TECHNOLOGY TRENDS

SIGNAL PROCESSING FOR AUDIO
Signal processing applications in audio engineering have grown enormously in recent years. This trend is particularly evident in digital signal processing (DSP) systems due to performance improvements in microprocessor devices and programmable gate arrays, solid-state memory, and disk drives. The growth in audio signal processing applications leads to several observations.

Observations

First, DSP has emerged as a technical mainstay in the audio engineering field. Paper submissions on DSP are now among the most popular topics at AES Conventions. Also the number of DSP-related papers in other specific application fields increases yearly. DSP is also a key field for other professional conferences, including those sponsored by IEEE, ASA, and CMA.

Second, the consumer and professional marketplaces continue to show growth in signal processing applications, such as increasing number of discrete audio channels, increasing audio quality per channel (both in word width and sampling frequency), sophistication of algorithms, as well as quality and availability of consumer-ready hardware building blocks, such as special signal processors (DSPs), sampling rate converters (SRCs), digital audio network chips, ADCs and DACs.

Third, there are emerging algorithmic methods designed to deliver an optimal listening experience for the particular audio reproduction system chosen by the listener. These methods include transcoding and up-converting of audio material to take advantage of the available playback channels, numerical precision, frequency range, and spatial distribution of the playback system. Other user benefits may include level matching for programs with differing loudness, frequency filtering to match loudspeaker capabilities, room correction, and delay methods to synchronize wavefront arrival times at a particular listening position. In home AV environment there is a trend to use closely placed smaller loudspeaker and soundbars using algorithms which allow adequate spatial effects mimicking multi-speaker systems. Immensely increasing number of people listening to music over headphones and mobile devices requires better algorithms for translation usual music content to binaural format. In connection with head trackers similar algorithms are used in virtual reality systems. 

In professional sound reinforcement, loudspeakers with steerable radiation patterns can provide a practical solution for difficult rooms. Professional live audio applications often demand low-latency systems, which remain challenging for DSP because many algorithms and processors are optimized for block processing instead of sample-by-sample, as well as for ADCs, DACs and SRCs with incorporated linear-phase FIR filters, and thus introducing more latency.

Fourth, algorithmic developments will continue to occur in many other areas of audio engineering, including music synthesis, processing and effect algorithms, intelligent noise reduction in cars, as well as enhancement and restoration for archiving and audio forensic purposes. Also, improved algorithms for intelligent ambient noise reduction, de-reverberation, echo cancellation, acoustical feedback suppression, intelligent automixing, and steerable microphone arrays are expected in the audio teleconferencing field. Many of them are also suitable for modern hearing aids. In music production and mastering so called plug-ins enjoy great popularity and almost completely replaced hardware studio processors like PEQs, dynamics, reverb and other effects. However there is still space for psychoacoustically related improvements. A new trend here is digital modeling of legendary analog gear. 

And still there is a need for development of basic algorithms and transformation, better suitable for representing features of audio signals. There are complete analytically derived filters (not using analog reference), constant-Q frequency-domain and mixed time-frequency-domain transformations. Also in latency-minimized convolution algorithms the last word might be not still pronounced. Statistical and genetic algorithms, as well as fuzzy logic and neural network algorithms are more and more involved helping to create intelligent audio algorithms.

Audio coding algorithms as well as speech recognition, synthesis and speaker identification are also based on audio signal processing technology such as described above, but are not currently the main topic of this committee, as they are now handled by specialized committees or organizations of their own. 

Sixth, there is growing interest in intelligent signal processing for music information retrieval (MIR), like tune query by humming, automatically generating playlists to mimic user preferences, or searching large databases with semantic queries such as style, genre, and aesthetic similarity.

Seventh, switching amplifiers (like Class D) continue to replace traditional analog amplifiers in both low-power and high-power applications. Yet even with Class D systems, the design trends for load independence and lowest distortion often include significant analog signal processing elements and negative feedback features.

Due to advances in AD/DA converter technology, future quality improvements will require the increasingly scarce pool of skilled analog engineers to design input stages like microphone preamps, analog clock recovery circuits, and output amplifiers that match the specifications of the digital components. 

Implications for technology


All of the trends show a demand for ever greater computational power, memory capacity, word length and more sophisticated signal processing algorithms. Nevertheless, the demand for greater processing capability will be constrained by the need to minimize power consumption, since a continuously growing part of audio signal processing will be done in small, portable, wireless, battery-powered devices. On the other hand, due to the increasing capabilities of standard microprocessors, contemporary personal computers are now fast enough to handle a large portion of the standard studio processing algorithms.

Very advanced algorithms still exceed the capabilities of traditional processors, so we see a trend in the design of future processors to incorporate highly parallel architectures and the compiler tools necessary to exploit these capabilities using high-level programming schemes. Due to the relentless price pressure in the consumer industry, processors with limited resolution will still challenge algorithm developers to look for innovative solutions in order to achieve the best price-performance ratio.

The Committee is also considering forging contacts with digital signal processor manufacturers to convey to them the needs, experiences, and recommendations from the audio community.
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