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The quality of recorded or transmitted sound is usually rather different from that of the original audio signal. It is obvious to anyone involved in audio- and video-recording or speech telecommunication. This situation is caused by the presence of noise and sound distortions in the audio signal recorded or transmitted via communication channels, as well as by some peculiarities of the human ear. 

Often, in cases when the difference between the initial useful signal and that available for the end-user is unacceptable,  the necessity of special sound processing arises. Such processing is referred to as noise cancellation or signal enhancement. The popularity of domestic and professional sound recording means, as well as the large number of existing old sound recording archives account for the ever growing interest in noise cancelling tools.

Demand makes supply, so the market today is full of PC-based software products offering procedures of noise cancellation. However, as a rule, the effectiveness of the absolute majority of such software is very low, especially for sound recordings made in natural noisy environments by non-professionals and/or by means of low-quality equipment.

Today practically all widespread software sound editors (CoolEdit, WaveLab, DartPro and the like)  are equipped with a sort of a “survival kit” of rather crude noise cancellation tools which are evidently ineffective as soon as real, not artificial signals are to be processed. Even the high price of such noise cancellation tools does not guarantee the quality of their performance.  

Of course, there are specialised professional noise cancellation tools on the market offering really high performance on low quality signals, also in real time. However, such devices are rather expensive and require professional skills and expert knowledge and working with them is, as a rule, very labour consuming. 

That is why both audio fans and professional audio renovators have well-founded doubts and distrust as to the actual capabilities of sound enhancement technologies for noisy field recordings.

To our regret we have discovered among sound renovators a most inadmissible approach to signal quality estimation in terms of likes and dislikes, subjective terms like «better- worse», e.g. «the performance of an analogue equaliser is better than that of the digital one». And yet there are objective ways for the estimation of signal parameters, noise level and distortions.  

One could hear even this: «I’m trying to make the sound (voice) on the recording as close as I can to that I heard 20 or 30 years ago at the concert of this performer». Hereby absolutely neglected is the  fact that hearing peculiarities, especially sensitivity to different frequencies, considerably changes with years. While  those working in our archives are far from young.

The only way out consists in using the latest digital technologies of sound processing in the work of  audio renovators. Hereby primarily objective signal parameters should be taken into consideration, because they can be controlled to a high accuracy today. Such technologies exist and their effectiveness is by far higher than that of any analogue device. Thus, for example, hardly anyone has ever seen an analogue equaliser with 8 thousand bands and the control depth of more than 90 dB, whereas such a digital device does exist. Or try and find an analogue device capable of compensating for non-linear distortions and suppressing powerful amplitude outbursts. Of course, one must be cautious when choosing a digital device and test carefully its actual capacity beforehand.    
A long-standing research tradition and practical experience allowed the experts of Speech Technology Center to convert noise cancellation from  the field of art and intuitive estimations and tunings into the course  of user-friendly PC-based routines. They managed to combine in one product transparency and effectiveness for novel  users  with unique freedom for experienced experts to create refined, detailed, customised sound processing procedures.

Over the last 10 years Speech Technology Center has been a recognised Russian leader and one of the world’s leaders in the development, implementation  and practical application of professional means of digital sound recording, analysis and processing. Today products with an STC (Speech Technology Center) logo are used in Argentina, Belgium, Hungary, Germany, Spain, Italy, USA, Finland, all CIS and Baltic States and many other countries.

SoundCleaner ( is a universal software product of a new generation. This is a unique tool for the cancelling of many types of real noise and for signal enhancement of live and recorded sound.  The feedback got from the many users of this software in the areas of audio processing, sound renovation, speech communication, criminal investigation, forensic sound examination has only been very positive.
In the year 2000 the SoundCleaner software was officially registered by the Russian Agency for Patents and Trademarks.
Areas of Application 
· audio renovation of low-quality sound recordings made in acoustically complex environments (including archive sound documents);

· signal enhancement in radio and telecommunication channels;
· textual decoding of low-quality speech sound recordings.
Distinctive Properties of sound cleaner
Universality

For users with any educational background

Possibility to use either an automatic (self-tuning to the interference type) filtration mode or manual parameter specification with the possibility of saving the settings for further use.

For any types of interference and distortions

SoundCleaner is effective against the absolute majority of existing in everyday life noises and sound distortions. This is confirmed by dozens of qualified users (experts in sound processing and  forensic experts) for whom the application of SoundCleaner has become everyday practice with invariably positive results. 

Types of removable noises and distortions 

Stationary and slowly changing additive multi-component narrow-band (polyharmonic) and broad-band noises, slowly changing recording distortions (bandpass flatness of the sound recording/communication channel), signal limitation, short-term pulsed interference, significantly uneven sound level etc.

Any types of additive noises in the primary sound channel of a two-channel audio information stream. 

User’s specifications

Standard noises and distortions of communication channels, wire and radio communication, street and indoor noises; noises produced by machinery, computers, transport, domestic appliances; distant voice cocktail, slow music, power-supply or display electromagnetic influence etc. 

It reduces the reverberation effect of low-quality microphones and tape-recorders. In a two-channel information pickup it considerably reduces the influence of any types of noise.
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Modularity

The software consists of a set of autonomous modules for working with the sound, joined in a simple and compact main shell.

Each module has its own control panel and processes the sound according to its own algorithm, after which the sound is transferred to the next module.

Each time the program is run, an arbitrary number of modules can be enabled, series-connected in the processing scheme.

The number of modules simultaneously used in the processing scheme is only limited by the PC’s computing power. The main operating modules usually include:

·  sound input from sound card or from file;

·  advanced digital sound-recorder;

· digital oscilloscope (mono and stereo); 

· playback (stereo, psydo-stereo, channel); 

· writing the results of the processing to file;

· parametric 8192-band equaliser with a built-in spectrum analyser, inverse filter, harmonic filter and tools for pass-band editing and timbre correction;

· adaptive broad-band noise filter;
adaptive frequency response corrector;

· adaptive interference compensator;

· dynamic processing module;

· mu-transformation;

· pulsed interference filter;

· tempo modification (playback speed change);

· adaptive interference stereo-compensator in time field;


· adaptive frequency stereo-filter (interference compensation, background noise elimination and useful signal extraction modes);

· amplifier;
· splitter;

· text editor.

The build-up of the software package allows for increasing the number of available types of filter-modules, which ensures a long working life of this program, as well as the possibility of optimal step-by-step investment in the buying of only necessary modules and their constant updating.

In the course of just a one-year existence of the program the number of filter-modules has doubled.

The user’s work can be performed within one of the suggested sound processing schemes designed by the developers to process the most typical noisy and distorted audio signals:

· standard;

· power-line noise;

· strong frequency distortions in the recording channel;

· radio-communication interference;

· loudness contrast;

· noise of domestic appliances;

· car noises;

· slow musical interference;

· pulsed interference and broad-band noises;

· switchboard signalling tone;

· loud hissing;

· water noise;

· arbitrary noises (for stereo-signals)

Each scheme allows correction and saving. It is possible, following the basic noise cancellation principles, to create a completely new original scheme and save it for further use.

Real-time mode

The results of signal processing performed by SoundCleaner can not only be heard. The signal (before and after the processing) is constantly displayed as a waveform and an instantaneous spectrum. Process control is performed in real-time mode: each module’s settings can be changed at any moment without playback interruption. It  is crucial for on-line parameter optimisation by ear. 

Automatic tuning to interference type - adaptability

The majority of filters used in the SoundCleaner are adaptive, i.e. self-tuning to maximal interference elimination with the specified level of useful signal preservation. This ensures the highest effectiveness of the program performance and simplicity of  application. 

Running on a standard PC with a standard sound card

SoundCleaner operates under Windows OS on a standard PC (Pentium II, Celeron / 64 Мb RAM or higher) with a standard Windows-compatible sound card. To ensure the high quality of input and output signal the delivery package can also include the professional STC H189 sound card.

Unique capabilities and basic advantages over competitive products

SoundCleaner includes a number of unique filter-modules (not available in this form in other noise cancellation tools) whose effectiveness meets or even surpasses world standards.

On the vast majority of  noise cancellation examples (known to the developers) provided by other companies for highly noised speech signals the performance of SoundCleaner is better or at least not worse.

You can easily make sure of that using the examples presented on the producers’ Web sites. 

SoundCleaner is, of course, not the first nor the only software Speech Technology Center product intended for noise cancellation in sound signals. Of interest to audio renovators can also be the SIS software package offering a wide range of sound signal analysis tools. The application of SIS, as well as of relevant techniques developed  in STC will enable the user to considerably broaden the range of tasks that can be solved in the area of old sound archives renovation and investigation. These include performer identification by voice, recording authenticity verification (detection of  traces of copying and electronic or digital cutting/editing) and many others.
On the demo-disk you can hear fragments of recordings processed by means of the SoundCleaner and SIS software packages.

The demo version of the SoundCleaner software can be found on our Web site at www.speechpro.com.

Fig.1


Main Program Window


To the left – processing scheme, to the right – modules’ windows. �Each module is matched by a pictogram in the processing scheme. 


Both automatic and manual processing parameter specification is possible.








