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DIGITAL EFFECTS & SAMPLING

INTRODUCTION

All digital signal processors designed to work with analogue input signals, such as music, must first convert the input into a digital format. An analogue signal is one where the voltage varies in proportion to the original event; in the case of sound, the signal voltage varies in proportion to changes in air pressure. A rapidly vibrating string, for example, will create rapid air pressure fluctuations which a microphone can convert into variations in voltage. A digital system on the other hand works on binary numbers - 1s and 0s - which are represented in the circuit by the presence or absence of a nominally fixed voltage. Converting an analogue signal into digital information involves measuring the analogue voltage at regular intervals and from this producing a binary number.

Every second of sound may be represented by several tens of thousands of numbers, each relating to a particular instant in time. If this concept is difficult to grasp, think of it like a cine film where each frame is slightly different to the next. By running these through the projector in quick succession, the illusion of smooth movement is created. So it is with sound: if you have enough instantaneous measurements per second, the original sound can be recreated.

SAMPLING THEORY

This process of measuring and digitising minute sections of the input signal is known as sampling. Figure 1 shows what happens when a signal is sampled: it is cut into slices rather like a loaf of bread and the height of each slice measured. As you can see however, the slices or samples have 'flat tops' (corresponding to the voltage measured during the sampling time), so they don't accurately follow the curve of the waveform. From this you might deduce that the thinner the slices, the more accurate, or less distorted, the sound will end up - and this is indeed the case.
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Figure 1: Sampling a Signal

Sampling theory states that you must sample at a minimum of twice the frequency of the highest harmonic you are likely to encounter if the output is to be reconstructed accurately. However, because of the inevitable differences between theory and practice, this figure ends up being nearer two and a half or even three times. So, to sample an input signal containing harmonics reaching up to 10kHz, you might have to sample at around 30kHz.

To create a delay of 1 second, you have to find somewhere to store these 30,000 samples and the ideal place is in an area of random access memory similar to that used in computers. A 30kbyte memory, for example, can hold up to 1 second of sound with a 10kHz upper frequency response limit, and by continually updating and outputting the contents, a one second delay can be created. From this, it follows that you would need 60 kbytes of memory to do the same job if you wanted to process signals extending up to 20kHz.

But there's more to sampling than just choosing the right sampling frequency - there's a thing called resolution. The digital numbers used to represent the individual samples aren't just any numbers, they go in steps, and the number of steps available depends on how many bits the analogue to digital converter can manage. Eight bits will give you only 2 to the power of 8 steps - which works out at 256. That means that your loudest signal could have 256 steps but quieter ones will have considerably fewer. And this, rather poor level of resolution, causes what's known as quantisation distortion.

Quantisation distortion actually sounds like noise - the main difference being that it disappears in the absence of a signal (unlike most other sources of noise). Using 12 or 16 bits gives a vast improvement in resolution and indeed, most of the newer digital processors use 16 bit sampling, as do Compact Discs. For those interested in such things, each bit used in sampling yields a maximum of 6dB of dynamic range, so an 8-bit system can only give you a dynamic range of 48dB - about as noisy as a cassette recorder without Dolby. 16 bits on the other hand gives you a maximum dynamic range of 96dB which for audio purposes is superb. And even 12 bit sampling gives 72dB which is adequate for many effects applications.

Just to recap then: the higher the sampling frequency, the higher input frequencies the system can cope with - which, in turn, means a better frequency response. The trade-off is that the faster you sample, the more samples per second you have and so the more memory you need to store the sound - and that means either higher cost or shorter delays (in the case of digital delays or samplers).

Early DDLs compromised both on frequency response and on delay time to keep the cost down, but most modern machines offer a 15kHz or greater bandwidth with at least one second of delay time at an affordable price. Once you have the capacity to create a long delay, it is a simple matter to set up a shorter one by switching out some of the memory or by increasing the sampling frequency. A typical modern machine uses both methods - the memory being switched in and out by the range switch and the sampling rate changed by the fine control.

Digital reverberation is very much more complex than digital delay and involves high speed microprocessor manipulation of the digitised data to synthesise the thousands of individual echoes that go to make up natural sounding reverberation. It is due to the complex nature of this process that affordable reverberation didn't arrive until about three years after digital delay. That said, digital reverberation does not require the kind of bandwidth encountered in delay technology; indeed, the frequency response may be as low as l0kHz without seriously affecting the sound.
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