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ABSTRACT
The problem of speech coding of sounds obtained from
several microphones is adressed here. In view to

improve the coding performances by accounting for the

coupling that exists among the microphones, a

multichannel linear prediction approach is proposed.
Encoding of the linear prediction coefficients from
multichannel reflection coefficients is presented. In
view to extend the concept of LSP representations to
the vector case, some results about the multichannel
line spectrum decompositions are mentionned. The
relevance of the multichannel approach is discussed and

checked on simulations and real signals.

1. INTRODUCTION
The problem of multichannel audio coding, which
occurs when several microphones are used, appears in
some situations where the signal must be stored or
transmitted. Stereo music or audio conference signals
coding are classical cases where this occurs.
In such situations, people generally consider the
obtained on each channel

signal independently.

‘However, it is well known that there often exists some

correlation of the signal, not only on each channel, but »

also among the different channels. Many works address
the problem of channel redundancy suppression, but to
our best knowledge, - inter-channel redundancy
suppression has never been studied. This paper presents
a few elements to solve this problem.

For long, in the field of channel redundancy
suppression, much work has been devoted to speech

coding by means of linear prediction (e.g. [ata-sch]). In
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particular, it is widely used in digital telephone systems,
where it as proven its technical and economical
reliability. In particular, the existence of fast algorithms
has permitted the real time implementation oflinear
prediction calculation.

However most of these algorithms also admit
complex multi-channel versions (e.g. [whi]). Therefore,

when two or more microphones are used, we propose to

use a vector representation of the information. Then, -

sound linear predictive coding can be performed from
these signal vectors. _

As it is well known in scalar predictive coding of
sounds, direct encoding of the prediction coefficients is
not the best way to proceed since they may have a wide
of wvariation. Instead,

range equivalent sets of

coefficients are encoded. In particular, the reflection

coefficients, the modulus of which is less than one, or

the Line Spectrum Pair (LSP) coefficients [ita-sug],
which are the angles of the sinusoids obtained when
using a purely deterministic model of the spectrum are
currently used (in fact, the cosine of these angles, which
is in [-1,1], is generally encoded). /

A muitichannel version of the reflection coefficients
can be obtained in the vector case [del-gen-kam]. On
another hand, the concept of line  spectrum
representations, from which the LSP encoding is
derived, cén be extended to the multichannel case [tis].

In this paper, we first recall -the multichannel
version of the Levinson aigorithm. Then, we recall how
thé matrix reflection coefficients can be obtained, and
we briefly present their connection with the

multichannel line spectrum decompositions. In the last
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section, we illustrate the relevance of the multichannel
approach for speech coding, and discuss some possible

practical uses of it.

2. LINEAR PREDICTIVE CODING

Let y{m) be the signal observed on the k* sensor
(k=1,p) at time m. In the séquel, we denote by
R&=E[p(m+k)y(m)"] the correlation coefficients of the
vector signal y(m)=[ y,(m),..., yp(m)]T . Also, we denote
by 7, and 7’ the size (nt1)px(n+1)p bloc Toeplitz
matrices with general term [7,];/~R;;, and [T,’];= Ry
(ij=0,n). Thén, we define the pxp matrices A, Ans, ---
Ann and Buo, Buis .oy Bun, With A,0= B,o=f as the
respective solutions of the forward and backward linear

prediction problenis

Minly(my+ X Lym-b)f

” . k=1n
Min||y(m)+ 5 LLy(m+ k)| 1)
prLp k=1n

respectively, with [lXszE[XT X]. Equivalently, they
satisfy the linear equations ’
[ 4, . A 1T =[13s, 0,0, O]
and [L B, .., B' 1T, =[1},0,.,0] 2)
where [, are the prediction error matrices at the order
n. From these expressions, it is poésible to derive the
mutichannel version of the Levinson recursion [whi].
Let us write it in the a polynomial form; to do this, for a
€t L1, oevs L,,,,,,,) of px p matrices, we denote L,(2)=2"+
X ,Fl,mLm,kz”*k; LNm(z)z Z"Lo(1/2), and im(z)z [Zm(z)]T.
Then, the recursion can be written asfollows
Ao(z)=Bo(z)=], Ip=1p.=Ry, and form=>1,
ED)) =00l mar1Ami,
A i(2) =2A40(2) - B, (2) T, G
Bued(2) =2Bul?) — A (2) T L,
1ﬁ(m+l);:rm+ - a,{m 1_.’;_1 Am+1
Timty =T = et Ty gy ©)
Let us rémark that as in ihe scalar case, the

correlation coefficients of the process are not known
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and they must be 'estima_ted. The empiric estimate

supplies estimates of the coefficients Ry in the form
Re= 752 cway(k+Dy(1)", where N is the

number of samples available (N>>p). Unfortunately,

the corresponding covariance bloc Toeplitz matrix may

fail to be positive definite. A possible approach to solve k

this problem is to perform the linear prediction by
means of a vector version of the Burg algorithm, which
yields a prediction errdr filter (P.EV.F.), * the
corresponding correlation coefficients of which define a
positive covariance matrix [str].

Remark : we assume here that 7,>0 which is verified
in practice whence there exists a spatially white
component of the noise on each microphone (e.g.

electronic noise in the microphones)

3. MATRIX REFLECTION COEFFICIENTS
From [del-gen-kam], letting M,, and N,, matrices
such that 17, =M} M,, and I},'=N,N", and defining
the polynomials Pu(z)= Mu[2"+ 21 ndL,2™", and
On2) = [ Zktm Bmx Z™"1N,, the Szego-Levinson
recursion can be rewritten in the form
Po2)=0u2)RoI ™
(I=Ene1 B ) Py (2)= 2P 2) = Eop1 O,,(2)

Owet(2) -EL | B )= 200@) ~B, (D Eaes (&)

where the matrix reflexion coefficients of the sequence

TNm

(Rm)ion are given by Eo= Ry, and E,= -Mna,,
(m>0). .

Obviously, the . knowledge of the (En)mo,. is
equivalent to that of (Ry,(Ampi=1,.). Furthermore, the
matrices E,, are contractive, i.e. ELIE,,SI. Quantizing
the £, in a way that pr'esefves this property ensures the
stability of the decoding filter. Thus, the coefficients of

E,, represent an attractive alternative for encoding the

P.EF.
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18 small, it is reasonable to expect good results when
- performing a linear vector prediction of the signals
located in the same bandwith after the subband
decomposition on the different microphones, even if
they are not close from each other.

On Figure 3, the erfors of prediction are represented
for a stefeo music signal taken from a CD. Somé
improvement is bbtained with the multichannel
approach, despite the high bit rate (44,1kHz) and the
restrictions mentionned here above. This can be
explained by the fact that here the two channels are not
directly the outputs of two microphones, but mixed
versions of the outpﬁts of a set of microphones

For stereo signals, one might suggest to perform
linear

scalar prediction of the complex

signal
yi(nytjyz(n). However, we checked that in practice (Fig.
3) this approach yields bad results. This is due to the
fact that the complex scalar prediction coefficients can
Be seen as a very restricted subclass of the set of 2x2
matrices (i.e. product of a rotation by a rezﬂ constant),
that cannot represent in a satisfactory way the

correlation (or the uncorrelation) between y,(n) and

y2(n) in all cases.

6. CONCLUSION
We have described some tools of interest to perform
multichannel linear predictive coding of sounds. We
have shown that they can significantly. irﬂprove the
compression ratio compared with independant ehcoding

of the different channels.
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