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ntil recently, noise-suppression technology fo-
cused on reducing slow-changing stationary 
noise sources. However, nonstationary noise 
sources are fast-changing, and the current tech-
nology does not suppress them. As a result, sub-
scribers cannot reliably use their handsets on 

busy streets, in crowded restaurants, or even at home.
Suppressing nonstationary noise brings substantial bene-

fits to both subscribers and carriers. Users gain the freedom 
to speak and hear clearly wherever and whenever they want, 
enjoy increased privacy by being able to speak softly in noisy 
environments, and need not leave important conference calls. 
Carriers will see a reduction in customer churn, increased air-
time usage, more efficient use of network bandwidth, and sig-
nificant savings of capital and operational expenses.

You can readily recognize stationary noise, such as a loud fan 
in the background, because of its relatively constant nature, 
and you can effectively subtract this noise through conven-
tional signal-processing techniques (Figure 1). Nonstationary 
noise, in contrast, involves rapid or random change, such as a 
person talking, background music, or keyboard typing (Figure 
2). By the time you recognize nonstationary noise as noise, it 
has already passed, so it requires more sophisticated noise-sup-
pression techniques.

Multiple-microphone noise suppression
Next-generation noise-suppression techniques, such as 

ASA (auditory scene analysis), beam forming, and BSS (blind 
source separation), use multiple microphones to more accu-
rately identify, locate, and suppress noise sources than is pos-
sible with a single microphone. ASA uses psychoacoustic 
grouping principles to separate noise sources from the voice 
of interest. ASA’s developers based the technology on the hu-
man auditory pathway; ASA processes noise in the same way 

that people listen to sound, using powerful cues such as pitch 
and spatial location of sound sources.

Beam forming uses multiple microphones to track a cone-
shaped area of interest to locate and identify noise sources. 
Because the voice of interest lies within the cone, listeners 
can quickly differentiate as noise any sound sources outside 
the cone. Today’s handset manufacturers recognize the trend 
toward multiple microphones and have begun to introduce 
second microphones into handset architectures.

BSS uses a linear unmixing technique to decompose the in-
put sound mixtures into independent sources. The challenge 
in using BSS is that its linear unmixing technique requires as 
many microphones as there are noise sources, and it can suffer 
from convergence problems in the presence of reverberation 
when too many simultaneous noise sources are present.

Using multiple cues for grouping
The human auditory system can hear voices in noisy envi-

ronments because it uses all the information available in the 
signals arriving at the two ears. Like the human auditory sys-
tem, ASA uses many methods to analyze the signals, resulting 
in multiple cues that can group the spectral energy into the 
corresponding sound sources. Some of the more important cues 
include pitch, spatial location, and common onset time. Pitch 
refers to the harmonics that a pitched sound source generates. 

By Lloyd Watts  •  Audience

Suppressing nonstationary 
noise in mobile handsets
Mobile carriers are intimately aware of the role that 
voice quality plays in customer retention. One of the 
primary factors affecting voice quality is environmental 
noise, so any means of suppressing noise provides a 
potential differentiator for handset manufacturers.

Figure 1 Stationary white noise is patterned and slow-changing.

Figure 2 Speech (a) and pen-tap noise (b) are examples of 
nonstationary noise: rapidly changing, random, and often also 
containing harmonics across a wide frequency range.
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These harmonics form distinct frequency patterns, so 
you can use them to distinguish one sound from an-
other. Pitch is one of the primary cues, for example, 
in distinguishing between male and female voices. 
Spatial location refers to the location of a sound, based 
on its distance and direction; you can use spatial lo-
cation to group sounds, thereby differentiating them 
from the voice of interest. Common onset time refers 
to the fact that, when two bursts of sound energy and 
their corresponding harmonics simultaneously occur, 
they are likely from the same source.

Traditional noise-suppression techniques must 
first converge before they can remove noise, mak-
ing them ineffective in suppressing nonstationary 
noise sources. By using fast-acting cues to character-
ize sound, you can identify and remove even instan-
taneous events, such as a finger snap.

Logarithmic versus linear scales 
The familiar FFT (fast Fourier transform) decom-

poses frequency components on a linear scale that 
limits spectral resolution at low frequencies; it also 
uses a constant frame size and frequency-indepen-
dent bandwidth. In contrast, an approach such as the FCT 
(fast cochlea transform) mimics characteristics of the human 
cochlea and operates on a logarithmic frequency scale. As a 
result, the FCT does not limit spectral resolution. By operating 
continuously instead of in frames, FCTs also reduce processing 

latency, making them appropriate for identifying nonstation-
ary noise sources. Additionally, FCTs operate with frequency-
dependent bandwidth, so you can more precisely match the 
time-versus-frequency trade-off at each frequency of the hu-
man hearing range.

Figure 3 Next-generation techniques can dramatically improve the signal-ver-
sus-noise characteristics of captured audio.
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Certain techniques, such as beam forming, require a spe-
cialized cardioid unidirectional microphone. Cardioid micro-
phones cost more and have tighter tolerances than do omni-
directional microphones. They also require individual calibra-
tion and matching to within 1 dB, introduce restrictions on 
spacing, and add as much as 12 dB of noise because of sensitiv-
ity to wind and breath. Beam forming is also limited in that any 

distractions in the beam of interest 
will incorrectly pass through as part 
of the voice of interest.

You traditionally remove echoes 
using separate echo-cancellation 
techniques. Such techniques can be 
computationally intensive because 

they must calculate echo reflections, and they offer poor per-
formance in the presence of rapidly changing noise sources. 
Grouping cues enable you to treat echoes as simply another 
noise source. Instantaneous suppression becomes possible be-
cause you need neither to calculate nor to track the changes of 
echoes, providing echo-suppression performance to 46 dB.

New testing standards
The mobile-equipment industry continues to drive test 

standards to reflect higher levels of voice quality through in-
novations in noise suppression. To ensure the best quality for 
products, the recently amended ITU (International Telecom-
munication Union) P.835 specification provides a consistent 
test method for measuring and reporting voice quality with 

active-noise-suppression technology.
Effective suppression of both stationary and nonstationary 

environmental noise is essential if handset manufacturers and 
carriers are to keep pace with their competitors. By employing 
next-generation noise-suppression techniques, developers can 
reduce noise levels in handsets by as much as 35 dB under a 
range of operating conditions (Figure 3).EDN
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