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SAMPLERS
A bit of History – before Sampling
The idea to imitate the sound of musical instruments with another instrument is not new: already centuries ago pipe organs included several registers that were at least inspired by other instruments and that sometimes really came very close to the originals (flutes, trumpets, cornets, bassoons, etc.). 
To create a vast amount of different sound colors, the pipes were manufactured using different materials (wood, tin metals, etc.) and shapes (cylindrical, conical, rectangular parallelepiped etc.). 

For certain registers (such as trumpets, bassoon, cornets etc.) reeds were also added. 
Other registers used more than one row of pipes, slightly detuned against each other (“imitatio violistica”, “vox humana”) to obtain a vibrato-like effect.
Typical organ register combinations were obtained wtih an additive process, adding to the original tone registers tuned in octaves and fifths (“Mixtur”, or “Organo Pleno”), or combinations of fifths and thirds (“Sesquialtera”). As the additional rows of pipes were tuned according to the natural overtones of the original tone, they tended to blend together creating a new timbre and were not perceived as separate notes.
This made the pipe organ one of the most powerful and flexible instruments of all times. However, it never really became very good at imitating orchestral string sounds, and it was not good at all at imitating percussive ones. In fact, the only way it could “imitate” an instrument like a glockenspiel, was to add a glockenspiel inside the organ case (which has also been done in some large instruments, as well as adding bells and other effects).

In spite of the possibility of emulating some real instruments, the organ had a wide spectrum of sounds that were typical for this instrument only. 
In recent times (1930-60) an electro acoustic instrument using rotating wheels for the sound generation was introduced: the Hammond organ. Initially intended as a replacement of theater organs, the Hammond used an additive process similar to the organ Mixtures, that is adding together several rows of registers to the fundamental tone, to create the different sound colors. The different timbres were obtained created by adding together several rows of registers (each one sounding almost like a perfect sine wave) in combinations similar to the pipe organ mixtures (in intervals of octaves, fifths and thirds in relation to the fundamental tone). 
The Hammond could not emulate any natural instrument except the organ – actually it was not even very good at sounding like a real organ: a single pipe organ register does not sound very much like a sine wave, except maybe some flute registers. However the Hammond had a very characteristic own sound, so it became a very successful instrument on its own, especially in jazz and pop/rock music.
To make the relatively static “raw” sound of the Hammond more lively and interesting, the “Leslie” was introduced: this was a set of rotating loudspeakers (separate for highs and lows) that created a chorus-like effect, due to the changes in pitch caused by the Doppler-effect, and changes in colors caused by the reflections against the back and side walls. The speed of the rotation could be controlled by pedal, and therefore used for expressive purposes.
More info: http://theatreorgans.com/grounds/docs/history.html 
The next serious attempt to emulate real instruments was the “Mellotron”. The original idea dates back to 1946, but really successful and reliably working models were first created at the end of the ’60s. 

The Mellotron features under each key a magnetic tape loop and a tape-recorder like playback head. When a key is pressed, the tape rotates and the sound is read from the playback head. Each key requires a different tape recording at the right pitch. To change register it is necessary to change all tapes manually with a different register set!

Because of the loops being played back so many times, the sound quality tended to deteriorate and to sound slightly distorted. Also the transport mechanism was not totally reliable, causing wow & flutter (speed fluctuations). 

In spite of this, this instrument was extremely successful and there was hardly any large rock group that didn’t feature a Mellotron on stage in the ‘70s.
More info: http://www.mellotron.com 
Both the Hammond organ and the Mellotron can be well heard – between others – in the early productions of “Yes”, for example in “Heart of The Sunrise” or “Close to the Edge”.
The first Digital Samplers

It was not until analogue tapes could be replaced by digital samples, that instruments reproducing with a (relatively) high grade of authenticity real instruments could be created. Between the most famous (and expensive) are the Fairlight CMI (Computer Music Instrument), introduced around ’79, and the NED Synclavier (New England Digital) introduced at the start of the ‘80s. These instruments were very expensive (up to 50.000 € and more) and could only be afforded by international artists and major recording studios. 
The specifications of the Synclavier were incredible for the time, and even by modern standards: 16-bit stereo sampling, 100 kHz sampling frequency, storage on hard-disk, multitrack recording capability, FM synthesis, resynthesis, etc. 

The Syncalvier is still considered as one of the most advanced electronic instruments ever built – in fact it is not only still being used by many studios and musicians, but it is also being supported: the software is continuously being improved, it is still possible to find replacement parts and also complete refurbished instruments. 

More info: http://www.500sound.com - http://www.synclavier.com/ 
The Fairlight offered in the first versions “only” 8-bit sampling (later 12 and 16) with limited sampled rate, but it used a hybrid digital/analog signal path including VCFs and VCAs. In spite of the low sound quality it became a “classic” and it is possible to hear it in many famous albums throughout the ‘80s (for example in Peter Gabriel IV – 1982, Jean Michel Jarre “Zoolook” – 1984)
More info: http://www.soundonsound.com/sos/apr99/articles/fairlight.htm 
In the mid ‘80s the first affordable samplers appeared: the EMU Emulator, the Ensoniq Mirage, the AKAI 900/950series, the Roland S50/550, etc. Some of these had no filters at all and offered just 8 or 12-bit quantization, but still they were a huge success and were the first instruments that could be afforded by almost every musician. The user interface varied greatly: while the S50 could be connected directly to a computer monitor, offering very advanced graphical editing capabilities similar to the Fairlight, the Ensoniq Mirage became famous as one of the most user-unfriendly instruments ever created: all sample editing, looping, multisampling, programming of envelopes etc. had to be done using a very small LED display and an numeric keypad – a real programming horror.
Since the ‘90s the standard for sampling has been 44.1 kHz and 16-bit, allowing a very accurate reproduction of acoustical instrument (at least percussive ones). Between the most successful samplers of these times are the AKAI S1000/S3000 and Roland S770 series, the Emulator IV and the Ensoniq ASR10.
Software Samplers

Today hardware samplers have almost completely disappeared form the scene. Almost all modern samplers are software based. One of the most powerful sampler available today is the Nemesys/Tascam GigaStudio: this was the first sampler using on a large scale a disk streaming technology, which allows to play back samples directly from the hard disk with extremely low latency (lower than 3 ms with good soundcards such as the RME Hammerfall). With no memory limitation, it was for the first time possible to emulate large instrumental ensemble such as orchestras with extreme authenticity, as every note could be sampled separately at different dynamic levels, and for the first time at full length – without using loops.

Other important software samplers/plugins available today are:

· Emagic EXS24 (only available in Logic, or as VST sample player)

· Steinberg Halion (VST)

· Native Instruments Kontakt (VST, AU)

· MOTU Mach Five (standalone, VST, RTAS, HDTM)

Most of these modern samplers offer multi-mode filters, advanced envelopes and modulation, and compatibility with the major sampling libraries (AKAI, GigaStudio, Roland, EXS24, etc.).

Sampling Technology
The audio sampling technology is based on the principle of analyzing an analogue signal a discrete (finite) number of times per seconds, with a device called ADC (“Analog to Digital Converter”) and to store the value of the voltage as a digit (number) inside some form of memory device (RAM, disk, hard-disk, digital tape). During playback the values are read back from memory at the same clock speed and converted back into an analogue signal by the DAC (“Digital to Analog Converter”). 

The accuracy of sampling is therefore principally determined by these two parameters:

· Samping frequency = how many samples are taken per unit of time, typically 44.100 /second for CD-quality;

· Quantizing depth = how accurate is every measurement, typically a 16-bit (or 2 Byte) number for CD-quality, allowing a range between 0 and 65535 to be stored in memory.
Regarding the sampling frequency, it must be noted that this has to be at least double as much as the highest frequency to be reproduced (Nyquist Theorem). Therefore to achieve 20 kHz bandwidth (which corresponds to the range of frequencies we can hear) it is necessary to sample with at least 40 kHz. The half sampling frequency is called Nyquist Frequency.

In practice, to avoid a distortion called “aliasing” it is necessary to filter the signal at the Nyquist Frequency before entering the ADC, and again at the DAC stage. 

If this is not done, signals higher than 20 kHz enter the ADC and are incorrectly encoded, basically they are “mirrored” around the Nyquist frequency, and appear again in the audible range as undesired artifacts that have no relation with the original signal.

For more information see 

http://www.digital-recordings.com/publ/pubneq.html 
As low cut filters cannot be infinitely efficient, but will typically filter the sound with a certain number of dB per octave, it is necessary to raise the sampling frequency to more than double the desired bandwith to be sure that no significant audio components are left. hence the typical standards for CD-Recording (44.1 kHz) and digital video or film (48 kHz) are both higher than 40 kHz. 
44.1 kHz was the result of using video recorders as early digital audio devices – 3 samples were stored for each video line. 48 kHz corresponds to 2000 samples per movie frame.

To overcome the problem of using very steep analogue filters (which tend to create phase distortion in the signal), a technology called “oversampling” was introduced: at the ADC stage the signal is only processed with a mild analogue low-pass filter that introduces little or no phase distortion, and then sampled at a very high frequency (up to 128 times oversampling delta/sigma processing is used at times, corresponding to a sampling frequency of 5.6448 MHz). 

Before converting the data stream for further 44.1 kHz / 16-bit storage or processing, a phase linear digital antialiasing filter is applied (such filters are very difficult and/or expensive to implement as analogue components).

A similar process can be applied at the DAC stage.

Quantisation: just as the sampling frequency affects the maximum bandwidth of the recording, the quantization affects its dynamic range and the S/N (signal to noise) ratio. Each additional bit used to encode the signal adds about 6 dB dynamic range, so a 16-bit recording has approximately 96 dB, while a 24-bit has a theoretical maximum of 144 dB dynamic range. Other factors, such as the quality of the analogue equipment used for the ADC and DAC units can lower these values to a more typical 110-120 dB for 24-bit recordings.
Recently high resolution digital recordings use increased sampling frequencies such as 88.2 kHz (44.1 x 2), 96 kHz (48 x 2), 176,4 (44.1 x 4) and 192 kHz (48 x 4) and bit depth of 20, 24 or 32-bit float. The major advance of higher sampling frequencies is (again) the possibility to use better sounding and easier to build analogue filters, and to increase the resolution and transparency at high frequencies. Especially the phase and impulse reproduction is much improved. 

Also the SONY DSD (Direct Stream Digital) technology used for the Super Audio CD is in practice a sampling and storage at extremely high sampling frequency (2.8224 MHz, or 44.1 x 64).
Higher bit-depth translates into higher dynamic range and better S/N ratio.

Typical structure of a musical sampler

A sampler must be able to do much more than just digitally store a sound and play it back. Typically, it should be possible to transpose samples, change the character of the sound with envelopes, LFOs and filters, play back with different dynamics, apply pitch bend, etc.
In some of its early implementations, samplers were very similar in structure to subtractive analogue synthesizer. For more information about a typical analogue synthesizer please check http://www.geocities.com/roland_rock/analog.htm or http://www.digitalnaturalsound.com/resources/synth/synth_schematics.htm .
In a sampler, the VCOs (Voltage Controlled Oscillators) are replaced by DWGs (Digital Waveform Generators) able to read data from a digital memory (RAM).

The DWG has to be able to transpose the sound to different pitches, as well as fine tune the samples. For transposition, either different playback speeds are used, or interpolation. 
In early samplers, the output of the DWG is sent directly to a DAC, and from here on the sound path is completely analogue: the signal is processed by an analogue filter and an analogue amplifier, either voltage (VCF, VCA) or digitally controlled (DCF, DCA). ADSR type envelopes can modulate the pitch, the cutoff of the filter or the amplitude of the amplifier, just like in a typical synthesizer. These early samplers using real analogue filters and amplifiers had often a very pleasant and warm sound. 
Later, with the development of better sounding digital filters, the signal path was simplified as follows: DWG > Digital Filter > Digital Amplifier > DAC. While this was a much cheaper solution, it did not sound by far as “fat” and “warm” as the original analogue filters. 

Also the envelopes were simulated digitally, and were unfortunately very often not as fast and efficient as the original analogue ones. 
Only recently digital filter and envelopes have been optimized to a point where they sound as good as or sometimes better than the original analogue ones.

Multisampling means to use different recorded samples spread across the keyboard. This is done to avoid tonal changes that happen when transposing a sample more than a couple of semitones (as not only the note, but all the related formants are transposed as well, transposed samples do not sound “authentic”). Of course multisampling requires large amounts of memory.

Velocity-Switching or Velocity-Crossfade are ways to implement different samples on the same note, recorded at different dynamics or with different playing techniques, and controlling them through keyboard velocity. This allows a more authentic reproduction of the instrument dynamic range.
Looping (crossfade, back/forward) was introduce already in the early samples in order to prolong the usually very short recorded samples (due to limited memory capacity): a small portion of the samples was simply repeated, either as a single cycle wave, or as a crossfade area. An envelope was then applied to simulate the natural decay of the instrument.
Modern samplers such as the Nemesys GigaStudio also offer a complex digital mixer with inserts, sends and returns, and additional plugin effects. It is therefore possible to make a complete production just using a MIDI sequencer and a sampler.
