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ABSTRACT. In this paper, a new model of broadband microphone array system is pro-
posed, where wireless transmission is employed to relay the signals to a fast server nearby
in order to find the optimal filter coefficients continuously before the filter weights are
sent back to the device. By using sequences of calibration signals, we formulate a total
least squares problem and transform it into an equivalent optimization problem. By ex-
ploiting the structure of the problem, analytic expressions for the optimal solution can be
obtained. For illustration, two numerical results are presented.
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1. Introduction. In modern hands-free communication systems, there are many distur-
bance sources that cause unwanted sound [4], which may degrade the comprehension of
the wanted speech. These disturbances vary depending on the environmental preliminar-
ies. In this particular acoustic environment, the microphone array is usually deployed
to suppress the noise as well as the echo from the hands-free loudspeaker, while leaving
the distortion of the speech to a minimum [8]. If the environment is complicated, this
problem is very difficult to be described by a priori models [13]. With the use of cali-
bration signals, it is possible to design the beamformer satisfactorily [6]. In the design
process, the minimum square errors and the maximum signal-to-noise plus interference
power ratio are often used [7], and a multi-criteria decision problem is applied in [11] to
optimize on the level of distortion, the level of noise suppression, and the level of interfer-
ence suppression. Other filter design techniques (such as [1, 3, 10]) are also possible for
designing beamformers.

With smart devices proliferating in the home and becoming universally networked, mi-
crophone array is often incorporated into the devices. It is getting popular to include
noise reduction capability into blue-tooth headsets, mobile phones and other devices with
communications or voice control functionality. On the other hand, in adapting the algo-
rithms real time, high computational powers are required. Power consumption of portable
devices become a major concern. The adaptation is impossible to be achieved inside the
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portable devices. Nevertheless, because of the advance in wireless technology [5, 9], it
is possible to make use of the computational powers of nearby computer servers. For
example, a wireless local area network (WLAN) links devices via a wireless distribution
method (typically spread-spectrum or OFDM) and usually provides a connection through
an access point to the wider network. This gives users the mobility to move around within
a local coverage area and still be connected to the network. Wireless LANs have also be-
come popular at home due to ease of installation and the increasing popularity of laptop
computers.

The wireless transmission of multimedia signals requires a large amount of bandwidth.
For transmitting such signals, lossy protocols (e.g., UDP protocol) are often used. Be-
sides, for real time adaptation of filter coefficients, it is impossible to resend the signals
again if certain packets are lost. However, for voice control systems and for human hear-
ing system, they are usually fairly tolerant to some perturbation to the original signals.
Signal restoration algorithms [2] can be applied to recovering some of the missing signals.
Under this framework, it is advantageous to design the beamforming system such that
small perturbation to the signals will not affect the overall quality too much. When this
procedure is carried out, the original least squares or signal-to-noise ratio formulation is
no longer optimal for the design. In this paper, we propose a novel configuration, where
the received data is transferred wirelessly to a remote high power device, which is then
used for calculating the optimal filter coefficients. Under this framework, there exists
another perturbation to the signal data due to the lossy feature and signal restoration.
Consequently, a total least squares technique must be used to formulate the problem.
The resultant optimization problem has a special Toeplitz structure. By exploiting this
property, the analytic expression for the optimal solution can be obtained. Compared
with the ordinary least squares method, the performances both on SNR and segmental
SNR are improved and the complexity of the algorithm is the same.

The rest of the paper is organized as follows. In Section 2, we propose a new model
of broadband beamformer design and formulate it as a total least squares optimization
problem. In Section 3, we show that this optimization problem can be simplified into
an equivalent optimization problem. In Section 4, the optimal solution to the problem is
derived analytically. Two numerical examples are illustrated in Section 5. Conclusion is
given in Section 6.

2. The Problem. A new model of microphone array design can be found in Figure 1,
where the voice signal is received by the microphone array and processed by the filters
behind the array. It is required to design the beamformer to filter out the background
noise. Using a calibration signal, the filter coefficients are designed such that the error
between the output signal and the source signal is minimized.

In order to adapt to the changing background noise, the beamformer filter coefficients
need to be updated continuously. This will also require a very fast processor to recalculate
the coefficients in real time. Assuming the device is running inside a battery-driven sys-
tem, the adaptation process demands very high power consumption and will quickly drain
the batteries. To overcome this difficulty, wireless communications can be established to
transmit the received signals to a nearby computer server with very fast processors. Then,
after updating the optimal beamforming filters, the coefficients are transmitted back to
the wireless device for filtering.

During the transmission between the wireless devise and the computer server, the signal
noise due to lost packets should not be neglected. Hence, the beamforming filters should
be designed to minimize the background noise and the signal noise at the same time.
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FiGURE 1. Model of the microphone array

In this model, we assume that there are M elements in the microphone array. In
general, the signals received by the i-th microphone element can be represented by
zi(n) = s;i(n) +v(n), i=1,2....M, n=1,2,...,m, (2.1)

where s;(n) is the source signal and v;(n) is the background noise signal.
The output of the beamformer is given by
M L-1

y(n) = ZZwl(j)xl(n —7), m=12....m, (2.2)

i=1 j=0
where L is the length of the filters and w;(j), j = 0,1,..., L — 1, are the coefficients of
the i-th FIR filter. Basically, (2.2) can be rewritten as
y = H(z)w, (2.3)
where
y=1[y(1),y(2),....y(m)]",
x=(x],...,x2},)", @ = (;(1),...,2;(m))", i=1,...,M,
w=(w],...,w],)", w;=(w(0),...,w;(L—-1)7, i=1,..., M,

and H : R™M — R™*ML ig an injective function defined by

21(1) 0o .. 0
H(z) xlgL) xl(Li—l) xli(l)
o) ay(m—1) - m(m— L +1)
2ar(1) 0 0
xMi(L) xM(Li—l) xMi(l) . (2.4)
oa(m) oa(m=1) - oy(m—L+1)

Denote s, as the reference signal, which is selected from a good separate channel. Then,
the least squares problem can be formulated as

min E{/|n||*}
st. y=H(x)w=s,+n, (2.5)
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where n = [n(1),n(2),...,n(m)]" is the difference between the output signal and the
reference signal, and £{-} is the expectation operation.

However, since there exists signal noise from the wireless device to the high power device
due to lost packets, we need to restore the missing signal &. With some algorithms, such
as interpolation method [2], we can estimate the signal &, which is used for calculating
the coefficients. The estimated signal & can be expressed by

T =x+E€,
where @ is the true signal and € is the estimation noise given by
e=lel,e),....en)T, er=[ex(1),e6(2),...,ex(m)]T, k=1,..., M.
Then, the optimization problem (2.5) becomes
min E{[|n[[*}
st. y=H(Z)w =s,+n. (2.6)

Hence, since the additional estimation noise exists, the optimal coefficients obtained by
(2.6) is not suitable for (2.5). Then, we need to estimate x from & by eliminating the
estimation noise. That is, the problem is formulated as to find the coefficients of FIR
filters w, such that

H(z—-e)w=H(Z)w—-H(e)w=s,+n. (2.7)

There are two error vectors € and 1 to be minimized in (2.7). Since they are minimized
in the same time, the vector € should have some relations with the vector . That is, if
e is chosen properly and ||e|| increases, then ||n|| should decreases. On the other hand,
|le|| should not be very large, since it will cause aliasing of the signal and the solution
will become very poor.

Since there are M elements in the microphone array, there are M estimation noise
vectors €; to be minimized. To adjust the amplitude of g;, we add a positive weight vector
c=(c1,...,cy) to M channels. Then, we choose the cost function to be minimized as

f(w,e,m) :5{\\7;H2+Zci|\siﬂ2}. (2.8)

The vector ¢ is used to adjust the amplitude ||e||. That is, if ¢; is chosen very small,
the amplitude of €; can be large and if ¢ is large, the amplitude of € must be very small.
Hence, ¢ is a weight vector to control the amplitude of signal noise.

The total least squares problem can be formulated as

Problem 1. Find the coefficients of FIR filters w, the noise vector € and the vector m,
such that the cost function (2.8) is minimized, subject to the constraint (2.7).

Problem 1 is a general optimization problem. However, m, the dimension of the estima-
tion noise vector g, is always very large in practical application and the computation will
be very expensive. Since the vectors € and 1 are random, it’s not necessary to find these
error vectors for each sample. For this, we can transform this problem into a deterministic
problem as follows.

Basically, we assume the estimation noise vector e satisfies the following assumptions:

(A1) e is a zero mean vector.
(A2) For each i # j, g; and e, are uncorrelated.
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(A3) For each 4, the normalized autocorrelation matrix is known from a priori information
and is given by

Teie:(0) Teiei(1) Teei(L — 1)
Te,e; 1 Teie; 0 o Tee L—2
e B O reall=D |
Teiei(L - 1) reiei(L - 2) e rei&'i(())
where 7, (k) is normalized by
reei(k) =€ { > (@(n—k) (si(n))} /E{|leil |}, if k> 0.
n=k+1
(A4) The intensities of €; in different channels are proportional, that is,
Eflled )} : E{lleall} : - Elllem|Py =diida: -+t du,
where {d;,i =1,..., M} are given positive constants.

For the assumption (A1), the average value of the noise is always zero for interpola-
tion methods. The assumption (A2) states that the noise data of different channels are
mutually independent. This is reasonable in practice. For the assumption (A3), €; can
be treated as a white noise vector in general, and then R, is the identity matrix. The
assumption (A4) is motivated by the setting of the microphones, where the noises of some
channels are high, while the noises of other channels are small.

Then, by the assumption (A2), we can obtain the covariance matrix of € as

R, :g{(H (6))T H (6’)}

5{||€1||2}R51€1 g 0
_ 0 8{”52” }R€2€2 o 0
0 0 E{HEM‘P}REMEM

Since the intensities of g; in different channels are proportional, we can choose to
minimize the noise error of a reference channel. For this, suppose that the noise vector of
the reference channel is €,. Then, we rewrite the second term of (2.8) as

M M M
Y cilledl = lledlP Y clled/llerl* = lleP Y cidi/dy.
=1 =1 i=1

M
Let ¢, = Y ¢;d;/d,. The cost function (2.8) is equivalent to
i=1

fw,e,n) =E{|[nll* + cle.|]*}. (2.9)

Since 7 is a random vector, the cost function is required to be transformed. To remove
these random vectors, we denote p = H(x)w — s,, then

n=p-— H(e)w. (2.10)
Let H(e) be denoted by
H(Ef) = [H€17H€2a o 7H€M]a

where for each k = 1,..., M, H,, € R™ is a sub-matrix in H(e). Furthermore, let
H ;. be denoted by

H. = [he(0), her(1),. .. hep(L — 1)],
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where for each j = 0,..., L —1, he(j) is the corresponding column in H .. Then, (2.10)
can be rewritten as

M L-1
n=p->_ Y ha(iw)).
i=1 7=0

Next, since the estimation noise exists and is not zero, we have ||g;|| > 0,1 =1,2,..., M.
Then, We express p in the subspace spanned by the vectors {h¢;(j),i = 1,. M JJ =
0,...,L —1} as follows.

(Z > aphe(l ) +h=H(s)a+h, (2.11)

where

o = (0410, e 0 p—1,020, -, Q2 15 -, QMO - - - aaM,Lfl)T

and h is a vector orthogonal to the subspace spanned by the vectors {h¢;(j),i = 1,..., M,

j=0,...,L—1}.
By (2.11), we have

Inl* = (p — H(e)w)"(p — H(e)w)
=||pl|* — 2w (H (e))"p + w'(H (¢)) H ()w
=a"(H(e))"H(e)ax + ||h||* — 2w (H (e))"H () + wT(H (¢)) H (¢)w
=(w—a)T(H(e))"H(e)(w — a) +||A].
Then, we have
E{lInll’} = (w — @) Ree(w — ) + 5, (2.12)

where 8 = E{||h|[*} > 0.
Define R.. = R../||e.||*>. Then, (2.12) becomes

E{lInl*} =E{lle;|I"Hw — )" Ree (w — @) + 5, (2.13)
and the cost function (2.8) becomes
flw,e,m) =&{|le:|"Hw — @) Ree(w — @) + B + c;E{|le|[*}
=&{llesl*} (w — @) Ree(w — @) + ;) + 3
= f(w, e, B, [ | ). (2.14)
Furthermore, by simplifying
E(||H (z)w — s,|*} = E{||pl*} = E{||H () + hl[*},

we have
wR,w — 2w'r, +r. = E{||e. | }a " Reca + 3, (2.15)
where r. = £{||s.||*} and R,, is defined by
R, = &{(H(z))"H(x)}, (2.16)
and similarly has the structure of
Ry Rz, - Ry
R, = | T M B
Riyoi Ropyw, -+ Rapuy
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where
Trix; (O) Tax; <_1> o Tayzg (1 - L)
Ty (1 Tza; (0 o Ty (2—L
R.. Zf() f() ; ](: ) 7
T:l?ilj (L - 1) r$¢:l?j (L - 2) e T$i$j (0)
Yo E{ziln—k)xj(n)} ifk>0
rfﬂifﬂj (k> = :1:—&—kk+1 )
> E{xiln —k)z;(n)}  if k<0
n=1
and

re=(r{,ry,...,rl)", ri=(r(0),r(1),...,r(L=1)T, i=1,..., M,
with
m—Fk
ri(k) =Y E{zi(n)s,(n+ k)}.
j=1
Then, by (2.15), we have

w R, w—2wr,+r.— 0

(‘: r 2 - = 9
(1) o
and (2.14) becomes
R TR:E:): — 2wT s c T
fw,a,B) = ot waTI}:s:;z tre— P (w— )" Rec(w —a) +¢,) + 5. (2.17)

Hence, we transform Problem 1 into a deterministic problem as

Problem 2. Find the coefficients w, a, and 8 > 0, such that the cost function (2.17) is
minimized.

3. Method. Problem 2 can be solved by any optimization methods. However, we can
simplify this problem by decreasing the number of variables as follows.

In general, the matrix R, or R.. are always nonsingular in real applications. Then,
we have the lemma as follows.

Lemma 3.1. For a given w # 0 and (3, the optimal o to minimize the cost function
(2.17) is given by o = b - w, where

b=1+c¢/w R, w. (3.1)

~

Proof: For a given w # 0 and f, the minimization of the function f(w,a,f) is
equivalent to the minimization of the function

g(a) = ((w — a)"Ree(w — ) + ¢) /a"R..cv. (3.2)
Denote w = (R..)"?w and & = (R..)"?c, (3.2) becomes
g(e) = ([lw —all* + ) /lle*. (3.3)

Then, the first order necessary condition of g(&) is given by
8@(7{1) = 2(a: — wi)llef _?di(”fv —offf o) =0, i=1,...,ML.
0a; [lexf[*
Since the optimal & cannot be zero, we obtain
(v —wy)||&|]* = ai(||lw — &|* +¢.), i=1,...,ML. (3.4)
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Multiplied by @&; on both sides of (3.4) and sum up from ¢ = 1 to M L, we have

ML
(H@II2 - ZO@W) el = [lalf* (llw - all* +c) .

i=1
It can be simplified as
ML
lall* = auw; = [|w — al]* + ;. (3.5)
i=1

Multiplied by w; on both sides of (3.4) and sum up from i = 1 to ML, we have

ML ML
(Z & D; — ||w||2> &l = ([lw — &l +e) Y aw. (3.6)
i=1

=1

Substituting (3.5) into (3.6) yields

ML ML ML
(Z 1, ||w||2) Il = <||a||2 - Zc‘wi) D il
i=1 =1 =1

Then, we obtain
ML ML 1/2 ML 1/2
S =||w||-||a||=(za?> (Zw?) | 87
i=1 i=1 i=1

Since w # 0 and R,. is nonsingular, we have w # 0. Then, the equal sign of (3.7) is
true if and only if there is a constant b such that & = b - w. Without lost of generality,
we suppose that w; # 0. Then, (3.4) becomes

(b — D)o*w;||w||* = bw; ((b—1)*||w|]* +¢,), i=1,...,ML.

It can be simplified as

—1+e/||®|P=14+c/w Reew.

Furthermore, since R.. is nonsingular, it follows from & = b- w that o = b- w. This
completes the proof.
Hence, by Lemma 3.1, we only need to minimize the cost function

~

fw,B) = f(w,a", )
w R, w —2wTr, +r,— 3 (( cr
o _
(14 i)t \\TRc

wTRssw

2
) w R w + cr> +p

Cr BwTRssw

¢ +wR.w ¢ +wR. w

=(w R, w—2w'r, +r,.) (3.8)

Since 8 > 0 and wTR..w/(c, + wTRe.w) > 0, the optimal 3 is 8* = 0 and we have
< c

)= "R,;w —2w'r, )

f(w, ") = (w w—2w'r +r)cr+'wTR€€'w

Thus, Problem 2 is equivalent to a simplified problem as
Problem 3. Find the coefficients w, such that the cost function
(W R, w —2wTrg + 1.)

Flw) = ¢y + wT R w (3.9)

18 minimized.
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Problem 3 is an optimization problem and can be solved by any gradient based op-
timization algorithms. Basically, we can solve this problem very easily by some basic
matrix computations. For this, we denote

w=[-1w'", H(zx)=[s, H(z)|

Ro = ((HE@ HE), Ra= (G 5 )

Then, by ignoring the multiplier ¢,, the objective function (3.9) can be rewritten as a
simplified form:

U
Flw) = “’TR—“’ (3.10)
w ecW

To minimize the cost function (3.10), we first do the Cholesky factorization of R.. as

~

R..=U"U, (3.11)
where U is an upper triangular matrix. Denote
w = U’li], Rmx - (U_l)TRme_lv

then (3.10) is transformed into
Fw) = ————. (3.12)

Considering the cost function (3.12), the optimal value F* is given by the minimal eigen-
value of R,, and the optimal w”* is given by the corresponding eigenvector. Then, the
optimal w* and w* are given by

~

A K —1 ~.% —1 w
w =U w, ( *):_~*7
w w,

where w7 is the first element of w™.
Hence, we have solved this problem with some basic matrix transformations and it has
a very low complexity of computation.

4. Choice of Coefficient. From Problem 2 and Problem 3, we can see that these prob-
lems are formulated with a given weight coefficient ¢, > 0. However, what is the value of
a suitable coefficient ¢,? How to choose this value?

Basically, the coefficient ¢, varies according to the estimation noise level. If the intensity
of the estimation noise changes, the coefficient ¢, should also be adjusted. From the cost
function (2.9), we can see that when ¢, becomes larger, the weight of &, increases in (2.9).
Then, the vector g, should not be too large and ||e,||* becomes smaller. If ¢, — +o0,
it means that ||e,||* will approach to zero. Then, the total least squares problem is
equivalent to ordinary least squares problem. This can also be seen from the limit of the
cost function (3.9) as ¢, — +o0, that is,

(W R, w —2wTry + 7.)

lim F(w) = lim =
Cr—00 Cr—00 ¢+ wTR .w

=w R, ,w—2w'r, +r..

On the other hand, if ¢, — 0, the weight of €, decreases in (2.9) and ||e,||* can become
larger, while the other term ||n||* — 0.

Hence, the choice of a suitable ¢, depends on the intensity of the estimation noise. It
should never be a large number or it will approach to the ordinary least squares formula-
tion. Also, it should not be too small, or the fluctuation of ||e,||* will change excessively
and the solution may not be optimal. Then, a suitable ¢, is given such that the fluctuation
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of ||e,]|? is of similar magnitude to the intensity of the estimation noise. This can be seen

from the examples in the next section.

Basically, a best choice of ¢, can be obtained from a prior: information with calibration
data, that is, we can check the performance of many ¢, and choose the best one. Fur-
thermore, whether the choice of ¢, is good depends on the criteria of performance. For
different criteria of performance, the best ¢, can be different. That is, if the criterion of
performance with respect to w is g(w), the best coefficient ¢, can be optimized as

¢; = ming(w* (c,)),

where w*(c,) denotes the solution of Problem 3. Furthermore, the ¢ value also changes
if the estimation noise changes. This relationship can be seen in the next section.

5. Illustrative Examples. In this section, we apply the model to two examples, where
calibration signals are collected for the speech signal and the background noise. In the
first example, the signals are collected in a Volvo station wagon environment with a multi-
channel microphone array in a hands-free situation. An artificial talker was mounted in
the passenger seat to simulate a real person leading a conversation. The desired sound
source signal was created from a speaker’s sound sequence in a non-moving car with the
engine turned off. The background noise signal was created when the car was driving
at a speed of 110km/h. In the second example, the signals are collected in an anechoic
chamber where the speech signal and the noise signal are recorded separately.

In order to simulate the lossy nature in the wireless transmission of audio data, we
artificially add random noise to the calibration signals resembling the situation that part
of the signals are loss and restored mathematically. The proposed total least squares
method is used and is compared with the LS method described in [7] by designing FIR
filters with a filter length of 16. The computation is implemented in Matlab.

In the first example, the acoustic data was sampled with the rate of 12KHz and the
duration of these signals was 4 seconds. The initial SNR values for two channels are both
2dB and the corresponding initial segmental SNR values for two channels are —4.5812dB
and —4.5808dB. The SNR and segmental SNR values obtained by LS method and TLS
method are given in Figure 2. If the SNR criterion is used, the best coefficient ¢ is 0.0380,
where the SNR value can achieve 8.0945dB. If the segmental SNR criterion is used, the
best coefficient ¢ is 0.0380, where the segmental SNR value can achieve —1.7212dB.

SNR Total least square| | Segmental SNR Total least square
(B) = = - Least square (B) = = - Least square

35|

10' 10 10* 10°
Coefficient: ¢ Coefficient: ¢

FiGure 2. SNR and segmental SNR in Example 1

For the relation between the best coefficient ¢ and the estimation noise, we calculate
the best coefficient ¢ for different scales of €,. This relationship can be seen in Figure
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3, where the SNR and segmental SNR criteria are used, respectively. It can be seen that
the best coefficient ¢! decreases when the intensity of the estimation noise increases.

—— SNR criterion
08 Segmental SNR criterion

Value of the best coefficient
°
>

. . . N n
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45
Magnitude of the estimation noise

FIGURE 3. Relation between ||e,|| and the best coefficient ¢,

In the second example, the acoustic data was sampled with the rate of 8KHz and the
duration of these signals was 6 seconds. The initial SNR values for two channels are both
5dB and the corresponding initial segmental SNR values for two channels are —0.6490dB
and —0.6205dB. The SNR and segmental SNR values obtained by LS method and TLS
method are given in Figure 4. If the SNR criterion is used, the best coefficient ¢ is 0.0224,
where the SNR value can achieve 10.0737dB. If the segmental SNR criterion is used, the
best coefficient ¢ is 0.0355, where the segmental SNR value can achieve 3.3497dB.

T
Segmental SNR
(8)

SNR

Total least square
= = =|east square

Total least square
= = -Least square i

10" 10’ 10"
Coefficient: ¢ Coefficient: ¢

FiGURE 4. SNR and segmental SNR in Example 2

For the relation between the best coefficient ¢ and the estimation noise, we calculate
the best coefficient ¢} for different scales of €,. This relationship can be seen in Figure
5, where the SNR and segmental SNR criteria are used, respectively. It can be seen that
the best coefficient ¢! decreases when the intensity of the estimation noise increases.

6. Conclusion. A novel total least squares design of a broadband beamforming system
has been proposed. This problem is formulated as an optimization problem and shown
to be equivalent to a simplified one. The analytic expression for the optimal solution can
be derived. Compared with the ordinary LS method, this method can yield improved
performance both on SNR and segmental SNR with a similar computation complexity.
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051 =

— SNR criterion
““““ Segmental SNR criterion

0.4f

031

Value of the best coefficient

0.1f

L L L L
0.2 0.25 0.3 0.35 0.4 0.45 05
Magnitude of the estimation noise

FIGURE 5. Relation between ||e,|| and the best coefficient ¢
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