure 6 where odd-numbered samples are separated from even-numbered
samples prior to recording. The odd and even sets of samples may be recorded in differ-
ent places, so that an uncorrectable burst error only affects one set. On replay, the sam-
ples are recombined into their natural sequence, and the error is now split up so that it
results in every other sample being lost. The waveform is now described half as ofien,
but can still be reproduced with some loss of accuracy. This is better than not being re-
produced at all even if it is not perfect. Almost all digital waveform recorders use such an
odd/even shuffle for concealment. Clearly if any errors are fully correctable, the shuffle is
a waste of time; it is only needed if correction is not possible.

in high density recorders, more data are lost in a given sized dropout. Adding re-
dundancy equal to the size of a dropout to every code is inefficient. Figure 7 shows that
the efficiency of the system can be raised using interleaving. Sequential samples from
the ADC are assembled into codes, but these are not recorded in their natural sequence.
A number of sequential codes are assembled along rows in a memory. When the mem-
ory is full, it is copied to the medium by reading down columns. On replay, the samples
need to be de-interleaved 1o return them to their natural sequence. This is done by writ-
ing samples from tape into a memory in columns, and when it is full, the memory is read
in rows. Samples read from the memory are now in their original sequence so there is no
effect on the recording. However, if a burst error occurs on the medium, it will damage
sequential samples in a vertical direction in the de-interleave memory. When the memory
is read, a single large error is broken down inte a number of small errors whose size is
exactly equal to the correcting power of the codes and the correction is performed with
maximum efficiency.

The interleave, de-interleave, time compression and timebase correction processes
cause delay and this is evident in the time taken before audio emerges after starting a
digital machine.

The presence of an error correction system means that the audio quality is independent
of the recording medium/head quality within limits. There is no point in trying to assess
the health of a machine by listening to it, as this will not reveal whether the error rate is
normal or within a whisker of failure. The only useful procedure is to monitor the fre-
quency with which errors are being corrected, and to compare it with normal figures. Pro-
tessional digital recording equipmant should have an error rate display.
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CHANNEL CODING

In most recorders used for storing digital information, the medium carries a track which
reproduces a single wavelorm. Clearly data words representing audio samples contain
many bits and so they have to be recorded serially, a bit at a time. Some media, such as
hard disks only have one track active at a time, so it must be totally self contained. Other
media have many parallel tracks. At high recording densities, physical tolerances cause
phase shifts, or timing errors, between parallel tracks and so each track must still be self
contained until the replayed signal has been timebase corrected.

Recording data serially is not as simple as connecting the serial output of a shift register
to the head. In the two's complement scheme used for bipolar waveform coding, a com-
mon sample value is all zeros, as this corresponds to silence. If a shift register is loaded
with all zeros and shifted out serially, the output stays at a constant low level, and con-
stant magnetisation is recorded on the track. On replay there is nothing to indicate how
many zeros were present, or even how fast to move the medium. Clearly serialised raw
data cannot be recorded directly, they have to be modulated in to a wavelform which con-
tains an embedded clock irmespective of the values of the bits in the samples. On replay
a circuit called a data separator can lock to the embedded clock and use it to separate
strings of identical bits,

The process of modulating serial data to make it self-clocking is called channe! coding.
Channel cading also shapes the spectrum of the serialised waveform to make it more ef-
ficient. With a good channel code, more data can be stored on a given medium. Spec-
trum shaping is used in DAT to allow re-recording without erase heads.

HARD DISK RECORDERS

The hard disk recorder stores data on concentric tracks which it accesses by moving the
head radially. Clearly while the head is moving it cannot transfer data. Using ADCs and
RAM for time compression, a hard disk drive can be made into a waveform recorder.

Figure 8 shows the principle. The instantaneous data rate of the disk drive is far in ex-
cess of the sampling rate at the convertor, and so a large time compression factor can be
used. The disk drive can read a block of data from disk, and placs it in the timebase cor-
rector in a fraction of the real time it represents in the audio waveform. As the timebase
corrector steadily advances through the memory, the disk drive has time to move the
heads to another track before the memory runs out of data. When there is sufficient
space in.the memory for another block, the drive is commanded to read, and fills up the
space. Although the data transfer at the medium is highly discontinuous, the buffer mem-
ory provides an unbroken stream of samples to the DAC and so a continuous output
waveform is obtained.

Recording is performed by using the memeary 1o assemble samples until the contents of
one disk block is available. This is then transferred to disk at high data rate. The drive
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can then reposition the head before the next block is available in memory.

An advantage of hard disks is that access to the recorded material is much quicker than
with tape, as all of the data are available within the time taken to move the head.

ROTARY HEAD DIGITAL RECORDERS

The rotary head recorder borrows technology from videorecorders. Rotary heads have
exiremely high packing density: the aumber of data bits which can be recorded in a given
space. In a digital recorder packing density directly translates into the playing time avail-
able for a given size of the medium.

in a rotary head recorder, the heads are mounted in a revolving drum and the tape is
wrapped around the surface of the drum in a helix as can be seen in Figure 9. The hel-
ical tape path results in the heads traversing the tape in a series of diagonal or slanting
tracks. The space between the tracks is controlled not by head design but by the speed
of the tape and in madern recorders this space is reduced o zero with corresponding im-
provement in ‘packing density.

The added complexity of the rotating heads and the circuitry necessary to control them is
offset by the improvement in density. The discontinuous tracks of the rotary head re-
corder are naturally compatible with time compressed data. As Figure @ illustrates, the
audio samples are time compressed into blocks each of which can be contained in one
slant track.

In a machine such as DAT (Rotary-head Digital Audio Tape) there are two heads mount-
ed on opposite sides of the drum. One rotation of the drum lays down two tracks. Ef-
fective concealment can be had by recording odd numbered samples on one track of the
pair and even numbered samples on the other.

A rotary head recorder contains the same basic steps as any digital audio recorder. The
record side needs ADCs, time compression, the addition of redundancy for error cotrec-
tion, and channel coding. On replay the channel coding is reversed by the data separ-
ator, errors are broken up by the de-interleave process and corrected or concealed, and
the time compression and any fluctuations from the transport are removed by timebase
correction. The corrected, time stable, samples are then fed to the DAC.

Digital recording has considerable advantages in a large number of acoustics related ap-
plications and it naturaily complements the widespread use of signal analysis in comput-
ers. With the exception of some specialist applications, digital recording wili eventually
become universal.
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