
 

 

DigiOmmel adopts a Real-Time Noise Reducer 
in enhancing analog video tape soundtracks 

 

When analog video tape recordings are transferred into digital domain, the fidelity of video 
soundtracks is usually overlooked. At DigiOmmel & Co., we came up with a solution to this 
problem. Our idea is to use a real-time soundtrack noise reduction simultaneously with video 
capture. This way, we can offer enhanced audio signal of any old video soundtrack at no extra 
cost. 
 
Audio files can be easily extracted from captured AVI files and enhanced in audio restoration 
workstations. But since all editing operations are relatively time-consuming, appropriate audio 
signal post-processing is usually dispensed with – unless expressly requested by the customer. 
 
Several real-time audio NR concepts are readily available. After a series of experiments, we 
decided to implement a high-performance digital signal processor, Asahi Kasei AK7712A which 
is quite suitable for reducing wideband noise of less than perfect audio signals in real time.  
 
Noise reduction can be applied to any audio signal 
The AK7712 LSI chip contains two-channel, 20-bit Delta-Sigma A/D converter, running at 64x 
oversampling speed and several 20-bit Delta-Sigma D/A converters, at 128x oversampling. 
The DSP itself is capable of an impressive overall signal to noise ratio of 97 decibels. 
 
In our new A/V capture setup, the DSP is configured as a sub-band audio noise reducer for 
suppressing wide-band noise such as tape hiss prevalent in an analog playback system. 
 
 



Since the DSP operates as a single-ended, playback-only processor, the original soundtrack 
need not be pre-emphasized or ‘encoded’ like when using dbx, Dolby or similar complementary 
(recording-playback) type of noise reduction systems. 
 
This is an obvious advantage because most consumer and non-professional video soundtrack 
signals are not encoded with NR circuits, making them incompatible with a single-ended 
processing. 
 
Hissy video soundtracks 
The audio signals recorded onto video tapes are inherently of poor quality due to low linear 
tape speed. While VCR video signals are recorded at velocities of 3 to 10 meters per second, the 
linear tape speed is only between 2 and 10 centimetres per second. The low tape speed not 
only limits VCR upper audio frequency response at 10 – 13kHz, but also affords a relatively poor 
signal to noise ratio of 45 to 50 decibels. 
 
However, semi-professional VCR formats make use of a built-in noise reduction systems such as 
Dolby B and C, that offer an extra 10 to 20dB improvement in the S/N. U-matic VCRs even 
provide a signalling system on the tape control track for automatic activation of the machine’s 
internal NR (Dolby B, C) system. 
 
But as an optional feature of the format, the NR process may not have been engaged at 
recording stage. In these cases, the use of complementary NRs is imprudent as it muffles all the 
high-frequency signals. 
 
A video soundtrack fidelity is usually not too high even with digital DV camcorders because the 
recordings are often made with single on-camera microphones. The distance between the 
microphone and actual sound sources considerably attenuates short sound wavelengths.  

Old video soundtracks, suffer from decreased high-frequency level and poor S/N resulting in 
hissy soundtracks that can positively benefit from a wideband noise reduction offered by the 
digital noise reducer. 

 

The effect of AK7712 sub-band noise reducer is substantial at the upper audio frequency range. 



Noise reduction by bit stream manipulation 
The DSP first performs an A/D conversion and quantization of the incoming (noisy) audio signal. 
It then synthesizes a ‘bank’ of parallel filters to arrange the resulting audio data into a number 
of low-speed sub-band data streams. The sub-band filter bank covers the entire audio 
frequency range of 20 to 20 000 Hz. 
 
The sub-band filter architecture forms a non-uniform frequency division, corresponding with 
the concept of critical bandwidths of human auditory system; i.e. the sub-band filters are wider 
at the upper frequency range than at lower frequencies.  
 
Each sub-band bit stream is analyzed and processed independently to determine their precise 
noise level and signal content at any given time. Bit streams are then truncated or ‘rounded off’ 
to remove the bits carrying the low-level signal portion (noise), while still preserving the high 
level audio signal components. 
 
As the signal amplitude within each sub-band rises above the random noise level, the data bits 
carrying only noise can be separated. Whenever the signal within a sub-band falls below the 
noise amplitude, a no-signal condition is detected. Such bit streams can then be discarded, 
effectively switching off or muting the sub-band in question. Muted sub-bands contribute 
significantly to the overall, wideband noise reduction. In fact, this type of sub-band noise 
reduction principle is quite similar to that of perceptual (lossy) audio coding concepts, like AAC, 
Dolby Digital and MP3. 
 

 
A set of signal spectra, measured at five spot-frequencies show the adaptive nature of sub-band noise reduction 
process. 

 
 
 
 



Sub-band filter synthesis – a perfect reconstruction 
Analog multi-band audio noise reducers have been used in the past with fairly good success. 
The problem with analog filtering, however, is that signals falling within the overlap frequencies 
of adjacent sub-bands undergo gain errors with irregular phase response, causing offensive 
modulation distortion. 
 
The real attractiveness of digital filter synthesis is that as the noise-reduced sub-band bit 
streams are recombined once more, a perfect full-band audio data stream is reconstructed – 
without gain, delay or phase errors common to analog filter systems. 
 
With digital noise reduction, and given enough DSP processing power, the sub-band signals are 
virtually free of signal modulation distortion or noise. Furthermore, the filter synthesis can be 
made be made to respond adaptively to instantaneous signal conditions, and each filter 
characteristics adjusted independently. 
 
Once the recombined data stream is converted back to analog voltage, the original audio signal 
emerges, with considerably lower noise than the in the original input signal. The algorithm used 
in our application attains a maximum wideband noise reduction power of 30 to 35 dB. 
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