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ESTMLATING DIRECTION OF ARRIVAL 
FROM PLURAL, MICROPHONES 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

0001. This application is a continuation of co-pending 
U.S. patent application Ser. No. 127657,002, filed on Jan. 12, 
2010, for “Estimating Direction Of Arrival From Plural 
Microphones', assigned to the assignee of the present appli 
cation, and subsequently issued as U.S. Pat. No. 8,565,446, 
and the benefit of the earlier Jan. 12, 2010 filing date of such 
parent patent application is claimed hereby. 

BACKGROUND OF THE INVENTION 

0002 This invention relates to audio signal processing 
and, in particular, to a circuit that estimates direction of arrival 
using plural microphones. 
0003. As used herein, “telephone' is a generic term for a 
communication device that utilizes, directly or indirectly, a 
dial tone from a licensed service provider. For the sake of 
simplicity, the invention is described in the context of a tele 
phone but has broader utility; e.g. communication devices 
that do not utilize a dial tone, Such as radio frequency trans 
ceivers or intercoms. 

0004. This invention finds use in many applications where 
the internal electronics is essentially the same but the external 
appearance of the device is different. FIG. 1 illustrates a 
conference phone or speaker phone Such as found in business 
offices. Telephone 10 includes microphones 11, 12, 13, and 
speaker 15 in a sculptured case. 
0005 FIG. 2 illustrates what is known as a hands free kit 
for providing audio coupling to a cellular telephone (not 
shown). Hands free kits come in a variety of implementations 
but generally include case 16, powered speaker 17 and plug 
18, which fits an accessory outlet or a cigarette lighter socket 
in a vehicle. Case 16 may contain more than one microphone 
or one of the microphones (not shown) is separate and plugs 
into case 16. The external microphone is for placement as 
close to a user as possible, e.g. clipped to the visorina vehicle. 
A hands free kit may also include a cable for connection to a 
cellular telephone or have a wireless connection, such as a 
Bluetooth R) interface. A hands free kit in the form of a head 
set is powered by internal batteries but is electrically similar 
to the apparatus illustrated in FIG. 2. 
0006 Today, hands free communication has become 
accepted, even expected, by people unfamiliar with technol 
ogy. Thus, hands free communication is often attempted in 
harsh, i.e., noisy, acoustical environments such as automo 
biles, airports, and restaurants. As used herein, “noise' refers 
to any unwanted Sound, whether or not the unwanted Sound is 
periodic, purely random, or somewhere in between. As such, 
noise includes background music, Voices (herein referred to 
as “babble') of people other than the desired speaker, tire 
noise, wind noise, and so on. Automobiles can be especially 
noisy environments, which makes the invention particularly 
useful for hands free kits. Moreover, the noise will often be 
loud relative to the desired speech. Hence, it is essential to 
reduce noise in order to improve the quality of a conversation. 
0007. Many digital signal processing techniques have 
been proposed for reducing noise. In products with a single 
microphone, reducing noise is quite difficult when the desired 
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speech and the noise share the same frequency spectrum. It is 
difficult for these techniques to remove noise without dam 
aging the desired speech. 
0008 If the origin of the noise and the origin of the desired 
speech are spatially separated, then one can theoretically 
extract a clean speech signal from a noisy speech signal. A 
spatial separation algorithm needs more than one microphone 
to obtain the information that is necessary to extract the clean 
speech signal. Many spatial domain algorithms have been 
widely used in other applications, such as radio frequency 
(RF) antennas. The algorithms designed for other applica 
tions can be used for speech but not directly. For example, 
algorithms designed for RF antennas assume that the desired 
signal is narrow band. Speech is relatively broadband, 0-8 
kHz. Other known algorithms are based on Independent 
Component Analysis (ICA). Using two or more microphones 
will improve the noise reduction performance of a hands free 
kit whether a spatial separation algorithm or an ICA based 
algorithm is used. The invention is based on a variation of a 
spatial separation algorithm. 
0009 FIG. 3 illustrates a classic spatial separation system 
in which the signal from a first microphone is filtered in an 
adaptive filter and Subtracted from the signal from a second 
microphone; e.g. see U.S. Pat. No. 7,146,013 (Saito et al.). A 
control loop, indicated by the dashed line, adjusts filter 
parameters for minimal noise. 
0010 Because a signal can be analog or digital, a block 
diagram can be interpreted as hardware, Software, e.g. a flow 
chart, or a mixture of hardware and Software. Programming a 
microprocessor is well within the ability of those of ordinary 
skill in the art, either individually or in groups. 
0011 Those of skill in the art recognize that, once an 
analog signal is converted to digital form, all Subsequent 
operations can take place in one or more Suitably pro 
grammed microprocessors. Use of the word “signal', for 
example, does not necessarily mean eitheran analog signal or 
a digital signal. Data in memory, even a single bit, can be a 
signal. A signal stored in memory is accessible by the entire 
system, not just the function or block with which it is most 
closely associated. Those of skill in the art know that “sub 
traction' in binary is addition (one number is inverted, incre 
mented, and added to the other). Where the inversion takes 
place is a matter of design. For this reason, a plus sign is used 
to represent combining two or more signals. 
0012 FIG. 4 illustrates another spatial separation system 
wherein voice activity detector 31 enables adaptation by filter 
32 when voice is detected; e.g. see U.S. Pat. No. 7,218,741 
(Balan et al.). FIG. 5 is yet another spatial separation system 
wherein direction of arrival is used to enable adaptation when 
sound is detected in the look direction; e.g. see U.S. Pat. No. 
7,426,464 (Hui et al.). 
0013 An outline of Spatial Separation Algorithms is as 
follows. 

0014 
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0025. In FIG. 6, fixed beam former 41 forms a beam 
towards a look direction. The performance of fixed beam 
former 41 is not sufficient because of beam width, due to side 
lobes in the beam. The main objective of GSC is to reduce the 
side lobe levels, hence the name. The GSC uses blocking 
matrix 42 that forms a null beam in the look direction. If there 
is no reverberation, the output of blocking matrix 42 should 
not contain any signals that are coming from the look direc 
tion. 
0026 Blocking matrix 42 can take many forms. For 
example, with two microphones, the signal from one micro 
phone is delayed an appropriate amount to align the outputs in 
time. The outputs are subtracted to remove all the signals that 
are coming from the look direction, forming a null. This is 
also known as a delay and Subtract beam former. If the num 
ber of microphones is more than two, then adjacent micro 
phones are time aligned and Subtracted to produce (n-1) 
outputs. In ideal conditions, all the (n-1) outputs should 
contain signals arriving from directions other than the look 
direction. The (n-1) outputs from blocking matrix 42 serve as 
inputs to (n-1) adaptive filters to cancel out the signals that 
leaked through the side lobes of the fixed beam former. The 
outputs of (n-1) adaptive filters are subtracted from the fixed 
beam former output in subtraction circuit 43. The filters and 
subtraction circuit are collectively referred to as multiple 
input canceller 44. 
0027. The outputs of blocking matrix 42 will often contain 
Some desired speech due to mismatches in the phase relation 
ships of the microphones and the gains of the amplifiers (not 
shown) coupled to the microphones. Reverberation also 
causes problems. If the adaptive filters are adapting at all 
times, then they will train to speech from the blocking matrix, 
causing distortion at the Subtraction stage. 
0028. Using a voice activity detector for control increases 
the sensitivity of a system to the quality of the detector. 
Similarly, using direction of arrival for control places a pre 
mium on accurately detecting direction, particularly if com 
bined with voice activity detection. Thus, there is a need in the 
art for more accurately determining Voice and direction. 
0029. In view of the foregoing, it is therefore an object of 
the invention to provide improved noise Suppression using 
plural microphones. 
0030. Another object of the invention is to provide a 
method and apparatus for more accurately determining direc 
tion of arrival in a noise Suppression circuit. 
0031. A further object of the invention is to provide 
improved control of adaptation in noise Suppression circuits. 

SUMMARY OF THE INVENTION 

0032. The foregoing objects are achieved in this invention 
in which a noise Suppression system includes plural micro 
phones, a fixed beam former, a blocking matrix, plural adap 
tive filters, and a direction of arrival circuit coupled to the 
adaptive filters that prevents the filters from adapting in the 
presence of a signal in the look direction. The direction of 
arrival circuit causes the filters to adapt more quickly in the 
absence of a signal in the look direction. A pair of adjustable 
gain circuits is coupled to each microphone. A first adjustable 
gain circuit from each pair is calibrated during the presence of 
a desired signal and a second adjustable gain circuit from each 
pair is calibrated during the presence of an interfering signal. 
The system also includes at least one null-forming circuit. 
The gain of the null forming circuit is used as a control signal. 
Successive data are averaged, preferably with a smoothing 
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constant that changes with the magnitude of the ratio, for 
providing the control signal. In a preferred embodiment, two 
null circuits, one of which is adjustable, are coupled to sepa 
rate pairs of adjustable gain circuits. The ratio of the outputs 
of the two null circuits is used as the control signal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0033. A more complete understanding of the invention can 
be obtained by considering the following detailed description 
in conjunction with the accompanying drawings, in which: 
0034 FIG. 1 is a perspective view of a conference phone 
or a speaker phone; 
0035 FIG. 2 is a perspective view of a hands free kit; 
0036 FIG. 3 is a block diagram of a noise suppression 
circuit using spatial separation; 
0037 FIG. 4 is a block diagram of a noise suppression 
circuit in which a voice activity detector controls an adaptive 
filter; 
0038 FIG. 5 is a block diagram of a noise suppression 
circuit in which a direction of arrival estimator controls an 
adaptive filter; 
0039 FIG. 6 is a block diagram of a noise suppression 
circuit using generalized side lobe cancellation; 
0040 FIG. 7 is a block diagram of a preferred embodiment 
of the invention; 
0041 FIG. 8 is a block diagram of a direction of arrival 
estimator constructed in accordance with the invention; 
0042 FIG. 9 is a block diagram of an angle of arrival 
estimator constructed in accordance with the invention; 
0043 FIG. 10 is a chart illustrating the operation of the 
apparatus illustrated in FIG. 9; 
0044 FIG. 11 is a block diagram of a circuit for producing 
a control signal in accordance with a preferred embodiment 
of the invention; and 
0045 FIG. 12 is a block diagram of a noise suppression 
system constructed in accordance with a preferred embodi 
ment of the invention. 

DETAILED DESCRIPTION OF THE INVENTION 

Basic Technology 

0046. The direction for arrival is generally estimated by 
first estimating the time difference of arrival (TDOA) 
between the sensors. Specifically, for a linear microphone 
array, if d is the distance between the microphones, direction 
of arrival 

0047 and time difference of arrival are related by 

(= sin (). 

where c is the velocity of sound in air, which is equal to 346 
m/sec at 77 F. (25° C.). 
0048 Many different techniques are available to estimate 
TDOA. Some of the techniques include, cross-correlation, 
absolute magnitude difference function (AMDF), least mean 
square (LMS), beam-steering, signal energy difference 
between beam-former/null-former input and output, sub 
space based methods and blind system identification. 
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0049. The cross-correlation based method works by sim 
ply computing the cross-correlation between microphones 
and picking the lag corresponding to the maximum cross 
correlation value. 
0050. The AMDF-based method is very similar to the 
cross-correlation-based methods. In the AMDF-based meth 
ods, the absolute magnitude difference between the two 
microphone signals is computed and the lag corresponding to 
minimum AMDF value is selected as the TDOA estimate. 
0051. In the LMS method, the TDOA estimate is obtained 
by minimizing the mean-square error between the first micro 
phone signal and second microphone signal. In other words, 
the second microphone signal is modeled as a filtered version 
of the first microphone signal. Specifically, the delay estimate 
is obtained by picking the tap number corresponding to the 
maximum value of the estimated impulse response of a LMS 
based, finite impulse response filter. 
0052. The beam-steering based methods work by forming 
multiple beams from the multiple microphone signals with 
the maximum response angle set at different directions. The 
output energies of these beam formers are then computed and 
the angle corresponding to maximum energy is selected as the 
direction of arrival estimator. In this method, the time differ 
ence of arrival is implicitly used during the beam-forming 
Stage. 
0053 Another method that is closely related to beam 
steering method is the one that forms a set null-former in 
different directions and measuring the signal loss between the 
null-former input and output. The null-former corresponding 
to maximum signal loss is picked, and its corresponding null 
direction is selected as the direction of arrival estimator. 
0054 The sub-space based methods are one of the most 
popular algorithms used in antenna arrays. Algorithms such 
as “MUSIC” and “ESPRIT use the singular value decompo 
sition of the spatial correlation matrix to estimate the direc 
tion of arrival. 
0055. However, with only two microphones the sub-space 
based methods will not provide a good direction of arrival 
estimate. 

0056. The blind system identification based methods work 
by estimating the impulse response between original Source 
location and the microphone locations. The impulse response 
estimation is performed without any information about the 
Source location with respect to the microphone array. Once 
the impulse response between the source and the microphone 
is estimated, then it is easy to estimate the TDOA from the 
peak location of the two impulse responses. 
0057 Two factors to be considered in selecting the appro 
priate algorithm are performance in noisy environments and 
in reverberant environments. In a reverberant environment, 
the signal from a single source may arrive at the microphone 
array from different directions due to reflections along the 
signal propagation path. The severity of this multi-path effect 
will degrade the TDOA estimator and the algorithm should 
gracefully degrade as the severity increases. Another factor 
that should be considered is computational cost. Beam-steer 
ing based methods are computationally expensive because 
one needs to form multiple beams depending on the angular 
resolution of the DOA estimator. 
0058. Many studies have been conducted and it is widely 
accepted that the generalized cross-correlation method is 
robust in both noisy and reverberant environments. The gen 
eralized cross-correlation (GCC) method is based upon the 
well-known paper by C. H. Knapp and G. C. Carter, “The 
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generalized correlation method for estimation of time delay', 
IEEE Trans. Acoust. Speech Signal Process. Vol. ASSP-24, 
pp. 320-327, August 1976. 
0059 For a two microphone array, the GCC function is 
given by 

where X (m.k) and X(m.k) are the discrete Fourier trans 
form (DFT) of the signals from the first microphone and the 
second microphone, respectively, at time instant m; k is the 
frequency index; W (k) and W(k) are arbitrary window 
function; * denotes the conjugate operation; and 1 is the lag 
index. The GCC function will have a global maximum value 
at the lag corresponding to the relative delay between the 
microphones. The TDOA can then be estimated using the 
following. 

= argmax is: (n. l) 

where D is the range of potential TDOA estimate restricted by 
the inter microphone spacing. The goal of the arbitrary win 
dow function is to emphasize the generalized cross-correla 
tion at the true TDOA. The most popular window function is 
given by 

0060. The GCC function using the above window function 
is called a PHAT (phase transform) algorithm. The PHAT 
weighting flattens the spectrum to equally emphasize all fre 
quencies. The PHAT weighted cross-spectrum entirely 
depends on the channel characteristics. For this reason, the 
PHAT algorithm is found to be empirically more consistent 
than other statistically optimal weighting methods. Experi 
ments also show that PHAT is more robust in reverberant 
environments when compared with other types of weighting 
functions. 
0061. In accordance with the invention, as illustrated in 
FIG. 7, direction of arrival detector 49 controls the operation 
of the plurality of adaptive filters 50. Specifically, the filters 
are prevented from adapting when a desired signal is within 
the look direction of the microphones. The detector must have 
as few false positives and as few false negatives as possible 
because an error affects all Subsequent signal processing. 
0062. In accordance with the invention, direction of arrival 
information is also used to control single channel signal pro 
cessing, Such as speech enhancement circuit 51. A back 
ground noise estimate from circuit 52 is subtracted from the 
signal from adaptive filters 50 to reduce noise. Circuits 51 and 
52 operate in frequency domain, as indicated by fast Fourier 
transform circuit 55 and inverse fast Fourier transform circuit 
56. 

Direction of Arrival Estimator FIG. 8 

0063 A direction of arrival estimator estimates the angle 
of arrival of an incoming signal towards a microphone array 
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and decides if the incoming signal is desired speech or inter 
ference. If the look direction is known then one can cancel the 
interference signals coming from other directions. 
0064. Estimator 60 has four inputs. Microphone 61 pro 
duces a first input signal and microphone 62 produces a 
second input signal. The number of microphones is a matter 
of design and the system is easily modified for more that two 
microphones and for various spatial arrangements of the 
microphones. Two microphones is a minimum system. 
0065 Data representing the look direction, e.g. 90°, is 
coupled to third input 63. Data representing the virtual spac 
ing between the microphones is coupled to fourth input 64. 
Virtual spacing includes the actual physical distance between 
the microphones and the extra distance traveled by the sound 
because of the position of a microphone in a given housing. 
The extra distance traveled by the sound is also influenced by 
the position of the microphone vent in a product. 
0066 Estimator 60 has five outputs. Output 65 is an output 
control signal that enables adaptation of multi-channel, GSC 
based algorithms. Output 66 can be used to control the adap 
tation rate of single channel, noise estimation algorithms. 
Output 67 and output 68 provide the direction of arrival 
estimate of the incoming signal and the interference direction 
respectively. Output 69 is proportional to the ratio between 
interfering signal energy and desired signal energy. 
0067 Block 71 uses a generalized cross-correlation func 
tion to estimate the direction of signal arrival. Block 72 uses 
a generalized cross-correlation function to estimate the direc 
tion of interference. The direction of interference is computed 
based on prior information about the expected direction of 
arrival of a desired signal. If the direction of arrival estimate 
is not within a tolerance range of the desired direction, then 
the DOA estimate is used as the direction of interference. 
0068 Block 73 validates or verifies the presence of desired 
speech based on the DOA estimate and a null-former using 
the estimated direction of interference. 
0069 Block 74 derives the necessary control signals for 
GSC-based, multi-channel noise cancellation and noise esti 
mation for single channel noise reduction algorithms. 

Estimating Angle of Arrival FIG. 9 
0070 FIG. 9 illustrates the contents of block 71 (FIG. 8). 
The DOA estimate is obtained using the windowed cross 
correlation method. The incoming data samples are buffered 
to form a super-frame of size L. The windowed cross-corre 
lation function for a given Super-frame at mth Super-frame 
index is computed using 

L. - 

r12m, l = X winxin, nwnx2m, n - 1. 
O 

where 1 is the lag index, win and wan are the window 
Sequences. 
0071. In one embodiment of the invention, by way of 
example only, a Hanning window was used to obtain a 
Smoothed cross-correlation estimate. The Super-frame size L 
was set at 16 ms (128 samples at 8 kHZ sampling frequency) 
with 75% overlap. This means that the cross-correlation 
should be computed every 4 ms. The cross-correlation could 
be computed in frequency domain. It was found that, in a 
specific headset application, PHAT weighting resulted in 
greater error in estimation in very noisy environments. In 
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headset applications, because the user's mouth is very close 
to the microphone array, there is little reverberation. There 
fore, one can emphasize countering a noisy environment as 
opposed to reverberant environment. Under these circum 
stances, it has been found that GCC without PHAT weighting 
provides the best result in a very noisy environment. A hands 
free kit in a different location would change the emphasis. 
0072 The range of 1 in the above equation depends on the 
microphone spacing (d). Specifically, the range is given by 
samples, where Fs corresponds to sampling frequency and c is 
the speed of sound. For example, if d=50 mm, F8 kHz, and 
c=346 msec, the range is -1.15, 1.15 samples. If the lag 
resolution is one sample, then we have to compute only three 
cross-correlation values, which translates into one of three 
possible angular values namely (-90°, 0°, and)+90°. The 
angular resolution in the above case is 90°. Based on this 
example, it is clear that the cross-correlation lag resolution 
must be greater than one sample to estimate the TDOA accu 
rately. In order to increase the angular resolution, we have to 
increase the lag resolution also. One way to increase the lag 
resolution is by up-sampling the input data and then comput 
ing cross-correlation. For example, if F 64 kHz, then the lag 
range becomes -9.25, +9.25 samples. This translates into an 
angular resolution equal to 11. However, up-sampling 
increases the complexity of the computation. 
0073. Another method for increasing angular resolution is 
interpolation. In one embodiment of the invention, a third 
order Lagrange polynomial function is used to interpolate the 
cross-correlation values for non-integer lags. If (x, y), (x, 
y), (x, y), and (x, y) are the ordered pairs, the function 
value f(xas) in the interval (2.3) can be interpolated using 
the third order Lagrange polynomial function given by 

x - xi x - xi x - xi x - xi 
-- -- -- ( y (). II. y (y. 

itl it2 it-3 it4 

0074. Using the above equation, the range of cross-corre 
lation lags that should be computed is given by 

dF. th c c 

samples. In FIG. 10, the cross-correlation values for 2.2, 2.4. 
2.6, 2.8 are interpolated using r1, r2, r, 3., and 
r, 4. The interpolation rate in this example is five. In an 
actual embodiment of the invention, the interpolation rate is 
sixteen. Other rates could be used instead. 

0075. After interpolating the cross-correlation values, the 
next step involves picking the lag (1) corresponding to the 
maximum cross-correlation value. The selected lag index is 
then converted into an angular value by using the following 
formula, 
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To reduce the estimation error due to outliers, the DOA esti 
mate is median filtered to provide a smoothed version of the 
raw DOA estimate. The median filter window size is set at 
three. 

Estimating Direction of Interference 
0076. The look direction is input signal 63 to DOA block 
60. If the estimated DOA is within some tolerance range from 
the look direction, e.g. +45, then it is decided that the incom 
ing signal is coming from the desired direction. The tolerance 
range is taken from a table of operating parameters stored in 
memory. If the DOA estimate is outside this range, then the 
interference direction in block 72 is updated with the present 
smoothed DOA estimate. This interference direction is then 
buffered to provide the smoothed estimate at a predetermined 
rate. In one embodiment of the invention, the buffer size is set 
at thirty frames. This means that the smoothed interference 
direction is updated every 120 ms. When the incoming signal 
is detected as coming from the look direction, a flag is set. 

Verifying the Presence of Desired Speech 

0077. It has been found that the error in detecting, using 
cross-correlation, the presence of desired speech, coming 
from a preset look direction, is high when the ratio of the 
desired signal to an interference signal is low, e.g., less than 3 
dB. Also, the DOA estimate switches between desired and 
interference direction at a faster rate than when the ratio is 
greater. In accordance with another aspect of the invention, 
these problems are overcome by using a set of null-formers to 
determine whether or not the incoming signal is coming from 
the look direction. 
0078 FIG. 11 is a block diagram of an apparatus or 
method for using two null-formers to validate the presence of 
desired speech. Initially, null-former 81 is set to form a null in 
the direction of interference. That is, a signal from the direc 
tion of interference is minimized. Ideally, if the interference 
direction estimatoris exact, and if there is only one interfering 
signal coming from that direction, the output of this null 
former should be very small. In accordance with another 
aspect of the invention, the gain of the null-former (ratio of 
output to input) is used as an indicator of the presence of 
interference. If the ratio is very small, then there is a strong 
interference signal. The signals from the two microphones are 
averaged for determining the ratio. 
0079 Similarly, null-former 82 forms a null in the look 
direction. That is, a signal from the desired direction is mini 
mized. In this case, the gain provides an indication of the 
presence of desired speech. Usually, the look direction is 
fixed for a given application, e.g. 90°. On the other hand, 
null-former 81 is adjustable and is adjusted in use. The control 
signal comes from line 68 (FIG. 8) and is derived from block 
72 (FIG. 8). 
0080. Although the gain of either null-former can be used 
to decide if there is an interference signal or a desired signal, 
the gains are combined in accordance with yet another aspect 
of the invention. The combined data provides an estimate of 
interference to desired signal ratio (IDR). This is illustrated in 
simplified form in FIG. 11 as the ratio of the gains. An aver 
aged input signal to null-former 81 is denoted as signal 'A'. 
The output signal from null-former 81 is denoted as signal 
“B”. Thus, the gain of null-former 81 is (B+A). Similarly, the 
gain of null-former 82 is (D--C) and IDR equals (B+A)-- 
(D--C). 
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I0081. The output control parameters can be adjusted from 
aggressive to passive depending on IDR. For example, if IDR 
is very high (greater than a first threshold), the noise estima 
tion process can be made to occur more quickly than usual by 
changing parameters for that process. One can also compare 
IDR with a second threshold to determine whether or not the 
desired speech signal is present. 
I0082 In a preferred embodiment of the invention, calcu 
lating IDR also involves calibrating the microphones; specifi 
cally, the magnitude of the signals from the microphones and 
when to calibrate. 

I0083. If x is the output signal from microphone 83 and X 
is the output signal from microphone 84, the gain G, of null 
former 81 is calculated as 

E. 

where E, is the output energy of null-former towards interfer 
ence direction, g, and g2, are the microphone calibration gains 
applied to first and second microphone respectively, and E. 
and E are the input energies of the first and second micro 
phone respectively. 
0084 
aS 

Similarly the gain G of null-former 82 is calculated 

Ed 
G = , (g E - gE)/2 

where E is the output energy of null-former towards desired 
direction, g, and g are the microphone calibration gains 
applied to first and second microphone respectively. The 
energies are computed based on Sum of weighted Squares. 
The weights were assigned to have more emphasis on the 
present frame of data and less emphasis on the past frames. 
I0085 Microphone calibration is used for two reasons. A 
first reason is to compensate for manufacturing tolerances 
and a second reason is to compensate for the propagation loss 
that occurs if the microphone spacing is comparable to the 
proximity of the desired speech Source location to the array. 
In order to get maximum suppression from the null-formers 
(deeper null), the two input data must be matched closely for 
the signal coming from the null direction. Because the two 
null-formers have nulls pointed in two different directions, 
the microphone calibration is done only when there is a signal 
coming from the null direction. 
0086 There are four separate calibration gains (g, g, 
g, and g) for optimal performance. These gains are 
adjusted in pairs, as indicated by dashed control lines 86 and 
87. Specifically, the gain of amplifier 91 is adjusted at the 
same time that the gain of amplifier 92 is adjusted; i.e. when 
a signal is from the interference direction. The gain of ampli 
fier 93 is adjusted at the same time that the gain of amplifier 94 
is adjusted; i.e. when a signal is from the look direction. The 
signals on control lines 86 and 87 are derived from block 71 
(FIG. 8). If the estimated angle is outside some tolerance 
range from the look direction, then the signal online 86 is true 
and the signal online 87 is false. Otherwise, the signal online 
86 is false and the signal on line 87 is true. 
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I0087. Using G, and G, IDR is calculated as 

IDR = G 
- c. 

Finally the IDR is exponentially smoothed using fast decay 
and slow attack scheme. Specifically, smoothed IDR is given 
by 

smoothedIDR(n)=SmoothedIDR(n-1)e+(1-e)IDR, 

a standard Smoothing technique except that the Smoothing 
constant, is equal to 0.9 if the present IDR is smaller than the 
past smoothed IDR and equal to 0.1 if the present IDR is 
greater than the past smoothed IDR. This fast decay and slow 
attack Scheme detects the presence of desired speech more 
quickly in the presence of interfering speech. 

Control Signals 

0088. The DOA estimate and the detection of desired 
speech presence are used to generate control signals. Two 
signals are generated by the control logic. The Boolean signal 
mm AdaptEn is true only when the desired signal is absent. 
This decision is based on two criteria derived from the DOA 
estimate and IDR. The following table shows the conditional 
states of this control signal. 

mm AdaptEn Condition 

FALSE When the DOA estimate is within the tolerance range (look 
direction it 
(or) 
DOA estimate is outside the tolerance range but the IDR is 
less than some threshold 

TRUE DOA estimate is outside the tolerance range and the IDR is 
greater than some threshold 
(or) 
DOA estimate is outside the tolerance range continuously 
for some prescribed period of time 

0089. The second control signal, nrNoiseEstRate, is 
meant to vary the adaptation rate of any exponential averag 
ing based background noise estimation algorithms. The noise 
estimate is a key component in any single channel noise 
reduction/speech enhancement algorithms. Most of the exist 
ing noise estimation algorithms do not provide the true char 
acteristics of the background noise if the environment is vary 
ing. Realistic examples of these non-stationary environments 
are restaurant, background music etc. If there is no desired 
speech at any given instant, then a noise estimation algorithm 
can adapt more aggressively to background noise, whether it 
is stationary or not. The adaptation rate is based on criteria 
similar to the first control signal discussed above. The follow 
ing table shows the conditional states of this control signal. 

nrNoiseEstRate Condition 

O.995 When the DOA estimate is within the tolerance range 
(look direction it 
(or) 
DOA estimate is outside the tolerance range but the IDR 
is less than some threshold 
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-continued 

nrNoiseEstRate Condition 

0.985/0.97/0.8 DOA estimate is outside the tolerance range and IDR 
is greater than one of two thresholds 

O.8 DOA estimate is outside the tolerance range continuously 
for some prescribed amount of time 

0090. In this specific implementation, smaller values of 
nrNoiseEstRate means faster adaptation rate. In general, one 
can easily modify the logic to take on values that are more 
Suitable for the underlying noise estimation algorithms. For 
example, one method could simply be a binary decision in 
which the noise estimation algorithm will update the present 
frame of data as background noise if the output from DOA 
block is set to zero. 

(0091. The IDR is usually around 0 dB if the interference is 
a diffused noise. This will result in fewer adaptations even 
though the diffused noise should be estimated as background 
noise. The IDR is 0 dB because the directivity index of a 
null-former using two microphones is around 6 dB. There 
fore, in a diffused noise environment, the null-former gain 
from both null-formers is around-6 dB and their ratio is 0 dB. 
To counter this problem, background noise estimation is 
enabled if the smoothed DOA estimate is outside a tolerance 
range continuously for a specific period of time. In one 
embodiment of the invention, the period was 48 ms. 
0092 FIG. 12 illustrates the arrangement of the blocks 
shown previously in detail. 
0093. The invention thus provides improved noise Sup 
pression using plural microphones. The invention also more 
accurately determines direction of arrival by calibrating the 
microphones for signals in the look direction and in the inter 
ference direction, by using null-formers to Verify that a signal 
is coming from the look direction, by adapting filters in the 
absence of desired speech, by changing in response to 
changes in IDR, and by adapting when the DOA estimate is 
outside a specified range. The invention also provides 
improved control of adaptation in noise Suppression circuits 
by providing variable control signals for causing noise Sup 
pression to adapt more aggressively when there is no desired 
speech in the look direction. 
0094. Having thus described the invention, it will be 
apparent to those of skill in the art that various modifications 
can be made within the scope of the invention. For example, 
specific numerical examples are for example only, depending 
upon a specific implementation of the invention and chang 
ing, for example, with the type of hands free kit containing the 
invention. 

What is claimed as the invention is: 
1. A noise Suppression circuit comprising: 
a first microphone; 
a second microphone; 
a fixed beam former coupled to the first microphone and to 

the second microphone; 
a blocking matrix coupled to the first microphone and to the 

second microphone; 
adaptive filters coupled to the blocking matrix: 
a subtraction circuit coupled to the output of the fixed beam 

former and to the outputs of the adaptive filters: 
a direction of arrival circuit, coupled to said first micro 

phone, said second microphone, and said adaptive filter, 
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that prevents the adaptive filter from adapting in the 
presence of a signal in the look direction of the direction 
of arrival circuit. 

k k k k k 


