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(57) ABSTRACT 

A method of processing audio signals during a communica­
tion session between a user device and a remote node, 
includes receiving a plurality of audio signals at audio input 
means at the user device including at least one primary audio 
signal and unwanted signals and receiving direction of arrival 
information of the audio signals at a noise suppression means. 
Known direction of arrival information representative of at 
least some of said unwanted signals is provided to the noise 
suppression means and the audio signals are processed at the 
noise suppression means to treat as noise, portions of the 
signal identified as unwanted dependent on a comparison 
between the direction of arrival information of the audio 
signals and the known direction of arrival information. 
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PROCESSING AUDIO SIGNALS 

RELATED APPLICATION 

[0001] This application claims priority under 35 U.S.C. 
§119 or 365 to Great Britain Application No. GB 1111474.1, 
filed Jul. 5, 2011. The entire teachings of the above applica­
tion are incorporated herein by reference. 

TECHNICAL FIELD 

[0002] This invention relates to processing audio signals 
during a communication session. 

BACKGROUND 

[0003] Communication systems allow users to communi­
cate with each other over a network. The network may be, for 
example, the inteme or the Public Switched Telephone Net­
work (PSTN). Audio signals can be transmitted between 
nodes of the network, to thereby allow users to transmit and 
receive audio data (such as speech data) to each other in a 
communication session over the communication system. 
[0004] A user device may have audio input means such as a 
microphone that can be used to receive audio signals, such as 
speech from a user. The user may enter into a communication 
session with another user, such as a private call (with just two 
users in the call) or a conference call (with more than two 
users in the call). The user's speech is received at the micro­
phone, processed and is then transmitted over a network to the 
otheruser(s) in the call. 
[0005] As well as the audio signals from the user, the micro­
phone may also receive other audio signals, such as back­
ground noise, which may disturb the audio signals received 
from the user. 
[0006] The user device may also have audio output means 
such as speakers for outputting audio signals to the user that 
are received over the network from the user( s) during the call. 
However, the speakers may also be used to output audio 
signals from other applications which are executed at the user 
device. For example, the user device may be a TV, which 
executes an application such as a communication client for 
communicating over the network. When the user device is 
engaging in a call, a microphone connected to the user device 
is intended to receive speech or other audio signals provided 
by the user intended for transmission to the other user( s) in the 
call. However, the microphone may pick up unwanted audio 
signals which are output from the speakers of the user device. 
The unwanted audio signals output from the user device may 
contribute to disturbance to the audio signal received at the 
microphone from the user for transmission in the call. 
[0007] In order to improve the quality of the signal, such as 
for use in the call, it is desirable to suppress unwanted audio 
signals (the background noise and the unwanted audio signals 
output from the user device) that are received at the audio 
input means of the user device. 
[0008] The use of stereo microphones and microphone 
arrays in which a plurality of microphones operate as a single 
device are becoming more common. These enable use of 
extracted spatial information in addition to what can be 
achieved in a single microphone. When using such devices 
one approach to suppress unwanted audio signals is to apply 
a beamformer. Beamforming is the process of trying to focus 
the signals received by the microphone array by applying 
signal processing to enhance sounds coming from one or 
more desired directions. For simplicity we will describe the 
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case with only a single desired direction in the following, but 
the same method will apply when there are more directions of 
interest. The beamforming is achieved by first estimating the 
angle from which wanted signals are received at the micro­
phone, so-called Direction of Arrival ("DOA") information. 
Adaptive beamformers use the DOA information to filter the 
signals from the microphones in an array to form a beam that 
has a high gain in the direction from which wanted signals are 
received at the microphone array and a low gain in any other 
direction. 
[0009] While the beamformer will attempt to suppress the 
unwanted audio signals coming from unwanted directions, 
the number of microphones as well as the shape and the size 
of the microphone array will limit the effect of the beam­
former, and as a result the unwanted audio signals suppressed, 
but remain audible. 
[0010] For subsequent single channel processing, the out­
put of the beamformer is commonly supplied to single chan­
nel noise reduction stage as an input signal. Various methods 
of implementing single channel noise reduction have previ­
ously been proposed. A large majority of the single channel 
noise reduction methods in use are variants of spectral sub­
traction methods. 
[0011] The spectral subtraction method attempts to sepa­
rate noise from a speech plus noise signal. Spectral subtrac­
tion involves computing the power spectrum of a speech­
plus-noise signal and obtaining an estimate of the noise 
spectrum. The power spectrum of the speech-plus-noise sig­
nal is compared with the estimated noise spectrum. The noise 
reduction can for example be implemented by subtracting the 
magnitude of the noise spectrum from the magnitude of the 
speech plus noise spectrum. If the speech-plus-noise signal 
has a high Signal-plus-Noise to Noise Ratio (SNNR) only 
very little noise reduction is applied. However if the speech­
plus-noise signal has a low SNNR the noise reduction will 
significantly reduce the noise energy. 

SUMMARY 

[0012] A problem with spectral subtraction is that it often 
distorts the speech and results in temporally and spectrally 
fluctuating gain changes leading to the appearance of a type of 
residual noise often referred to as musical tones, which may 
affect the transmitted speech quality in the call. Varying 
degrees of this problem also occur in the other known meth­
ods of implementing single channel noise reduction. 
[0013] According to a first aspect of the invention there is 
provided a method of processing audio signals during a com­
munication session between a user device and a remote node, 
the method comprising: receiving a plurality of audio signals 
at audio input means at the user device including at least one 
primary audio signal and unwanted signals; receiving direc­
tion of arrival information of the audio signals at a noise 
suppression means; providing to the noise suppression means 
known direction of arrival information representative of at 
least some of said unwanted signals; and processing the audio 
signals at the noise suppression means to treat as noise, por­
tions of the signal identified as unwanted dependent on a 
comparison between the direction of arrival information of 
the audio signals and the known direction of arrival informa­
tion. 
[0014] Preferably, the audio input means comprises a 
beamformer arranged to: estimate at least one principal direc­
tion from which the at least one primary audio signal is 
received at the audio input means; and process the plurality of 
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audio signals to generate a single channel audio output signal 
by forming a beam in the at least one principal direction and 
substantially suppressing audio signals from any direction 
other than the principal direction. 
[0015] Preferably, the single channel audio output signal 
comprises a sequence of frames, the noise suppression means 
processing each of said frames in sequence. 
[0016] Preferably, direction of arrival information for a 
principal signal component of a current frame being pro­
cessed is received at the noise suppression means, the method 
further comprising: comparing the direction of arrival of 
information for the principal signal component of the current 
frame and the known direction of arrival information. 
[0017] The known direction of arrival information includes 
at least one direction from which far-end signals are received 
at the audio input means. Alternatively, or additionally, the 
known direction of arrival information includes at least one 
classified direction, the at least one classified direction being 
a direction from which at least one unwanted audio signal 
arrives at the audio input means and is identified based on the 
signal characteristics of the at least one unwanted audio sig­
nal. Alternatively, or additionally, the known direction of 
arrival information includes at least one principal direction 
from which the at least one primary audio signal is received at 
the audio input means. Alternatively, or additionally, the 
known direction of arrival information further includes the 
beam pattern of the beamformer. 
[0018] In one embodiment, the method further comprises: 
determining whether the principal signal component of the 
current frame is an unwanted signal based on said compari­
son; and applying maximum attenuation to the current frame 
being processed if it is determined that the principal signal 
component of the current frame is an unwanted signal. The 
principal signal component of the current frame may be deter­
mined to be an unwanted signal if: the principal signal com­
ponent is received at the audio input means from the at least 
one direction from which far-end signals are received at the 
audio input means; or the principal signal component is 
received at the audio input means from the at least one clas­
sified direction; or the principal signal component is not 
received at the audio input means from the at least one prin­
cipal direction. 
[0019] The method may further comprise: receiving the 
plurality of audio signals and information on the at least one 
principal direction at signal processing means; processing the 
plurality of audio signals at the signal processing means using 
said information on the at least one principal direction to 
provide additional information to the noise suppression 
means; and applying a level of attenuation to the current 
frame being processed at the noise suppression means in 
dependence on said additional information and said compari­
son. 
[0020] Alternatively, the method may further comprise: 
receiving the single channel audio output signal and informa­
tion on the at least one principal direction at signal processing 
means; processing the single channel audio output signal at 
the signal processing means using said information on the at 
least one principal direction to provide additional information 
to the noise suppression means; and applying a level of 
attenuation to the current frame being processed at the noise 
suppression means in dependence on said additional infor­
mation and said comparison. 
[0021] The additional information may include: an indica­
tion on the desirability of the principal signal component of 
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the current frame, or a power level of the principal signal 
component of the current frame relative to an average power 
level of the at least one primary audio signal, or a signal 
classification of the principal signal component of the current 
frame, or at least one direction from which the principal 
signal component of the current frame is received at the audio 
input means. 
[0022] Preferably, the at least one principal direction is 
determined by: determining a time delay that maximises the 
cross-correlation between the audio signals being received at 
the audio input means; and detecting speech characteristics in 
the audio signals received at the audio input means with said 
time delay of maximum cross-correlation. 
[0023] Preferably, audio data received at the user device 
from the remote node in the communication session is output 
from audio output means of the user device. 
[0024] The unwanted signals may be generated by a source 
at the user device, said source comprising at least one of: 
audio output means of the user device; a source of activity at 
the user device wherein said activity includes clicking activ­
ity comprising button clicking activity, keyboard clicking 
activity, and mouse clicking activity. Alternatively, the 
unwanted signals are generated by a source external to the 
user device. 
[0025] Preferably, the at least one primary audio signal is a 
speech signal received at the audio input means. 
[0026] According to a second aspect of the invention there 
is provided user device for processing audio signals during a 
communication session between a user device and a remote 
node, the user terminal comprising: audio input means for 
receiving a plurality of audio signals including a at least one 
primary audio signal and unwanted signals; and noise sup­
pression means for receiving direction of arrival information 
of the audio signals and known direction of arrival informa­
tion representative of at least some of said unwanted signals, 
the noise suppression means configured to process the audio 
signals by treating as noise, portions of the signal identified as 
unwanted dependent on a comparison between the direction 
of arrival information of the audio signals and the known 
direction of arrival information. 
[0027] According to a third aspect of the invention there is 
provided a computer program product comprising computer 
readable instructions for execution by computer processing 
means at a user device for processing audio signals during a 
communication session between the user device and a remote 
node, the instructions comprising instructions for carrying 
out the method according to the first aspect of the invention. 
[0028] In the following described embodiments, direction 
of arrival information is used to refine the decision of how 
much suppression to apply in subsequent single channel noise 
reduction methods. As most single channel noise reduction 
methods have a maximum suppression factor that is applied 
to the input signal to ensure a natural sounding but attenuated 
background noise, the direction of arrival information will be 
used to ensure that the maximum suppression factor is applied 
when the sound is arriving from any other angle than what the 
beamformer focuses on. For example, in the case of a TV 
playing out, maybe with a lowered volume, through the same 
speakers as are used for playing out the far end speech, a 
problem is that the output will be picked up by the micro­
phone. With described embodiments of the present invention, 
it would be detected that the audio is arriving from the angle 
of the speakers and a maximum noise reduction would be 
applied in addition to the attempted suppression by the beam-
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former. As a result, the undesired signal would be less audible 
and therefore less disturbing to the far end speaker, and due to 
the reduced energy it would lower the average bit rate used for 
transmitting the signal to the far end. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0029] For a better understanding of the present invention 
and to show how the same may be put into effect, reference 
will now be made, by way of example, to the following 
drawings in which: 
[0030] FIG. 1 shows a communication system according to 
a preferred embodiment; 
[0031] FIG. 2 shows a schematic view of a user terminal 
according to a preferred embodiment; 
[0032] FIG. 3 shows an example environment of the user 
terminal; 
[0033] FIG. 4 shows a schematic diagram of audio input 
means at the user terminal according to one embodiment; 
[0034] FIG. 5 shows a diagram representing how DOA 
information is estimated in one embodiment. 

DETAILED DESCRIPTION 

[0035] The teachings of all patents, published applications 
and references cited herein are incorporated by reference in 
their entirety. 
[0036] In the following embodiments of the invention, a 
technique is described in which, instead of fully relying on the 
beamformer to attenuate sounds that are not coming from the 
direction of focus, using the DOA information in the subse­
quent single channel noise reduction method ensures maxi­
mum single channel noise suppression of sounds from any 
other direction than the ones the beamformer is focussed on. 
This is a significant advantage when the undesired signal can 
be distinguished from the desired nearend speech signal by 
using spatial information. Examples of such sources are loud­
speakers playing music, fans blowing, and doors closing. 
[0037] By using signal classification the direction of other 
sources can also be found. Examples of such sources could 
be, e.g. cooling fans/air conditioning systems, music playing 
in the background, and keyboard taps. 
[0038] Two approaches can be taken: Firstly, undesired 
sources that are arriving from certain directions can be iden­
tified and the angles excluded from the angles where a noise 
suppression gain higher than the one used for maximum 
suppression is allowed. It would for example be possible to 
ensure that segments of audio from a certain undesired direc­
tion are scaled down as if the signal contained only noise. In 
practice the noise estimate can be set equal to the input signal 
for such a segment and consequently the noise reduction 
method would then apply maximum attenuation. 
[0039] Secondly, noise reduction can be made less sensitive 
to speech in any other direction than the ones where we expect 
nearend speech to arrive from. That is, when calculating the 
gains to apply to the noisy signal as a function of the signal­
plus-noise to noise ratio, the gain as a function of signal-plus­
noise to noise ratio would also depend on how desired we 
consider the angle of the incoming speech to be. For desired 
directions the gain as a function of a given signal-plus-noise 
to noise ratio would be higher than for a less desired direction. 
The second method would ensure that we do not adjust based 
on moving noise sources which do not arrive from the same 
direction as the primary speaker(s ), and which also have not 
been detected to be a source of noise. 
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[0040] Embodiments of the invention are particularly rel­
evant in monophonic sound reproduction ( often referred to as 
mono) applications with a single channel Noise reduction in 
stereo applications (where there is two or more independent 
audio channels) is not typically carried out by independent 
single channel noise reduction methods, but rather by a 
method which ensures that the stereo image is not distorted by 
the noise reduction method. 
[0041] Reference is first made to FIG. 1, which illustrates a 
communication system 100 of a preferred embodiment. A 
first user of the communication system (User A 102) operates 
a user device 104. The user device 104 may be, for example a 
mobile phone, a television, a personal digital assistant 
("PDA"), a personal computer ("PC") (including, for 
example, Windows™, Mac OS™ and Linux™ PCs), a gam­
ing device or other embedded device able to communicate 
over the communication system 100. 
[0042] The user device 104 comprises a central processing 
unit (CPU) 108 which may be configured to execute an appli­
cation such as a communication client for communicating 
over the communication system 100. The application allows 
the user device 104 to engage in calls and other communica­
tion sessions ( e.g. instant messaging communication ses­
sions) over the communication system 100. The user device 
104 can communicate over the communication system 100 
via a network 106, which may be, for example, the Internet or 
the Public Switched Telephone Network (PSTN). The user 
device 104 can transmit data to, and receive data from, the 
network 106 over the link 110. 
[0043] FIG.1 also shows a remote node with which the user 
device 104 can communicate over the communication system 
100. In the example shown in FIG. 1, the remote node is a 
second user device 114 which is usable by a second user 112 
and which comprises a CPU 116 which can execute an appli­
cation ( e.g. a communication client) in order to communicate 
over the communication network 106 in the same way that the 
user device 104 communicates over the communications net­
work 106 in the communication system 100. The user device 
114 may be, for example a mobile phone, a television, a 
personal digital assistant ("PDA"), a personal computer 
("PC") (including, for example, Windows™, Mac OS™ and 
Linux™ PCs), a gaming device or other embedded device 
able to communicate over the communication system 100. 
The user device 114 can transmit data to, and receive data 
from, the network 106 over the link 118. Therefore User A 
102 and User B 112 can communicate with each other over 
the communications network 106. 
[0044] FIG. 2 illustrates a schematic view of the user ter­
minal 104 on which is executed the client. The user terminal 
104 comprises a CPU 108, to which is connected a display 
204 such as a screen, memory 210, input devices such as 
keyboard 214 and a pointing device such as mouse 212. The 
display 204 may comprise a touch screen for inputting data to 
the CPU 108. An output audio device 206 (e.g. a speaker) is 
connected to the CPU 108. An input audio device such as 
microphone 208 is connected to the CPU 108 via noise sup­
pression means 227. Although the noise suppression means 
227 is represented in FIG. 2 as a stand alone hardware device, 
the noise suppression means 227 could be implemented in 
software. For example the noise suppression means 227 could 
be included in the client. 
[0045] The CPU 108 is connected to a network interface 
226 such as a modem for communication with the network 
106. 



-10-

US 2013/0013303 Al 

[0046] Reference is now made to FIG. 3, which illustrates 
an example environment 300 of the user terminal 104. 
[0047] Desired audio signals are identified when the audio 
signals are processed having been received at the microphone 
208. During processing, desired audio signals are identified 
based on the detection of speech like qualities and a principal 
direction of a main speaker is determined. This is shown in 
FIG. 3 where the main speaker (user 102) is shown as a source 
302 of desired audio signals that arrives at the microphone 
208 from a principal direction dl. Whilst a single main 
speaker is shown in FIG. 3 for simplicity, it will be appreci­
ated that any number of sources of wanted audio signals may 
be present in the environment 300. 
[ 0048] Sources ofunwanted noise signals may be present in 
the environment 300. FIG. 3 shows a noise source 304 of an 
unwanted noise signal in the environment 300 that may arrive 
at the microphone 208 from a direction d3. Sources of 
unwanted noise signals include for example cooling fans, 
air-conditioning systems, and a device playing music. 
[0049] Unwanted noise signals may also arrive at the 
microphone 208 from a noise source at the user terminal 104 
for example clicking of the mouse 212, tapping of the key­
board 214, and audio signals output from the speaker 206. 
FIG. 3 shows the user terminal 104 connected to microphone 
208 and speaker 206. In FIG. 3, the speaker 206 is a source of 
an unwanted audio signal that may arrive at the microphone 
208 from a direction d2. 
[0050] Whilst the microphone 208 and speaker 206 have 
been shown as external devices connected to the user terminal 
it will be appreciated that microphone 208 and speaker 206 
may be integrated into the user terminal 104. 
[0051] Reference is now made to FIG. 4 which illustrates a 
more detailed view of microphone 208 and the noise suppres­
sion means 227 according to one embodiment. 
[0052] Microphone 208 includes a microphone array 402 
comprising a plurality of microphones, and a beamformer 
404. The output of each microphone in the microphone array 
402 is coupled to the beamformer 404. Persons skilled in the 
art will appreciate that to implement beamforming multiple 
inputs are needed. The microphone array 402 is shown in 
FIG. 4 as having three microphones, it will be understood that 
this number of microphones is merely an example and is not 
limiting in any way. 
[0053] The beamformer 404 includes a processing block 
409 which receives the audio signals from the microphone 
array 402. Processing block 409 includes a voice activity 
detector (VAD) 411 and a DOA estimation block 413 (the 
operation of which will be described later). The processing 
block 409 ascertains the nature of the audio signals received 
by the microphone array 402, and based on detection of 
speech like qualities detected by the VAD 11 and DOA infor­
mation estimated in block 413, one or more principal direc­
tion(s) of main speaker(s) is determined. The beamformer 
404 uses the DOA information to process the audio signals by 
forming a beam that has a high gain in the direction from the 
one or more principal direction(s) from which wanted signals 
are received at the microphone array and a low gain in any 
other direction. Whilst it has been described above that the 
processing block 409 can determine any number of principal 
directions, the number of principal directions determined 
affects the properties of the beamformer e.g. less attenuation 
of the signals received at the microphone array from the other 
(unwanted) directions than if only a single principal direction 
is determined. The output of the beamformer 404 is provided 
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on line 406 in the form of a single channel to be processed to 
the noise reduction stage 227 and then to an automatic gain 
control means (not shown in FIG. 4). 
[0054] Preferably, the noise suppression is applied to the 
output of the beamformer before the level of gain is applied by 
the automatic gain control means. This is because the noise 
suppression could theoretically slightly reduce the speech 
level (unintentionally) and the automatic gain control means 
would increase the speech level after the noise suppression 
and compensate for the slight reduction in speech level 
caused by the noise suppression. 
[0055] DOA information estimated in the beamformer 404 
is supplied to the noise reduction stage 227 and to signal 
processing circuitry 420. 
[0056] The DOA information estimated in the beamformer 
404 may also be supplied to the automatic gain control means. 
The automatic gain control means applies a level of gain to the 
output of the noise reduction stage 227. The level of gain 
applied to the channel output from the noise reduction stage 
227 depends on the DOA information that is received at the 
automatic gain control means. The operation of the automatic 
gain control means is described in British Patent Application 
No. 1108885.3 and will not be discussed in further detail 
herein. 
[0057] The noise reduction stage 227 applies noise reduc­
tion to the single channel signal. The noise reduction can be 
carried out in a number of different ways including by way of 
example only, spectral subtraction (for example, as described 
in the paper "Suppression of acoustic noise in speech using 
spectral subtraction" by Boll, S in Acoustics, Speech and 
Signal Processing, IEEE Transactions on, April 1979, Vol­
ume 27, issue 2, pages 113-120). 
[0058] This technique ( as well as other known techniques) 
suppress components of the signal identified as noise so as to 
increase the signal-to-noise ratio, where the signal is the 
intended useful signal, such as speech in this case. 
[0059] As described in more detail later, the direction of 
arrival information is used in the noise reduction stage to 
improve noise reduction and therefore enhance the quality of 
the signal. 
[0060] The operation of DOA estimation block 413 will 
now be described in more detail with reference to FIG. 5. 
[0061] In the DOA estimation block 413, the DOA infor­
mation is estimated by estimating the time delay e.g. using 
correlation methods, between received audio signals at a plu­
rality of microphones, and estimating the source of the audio 
signal using the a priori knowledge about the location of the 
plurality of microphones. 
[0062] FIG. 5 shows microphones 403 and 405 receiving 
audio signals from an audio source 516. The direction of 
arrival of the audio signals at microphones 403 and 405 sepa­
rated by a distance, d can be estimated using equation (1 ): 

(
TDV) 0= arcsin d (1) 

where v is the speed of sound, and "tn is the difference 
between the times the audio signals from the source 516 
arrive at the microphones 403 and 405-that is, the time 
delay. The time delay is obtained as the time lag that maxi­
mises the cross-correlation between the signals at the outputs 
of the microphones 403 and 405. The angle 8 may then be 
found which corresponds to this time delay. 
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[0063] It will be appreciated that calculating a cross-corre­
lation of signals is a common technique in the art of signal 
processing and will not be describe in more detail herein. 
[0064] The operation of the noise reduction stage 227 will 
now be described in further detail below. In all embodiments 
of the invention the noise reduction stage 227 uses DOA 
information known at the user terminal and represented by 
DOA block 227 and receives an audio signal to be processed. 
The noise reduction stage 227 processes the audio signals on 
a per-frame basis. A frame can, for example, be between 5 and 
20 milliseconds in length, and according to one noise sup­
pression technique are divided into spectral bins, for example, 
between 64 and 256 bins per frame. 
[0065] The processing performed in the noise reduction 
stage 227 comprises applying a level of noise suppression to 
each frame of the audio signal input to the noise reduction 
stage 227. The level of noise suppression applied by the noise 
reduction stage 227 to each frame of the audio signal depends 
on a comparison between the extracted DOA information of 
the current frame being processed, and the built up know ledge 
of DOA information for various audio sources known at the 
user terminal. The extracted DOA information is passed on 
alongside the frame, such that it is used as an input parameter 
to the noise reduction stage 227 in addition to the frame itself. 
[0066] The level of noise suppression applied by the noise 
reduction stage 227 to the input audio signal may be affected 
by the DOA information in a number of ways. 
[0067] Audio signals that arrive at the microphone 208 
from directions which have been identified as from a wanted 
source may be identified based on the detection of speech like 
characteristics and identified as being from a principal direc­
tion of a main speaker. 
[0068] The DOA information 427 known at the user termi­
nal may include the beam pattern 408 of the beamformer. The 
noise reduction stage 227 processes the audio input signal on 
a per-frame basis. During processing of a frame, the noise 
reduction stage 227 reads the DOA information of a frame to 
find the angle from which a main component of the audio 
signal in the frame was received at the microphone 208. The 
DOA information of the frame is compared with the DOA 
information 427 known at the user terminal. This comparison 
determines whether a main component of the audio signal in 
the frame being processed was received at the microphone 
208 from the direction of a wanted source. 
[0069] Alternatively or additionally, the DOA information 
427 known at the user terminal may include the angle cp at 
which farend signals are received at the microphone 208 from 
speakers (such as 206) at the user terminal (supplied to the 
noise reduction stage 227 line 407). 
[0070] Alternatively or additionally, the DOA information 
427 known at the user terminal may be derived from a func­
tion 425 which classifies audio from different directions to 
locate a certain direction which is very noisy, possibly as a 
result of a fixed noise source. 
[0071] When the DOA information 427 represents the prin­
cipal wanted direction, and it is determined by comparison 
that a main component of the frame being processed is 
received at the microphone 208 from that principal direction. 
The noise reduction stage 227 determines a level of noise 
suppression using conventional methods described above. 
[0072] In a first approach, if it is determined that a main 
component of the frame being processed is received at the 
microphone 208 from a direction other than a principal direc­
tion, the bins associated with the frame are all treated as 
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though they are noise ( even if a normal noise reduction tech­
nique would identify a good signal-plus-noise to noise ratio 
and thus not significantly suppress the noise). This may be 
done by setting the noise estimate equal to the input signal for 
such a frame and consequently the noise reduction stage 
would then apply maximum attenuation to the frame. In this 
way, frames arriving from directions other than the wanted 
direction can be suppressed as noise and the quality of the 
signal improved. 
[0073] As mentioned above, the noise reduction stage 227 
may receive DOA information from a function 425 which 
identifies unwanted audio signals arriving at the microphone 
208 from noise source(s) in different directions. These 
unwanted audio signals are identified from their characteris­
tics, for example audio signals from key taps on a keyboard or 
a fan have different characteristics to human speech. The 
angle at which the unwanted audio signals arrive at the micro­
phone 208 may be excluded where a noise suppression gain 
higher than the one used for maximum suppression is 
allowed. Therefore when a main component of an audio sig­
nal in a frame being processed is received at the microphone 
208 from an excluded direction the noise reduction stage 227 
applies maximum attenuation to the frame. 
[0074] A verification means 423 may be further included. 
For example, once one or more principal directions have been 
detected (based on the beam pattern 408 for example in the 
case of a beamformer ), the client informs the user 102 of the 
detected principal direction via the client user interface and 
asks the user 102 if the detected principal direction is correct. 
This verification is optional as indicated by the dashed line in 
FIG. 4. 
[0075] If the user 102 confirms that the detected principal 
direction is correct, then the detected principal direction is 
sent to the noise reduction stage 227 and the noise reduction 
stage 227 operates as described above. The communication 
client may store the detected principal direction in memory 
210, once the user 102 logs in to the client and has confirmed 
that a detected principal direction is correct, following sub­
sequent log-ins to the client if a detected principal direction 
matches a confirmed correct principal direction in memory 
the detected principal direction is taken to be correct. This 
prevents the user 102 having to confirm a principal direction 
every time he logs into the client. 
[0076] If the user indicates that the detected principal direc­
tion is incorrect, then the detected principal direction is not 
sent as DOA information to the noise reduction stage 227. In 
this case, the correlation based method ( described above with 
reference to FIG. 5) will continue to detect the principal 
direction and will only send the detected one or more princi­
pal directions once the user 102 confirms that the detected 
principal direction is correct. 
[0077] In the first approach, the mode of operation is such 
that maximum attenuation can be applied to a frame being 
processed based on DOA information of the frame. 
[0078] In a second approach, the noise reduction stage 227 
does not operate in such a strict mode of operation. 
[0079] In the second approach, when calculating the gains 
to apply to the audio signal in the frame as a function of the 
signal-plus-noise to noise ratio, the gain as a function of 
signal-plus-noise to noise ratio depends on additional infor­
mation. This additional information can be calculated in a 
signal processing block (not shown in FIG. 4). 
[0080] In a first implementation the signal processing block 
may be implemented in the microphone 208. The signal pro-
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cessing block receives as an input the far-end audio signals 
from the microphone array 402 (before the audio signals have 
been applied to the beamformer 404), and also receives the 
information on the principal direction(s) obtained from the 
correlation method. In this implementation, the signal pro­
cessing block outputs the additional information to the noise 
reduction stage 227. 
[0081] In a second implementation the signal processing 
block may be implemented in the noise reduction stage 227 
itself. The signal processing block receives as an input the 
single channel output signal from the beamformer 404, and 
also receives the information on the principal direction(s) 
obtained from the correlation method. In this implementation 
the noise reduction stage 227 may receive information indi­
cating that the speakers 206 are active and can ensure that the 
principal signal component in the frame being processed is 
handled as noise only, provided that it is different from the 
angle of desired speech. 
[0082] In both implementations the additional information 
calculated in the signal processing block is used by the noise 
reduction stage 227 to calculate the gain to apply to the audio 
signal in the frame being processed as a function of the 
signal-plus-noise to noise ratio. 
[0083] The additional information may include for 
example the likelihood that desired speech will arrive from a 
particular direction/angle. 
[0084] In this scenario the signal processing block pro­
vides, as an output, a value that indicates how likely the frame 
currently being processed by the noise reduction stage 277, 
contains a desired component that the noise reduction stage 
should preserve. The signal processing block quantifies the 
desirability of angles from which incoming speech is received 
at the microphone 208. For example if audio signals are 
received at the microphone 208 during echo, the angle at 
which these audio signals are received at the microphone 208 
is likely to be an undesired angle since it is not desirable to 
preserve any far-end signals received from speakers (such as 
206) at the user terminal. 
[0085] In this scenario, the noise suppression gain as a 
function of signal-plus-noise to noise ratio applied to the 
frame by the noise reduction stage 227 is dependent on this 
quantified measure of desirability. For desired directions the 
gain as a function of a given signal-plus-noise to noise ratio 
would be higher than for a less desired direction i.e. less 
attenuation is applied by the noise reduction stage 227 for 
more desired directions. 
[0086] The additional information may alternatively 
include the power of the principal signal component of the 
current frame relative to the average power of the audio sig­
nals received from the desired direction(s). In this scenario, 
the noise suppression gain as a function of signal-plus-noise 
to noise ratio applied to the frame by the noise reduction stage 
227 is dependent on this quantified power ratio. The closer the 
power of the principal signal component is relative to the 
average power from the principal directions, the higher the 
gain as a function of a given signal-plus-noise to noise ratio 
applied by the noise reduction stage 227 i.e. less attenuation 
is applied. 
[0087] The additional information may alternatively be a 
signal classifier output providing a signal classification of the 
principal signal component of the current frame. In this sce­
nario, the noise reduction stage 227 may apply varying levels 
of attenuation to a frame wherein the main component of the 
frame is received at the microphone array 402 from a particu-
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lar direction in dependence on the signal classifier output. 
Therefore if an angle is determined to be a non-desired direc­
tion, the noise reduction stage 227 may reduce noise from the 
non-desired direction more than speech from the same non­
desired direction. This is possible and indeed practical if 
desired speech is expected to arrive from the non-desired 
direction. However, it has the major drawback that the noise 
will be modulated, i.e. the noise will be higher when the 
desired speaker is active, and the noise will be lower when an 
undesired speaker is active. Instead, it is preferable to slightly 
reduce the level of speech in signals from this direction. If not 
handling it exactly as noise by making sure to apply the same 
amount of attenuation, then by handling it as somewhere in 
between desired speech and noise. This can be achieved by 
using a slightly different attenuation function for non-desired 
directions. 

[0088] The additional information may alternatively be the 
angle itself from which the principal signal component of the 
current frame is received at the audio input means. i.e. cp 
supplied to the noise reduction stage 227 on line 407. This 
enables the noise reduction stage to apply more attenuation as 
the audio source moves away from the principal direction(s). 

[0089] In this second approach, more granularity is pro­
vided as the noise reduction stage 227 is able to operate in 
between the two extremes of handling a frame as noise only 
and as traditionally done in single-channel noise reduction 
methods. Therefore the noise reduction stage 227 can be 
made slightly more aggressive for audio signals arriving from 
undesired directions without handling it fully as if it was 
nothing but noise. That is, aggressive in the in the sense that 
we for example will apply some attenuation to the speech 
signal. 

[0090] Whilst the embodiments described above have 
referred to a microphone 208 receiving audio signals from a 
single user 102, it will be understood that the microphone 
may receive audio signals from a plurality of users, for 
example in a conference call. In this scenario multiple sources 
of wanted audio signals arrive at the microphone 208. 

[0091] It should be understood that the block, flow, and 
network diagrams may include more or fewer elements, be 
arranged differently, or be represented differently. It should 
be understood that implementation may dictate the block, 
flow, and network diagrams and the number of block, flow, 
and network diagrams illustrating the execution of embodi­
ments of the invention. 

[0092] It should be understood that elements of the block, 
flow, and network diagrams described above may be imple­
mented in software, hardware, or firmware. In addition, the 
elements of the block, flow, and network diagrams described 
above may be combined or divided in any manner in software, 
hardware, or firmware. If implemented in software, the soft­
ware may be written in any language that can support the 
embodiments disclosed herein. The software may be stored 
on any form of non-transitory computer readable medium, 
such as random access memory (RAM), read only memory 
(ROM), compact disk read only memory (CD-ROM), flash 
memory, hard drive, and so forth. In operation, a general 
purpose or application specific processor loads and executes 
the software in a manner well understood in the art. 

[0093] While this invention has been particularly shown 
and described with reference to preferred embodiments, it 
will be understood to those skilled in the art that various 
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changes in form and detail may be made without departing 
from the scope of the invention as defined by the appendant 
claims. 

1. A method of processing audio signals during a commu­
nication session between a user device and a remote node, the 
method comprising: 

receiving a plurality of audio signals at the user device 
including at least one primary audio signal and 
unwanted signals; 

receiving direction of arrival information of the audio sig­
nals at a noise reduction stage; 

providing to the noise reduction stage known direction of 
arrival information representative of at least some of said 
unwanted signals; and 

processing the audio signals at the noise reduction stage to 
treat as noise, portions of the signal identified as 
unwanted dependent on a comparison between the 
direction of arrival information of the audio signals and 
the known direction of arrival information. 

2. The method according to claim 1, wherein the method 
further comprises: 

estimating at least one principal direction from which the at 
least one primary audio signal is received at a beam­
former at the user device; and 

processing the plurality of audio signals to generate a 
single channel audio output signal, said processing com­
prising substantially suppressing audio signals from any 
direction other than the principal direction. 

3. The method according to claim 2, wherein the single 
channel audio output signal comprises a sequence of frames, 
the noise reduction stage processing each of said frames in 
sequence. 

4. The method according to claim 3, wherein direction of 
arrival of information for a principal signal component of a 
current frame being processed is received at the noise reduc­
tion stage, the method further comprising: 

comparing the direction of arrival of information for the 
principal signal component of the current frame and the 
known direction of arrival information. 

5. The method according to claim 4, wherein the known 
direction of arrival information includes at least one direction 
from which far-end signals are received at the beamformer. 

6. The method according to claim 4, wherein the known 
direction of arrival information includes at least one classified 
direction, the at least one classified direction being a direction 
from which at least one unwanted audio signal arrives at the 
beamformer and is identified based on the signal characteris­
tics of the at least one unwanted audio signal. 

7. The method according to claim 4, wherein the known 
direction of arrival information includes at least one principal 
direction from which the at least one primary audio signal is 
received at the beamformer. 

8. The method according to claim 4, wherein the beam­
former processes the plurality of audio signals to generate the 
single channel audio output signal, the known direction of 
arrival information further includes the beam pattern of the 
beamformer. 

9. The method according to claim 4, further comprising: 
determining whether the principal signal component of the 

current frame is an unwanted signal based on said com­
parison; and 

applying maximum attenuation to the current frame being 
processed if it is determined that the principal signal 
component of the current frame is an unwanted signal. 
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10. The method according to claim 9, further comprising 
determining that the principal signal component of the cur­
rent frame is an unwanted signal if: 

the principal signal component is received at the beam­
former from at least one direction from which far-end 
signals are received at the beamformer; or 

the principal signal component is received at the beam­
former from at least one classified direction; or 

the principal signal component is not received at the beam­
former from at least one principal direction. 

11. The method according to claim 4, further comprising: 
receiving the plurality of audio signals and information on 

the at least one principal direction at signal processing 
circuitry; 

processing the plurality of audio signals at the signal pro­
cessing circuitry using said information on the at least 
one principal direction to provide additional information 
to the noise reduction stage; and 

applying a level of attenuation to the current frame being 
processed at the noise reduction stage in dependence on 
said additional information and said comparison. 

12. The method according to claim 4, further comprising: 
receiving the single channel audio output signal and infor­

mation on the at least one principal direction at signal 
processing circuitry; 

processing the single channel audio output signal at the 
signal processing circuitry using said information on the 
at least one principal direction to provide additional 
information to the noise reduction stage; and 

applying a level of attenuation to the current frame being 
processed at the noise reduction stage in dependence on 
said additional information and said comparison. 

13. The method according to claim 11, wherein the addi­
tional information includes an indication on the desirability 
of the principal signal component of the current frame. 

14. The method according to claim 11, wherein the addi­
tional information includes a power level of the principal 
signal component of the current frame relative to an average 
power level of the at least one primary audio signal. 

15. The method according to claim 11, wherein the addi­
tional information includes a signal classification of the prin­
cipal signal component of the current frame. 

16. The method according to claim 11, wherein the addi­
tional information includes at least one direction from which 
the principal signal component of the current frame is 
received at the beamformer. 

17. A user device for processing audio signals during a 
communication session between the user device and a remote 
node, the user device comprising: 

a beamformer configured to receive a plurality of audio 
signals including a at least one primary audio signal and 
unwanted signals; and 

noise reduction stage configured to receive direction of 
arrival information of the audio signals and known 
direction of arrival information representative of at least 
some of said unwanted signals, the noise reduction stage 
configured to process the audio signals by treating as 
noise, portions of the signal identified as unwanted 
dependent on a comparison between the direction of 
arrival information of the audio signals and the known 
direction of arrival information. 

18. The user device according to claim 17, wherein the the 
beamformer is arranged to: 
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estimate at least one principal direction from which the at 
least one primary audio signal; and 

process the plurality of audio signals to generate a single 
channel audio output signal by forming a beam in the at 
least one principal direction and substantially suppress­
ing audio signals from any direction other than the prin­
cipal direction. 

19. The user device according to claim 18, wherein the at 
least one principal direction is determined by: 

determining a time delay that maximizes the cross-corre­
lation between the audio signals being received at the 
beamformer; and 

detecting speech characteristics in the audio signals 
received at the beamformer with said time delay of 
maximum cross-correlation. 

20. The user device according to claim 17, wherein the 
noise reduction stage is configured to output audio data 
received at the user device from the remote node in the com­
munication session. 

21. The user device according to claim 17, wherein the 
unwanted signals are generated by a source at the user device, 
said source comprising at least one of: audio output means of 
the user device; a source of activity at the user device wherein 
said activity includes clicking activity comprising button 
clicking activity, keyboard clicking activity, and mouse click­
ing activity. 

22. The user device according to claim 17, wherein the 
unwanted signals are generated by a source external to the 
user device. 

23. The user device according to claim 17, wherein the at 
least one primary audio signal is a speech signal received at 
the beamformer. 
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24. A computer program product comprising computer 
readable instructions stored on a non-transitory computer 
readable medium for execution by one or more computer 
processors at a user device for processing a plurality of audio 
signals including at least one primary audio signal and 
unwanted signals during a communication session between 
the user device and a remote node, the instructions compris­
ing instructions for: 

receiving direction of arrival information of the audio sig­
nals; 

providing known direction of arrival information represen­
tative of at least some of said unwanted signals; and 

processing the audio signals to treat as noise, portions of 
the signal identified as unwanted dependent on a com­
parison between the direction of arrival information of 
the audio signals and the known direction of arrival 
information. 

25. A method of processing audio signals during a com­
munication session between a user device and a remote node, 
the method comprising: 

receiving a plurality of audio signals at the user device 
including at least one primary audio signal and 
unwanted signals; 

receiving direction of arrival information of the audio sig­
nals; 

providing known direction of arrival information represen­
tative of at least some of said unwanted signals; and 

processing the audio signals to treat as noise, portions of 
the signal identified as unwanted dependent on a com­
parison between the direction of arrival information of 
the audio signals and the known direction of arrival 
information. 

* * * * * 




