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ABSTRACT

This paper describes the achitedure of a single dhip aoustic
edho cancdler and ndse filter for full dupex hands free
communicaions.

To ou knowledge the CENS90200 is the first ASIC to
diminate the aoustic eo by using cross pedra estimation.
This approach is much more robust against the environmental
noise typicdly found in an hands free (eg. automotive)
environment than the usually employed class of "Normalized
Least Mean Square” (NLMS) algorithms.

Additionally a noise filter reduces the background nase by
using spedral minima statistics and dffusive gain fadors.

These alvanced algorithms have substantial greder
computational performance reguirements than their traditional
courterparts. A highly portable achitedure is presented that
meds these requirements at low clock to sample frequency
ratios. It combines diredly hardware mapped agorithms and a
purpose build processor optimized for spedral signal processng,
thus making alow cost, single chip implementation pcsble.

1. INTRODUCTION

A typicd operation environment of an acoustic eto cancdler
(AEC) and ndse filter (NF) is own in Figure 1, where a
speker at the "far end' communicaes over a network with a
person wsing a hands free(car) kit at the "nea end".
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Fig. 1. Typicd operation environment

There aloudspeaker plays bad the signal Is(t) receved from the
far end spe&ker. This generates amustic edoes whaose
charaderistics are determined by the unknown awustic
properties h(t) of the loudspeaer-room-microphore system.
Therefore the microphore signal mic(t) does not only contain the
desired speed signal S(t), but also the unwanted acoustic edoes
h(t) % Is(t) and the environmental noise n(t).

mic(t) = s(t) + h(t) *Is(t) + n(t) (2)
The main task of an AEC isto determine h(t). All other AEC
chips known to us use a NLMS type of stochastic gradient
descent, which has a very low computational complexity, but is
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also sengitive to disturbances from s(t) and n(t) [1,2,3].

2. AEC AND NF ALGORITHMS

This dion gives a brief outline of the dgorithms used by the
chip. First, the computation d the outgoing microphore signal
MiCyean(t) is described, followed by the edo peth and ndse
estimation agorithms.
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Fig. 2. Overview of the AEC and NF algorithms
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2.1. Computation of the outgoing microphone signal

All signal procesdng of the dip takes placein the frequency
domain. The incoming signals mic(t) and Is(t) are mnverted
into their correspondng periodograms MIC,,(f)and LS,.(f)
by asingle 256 pant Fast Fourier Transform (FFT).

The estimated echo peth H,,,(f) is used to caculate and
subtrad the estimated amustic edio H,,,(f)LS,(f) from
MIC,,4(f). The dtenuation fadors AF,,(f) from the noise
estimation are then applied to filter out the environmental noise.
An attenuation fador AF,,( f,) refleds the noise portion o the
signal mic(t) at the discrete frequency f,, i.e. AR (f,) =1, if
no naseisdeteded at f,.

Finaly the outgoing signal MiCyean(t) is reconstructed from
the deared spedrum by an inverse FFT in a combination with an
overlap-save scheme.

The passthrough time of mic(t) in samples is determined by
the length L of the FFT window, the overlap O between two
conseadtive windows and the processng time PT .

t.=L/2+(L-0)/2+PT 2
The dhip uses L =256, O =128 and PT =53.
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2.2. Cross spectral estimation of the acoustic echo path h(t)
Clasdcd cross gedra estimation [4] is used to provide a
frequency domain estimate H,,.(f) of the unknown amustic

edcho peth h(t):
CSricss () = MIC,055(f) (LS. * ()
CSriess (1) = LS (1) LSy () @3)
CSm‘c,Is( f )
Hypp(f) =———=
was(f) CSias(f)
MIC,,,5(f), LS,s(f) arethe periodograms of the microphore

and loudspeer signals, respedively and the asterix denotes
complex conjugation.

The periodograms are updated every 1024 samples from
2048 sample long segments of mic(t) and Is(t) using a single
FFT. A "Hann" window is applied to ead periodogram by
reducing every frequency bin by the aithmeticd average of its
two neighbas. Reaursive averaging yields the aoss pedra
estimates CSwicis(f) and CSisis(f) from which H,,(f) is

direaly derived.
H,.s(f) could theoreticdly be used to estimate the aoustic

edo as H,,(f)ILS(f). However this etho estimate
couldn't be gplied to the periodogram MIC,,(f) of the

outgoing microphore signal because the two periodograms have
different resolutions (1025 vs. 129 dscrete frequencies). It is
not feasible to incresse the resolution d MIC () by

increasing the FFT length, as this would lead to a longer pass
through delay (see guation (2) ). On the other hand, the edo
path estimate H,,,(f) shoud be based onan FFT as long as

possble to reducethe bias of the etho peth estimation.
The straightforward solution would be to convert H,,.(f)

into its time domain representative h,gsdt) and convolute this
with Is(t) to estimate the aoustic edo. However, this
convolution would involve aound 1100real accesses to Is(t)
and hposdt’) for every incoming sample. This bandwidth cannat
be provided even when separate memory blocks would be used
for hypadt) and Is(t), given the dock to sample frequency ratio of
1536and atwo cycle memory access €heme.

Therefore the resolution o H,,,(f) hasto be reduced from

1025to 129frequency bins. This is achieved by convoluting
H,s(f) with the truncaed "leskage” function If (i) for every

of the 129 cestination frequency binsof H,,,(f).

Hio(1) = 3 Huos(f, + DI, n=0.120 (4

The loudspedker signa Is(t) has to be digned with its
aomustic edo in the microphore signal mic(t) to reduce the bias
of the aoss @edral estimate CSnicis(f). The optimal
alignment is achieved by delaying the loudspedker signa up to
1024 samples in relation to the microphore signal, so that the
pe& of the time domain crosscorrelation function o mic(t) and
IS(t) is at zero lag [4,5¢9.3.3]. This crosscorrelation function
is updated every 8192 samples with an 2048 pint IFFT from

C_Sm’c,ls( f ) .

2.3. Noise estimation using spectral minimal statistics and
spectral diffusion

The Noise filter processes only the 129 radiuses R(f) of the
microphore spedrum. It assumes that the anourt of noise in
ead R(f,) is represented by the minimum R, (f,,T) of R(f,)
during the preceding period T , as during noise freespeed eath
R(f,) would become zeo from timeto time.

The noise estimates obtained by this assumption are generally
too low, espedaly for a higher overal noiselevel | . Therefore
they are increesed by an overestimation function c(l). These
overestimated ndse values c(l) R, (f,,T) neel to be limited
acording to a minimum control function d(I) to prevent the
suppresson d low energy phoremes. The overal effed of the
nonlinea feedlbadk c(I) and d(l) is to baance noise
suppresson against the generation o undesired musicd tones.

The resulting noise estimates are dgebraicdly converted into
atenuation fadors AF__(f) and spedraly diffused which

pre
grealy reduces the remaining musica tones.
A (f)=1- NoiseEstimate(R( f))
" R(f) .
(1) e A5ne() ©
C—
df
Findly the d@tenuation fadors are used to remove the estimated
noise from the microphore signal.
Ruen () = R(F) AF,(f) (6)
Detailed descriptions of the aoustic edo cancdlation and ndse
filtering algorithm can be foundin [5,6].

AF,(f) = AF

pre

3. SYSTEM REQUIREMENTS

3.1. Design goals
The primary design goals were to achieve maximum portability
and alow clock frequency.

The dgorithmic portion (core) of the design can be integrated
as an IP Block into amost any design regardless of the
underlying processtechndogy. Thisisadieved by using afully
synchronots design style and by minimizing the dependency on
hard maaos. The only hard maao type used by the mre ae
single ported static rams (spsram). Every access to a spsram
lasts two complete dock cycles. Furthermore, al inpus and
outputs of a spsram are diredly buffered by logic registers.
These measures demupe the timing of the spsram completely
from that of the synchronows core, making it posshle to use
amost any type of spsram without modifying the cmre. However
they adso hring with them a low memory throughpu (0.5
access/clock cycle) and along accesslatency (4 clock cycles).

These ae serious limitations given that one sample period
lasts only 1536 clock cycles. This clock to sample frequency
ratio was dictated by the avoidance of an nonportable analogue
PLL in conjunction with the availability of cheg crystals below
20MHz for the sandardized sample frequencies fs of
8000i/1102FHz. The resulting clock frequencies are 12.288
MHz and 169344MHz, respedively.

3.2. CENS concepts vs. traditional DSP ar chitectures

The reguirements detail ed above prohibit the use of a traditional
DSP architecure which operates on acaimulator registers and
fetches most operands from memory. Although this optimization
for streaming multiply and acamulate (MAC) operations makes
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it ided for the FFT algorithm, the other, much less regular
portions of the NF/AEC agorithmswould be exeauted extremely
slowly, as their intermediate results would have to be kept in the
slow memory.

More avanced DSP architedures aleviate this issue by
adding more registers with an associated ALU, in effed creding
a procesor with two computation urits. However most of the
time one of these units tends to be idle, because it is amost
impossble to interleave aMAC based algorithm such as an FIR
filter with an algorithm utili zing the other exeaution urit(s).

Therefore the achitedure of the CEN90200 distributes the
exeadtion d the dgorithm to three units which can operate
independently from ead ather: The FFT unit contains the MAC
modue of the chip. The noisefilter is aso hardware mapped as
its exeaution time dso dredly effeds the inpu to ouput delay.
A procesor spedficdly optimized for spedral signal processng
(SPU) exeautes the remaining operations, including the AEC.

Thus al parts of the dgorithm which require streaming
memory accesses and/or MAC operations are hardwired and thus
can make maximum use of pipelining to "hide" the slow spsram
timing. The lessregular parts of the dgorithm are decoupged
from the ow memory by spedal feaures of the SPU.

4. SYSTEM ARCHITECTURE

4.1. Overview
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Fig. 3. Architedure of the CENS90200ASIC

The two incoming audio signals mic(t) and Is(t) are sampled by
the two integrated 14 Bit analogue to dgital converters (ADCs)
or digitally receved via an 12S interface The inpu buffer aligns
Is(t) with mic(t) and dvides them into segments of 256 and
2048samples ead.

These segments are then processed by the FFT, SPU and
noise filter units. The SPU and the FFT unit acces their
memories over a aossar in a unified address pace to alow an
exchange of datawith zero overhead.

The resulting micyean(t) and the unchanged Is(t) signals are
outputted simultaneously by two integrated 14 Bit digital to
analogue mnverters (DACs) and an digital I2Sinterface

Additionally a periodagram of micCye(t) is transmitted every
128samples by a synchronouws srid interface It consists of 129
radiuses and 129 plases, ead having 16 ht resolution. This
spedral output can be used dredly by most automatic speedh
recognition algorithms. The pre-processng of the CENS allows
asimple ASR implementation onalow cost micro controller.

4.2. Architectures of the FFT unit and the noise filter

Both unts are hardwired implementations of the wrrespondng
agorithms.

The FFT unit uses a dedmation in frequency (“Sande-Turkey")
type of algorithm to compute the (inverse) discrete Fourier
transform. A block exporent is utili zed to increase predsion. A
2562048 pant complex (I)FFT is exeauted in a maximum of
15,885170,817 clock cycles. These exeaution times include the
in placebitrevers reordering.

The naisefiltering unit exeautes most stages of the NF algorithm
(minimum statistics to spedral diffusion) in parale, with a
different Radius R(f,) in every stage. It requires a maximum of

12298clock cyclesto processall 129radiuses of R(f) .

4.3. Architecture of the spectral processing unit

The spedral procesgng unit performs all (spedral) computations
not covered by the FFT or noise filtering units. It is basicdly a
RISC style three aldress machine with a load/store achitedure
with spedal feaures for spedral signal processng.

registerfile
i 2 Yy
| load/store || fixed <=> float

v to memory [
Fig. 4. The spedral processng unit (SPU)

An arithmeticd-logicd unit (ALU) operates on any three
registers sleded from a register file. Each operation lasts one
clock cycle and can be exeauted in paralel to a multi cycle
divison. The incluson o a dedicated dvider refledas the
prominence of divisionsin spedral agorithms. On average, the
divider is adive during ailmost half of the tota time the SPU is
operating.

The load/store unit can simultaneously transfer up to two
values between a memory locaion and the register file. During a
transfer a fixed to floating point conversion (and vice versa) can
be performed. This alows the adoss pedrumsto be stored in a
21 hits wide memory. Otherwise their dynamic range would
require awidth of 36 hit.

The register file mntains 24 dredly addressable registers
with widths ranging from 36 to 20 hits. Eight registers can be
paired into four FIFO register pairs (e.g. rOa, rOb). Loading a
new value into rOa will update rOb with r0a. Thisis very useful
in iterations, where the results of the previous iterations are
accessd (e.g. in spedra hanning):

iterate{ res(i) = f (res(i —1),res(i —2),...)} @)
Withou this FIFO structure the iterations would require dther
more g/cles due to register transfers or very long "unrolled”
loops.

Thirty-two coefficient registers are indirectly addressable by
adedicaed register. This addressregister can be incremented by
avaue during every accessto a mefficient registers. This makes
multiple @nvolution very efficient, making it posdble to
perform the spedral reduction with a single pass through
H,os(f) (see guation (4)). The wefficient registers are set to

If (i) . The indired addressng scheme diredly generates the
eight shifted sequences of If (i) required to compute eght
H,,(f,) in paralld.
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The oontrol unit stores and exeautes the dgorithms. The
instructions of the dgorithms are not fetched from a ROM, but
hardwired in finite state machines (FSMs). Eadch date
corresponds to ore instruction exeauted by the SPU during a
clock cycle. An instruction consists of individual commands for
all exeaution urits of the SPU. Multiple commands for one
exeadtion urit may be stored in a single state, one cmmand is
then seleded based on flags st by the precaling instructions.
This concept brings the foll owing benefits:

e Extremely high protedion d the dgorithm against
disclosure, even from the @mpany manufaduring and
testing the chips

e Padld, independent operation o al units (100%
orthogonad command set). The SPU can simultaneously
initiate in every clock cycle: An arithmeticd operation, a
division, an immediate load of a mnstant, aload/store with
a float to fixed conversion and a @ndtiona (subroutine)
jump

¢ No cycles lost due to program flow control: Zero cycle
conditional jumps, subroutine cdls, and deeply nested loops

« No ROM hard maao used, the 2 cycle memory access
scheme doesn't affed the aithmeticd performance

The size of the @ntrol unit's FSMs compares favorably to a

ROM having lessthan half the required width:

FSMs ROM
total number of states/ entries 423 512
combined width of all outputs >80 40
size[nand2equivaents) 4100 4370

The obvious drawbad of the FSM based architedure of the
control unit is that a new algorithm would require cnsiderably
more new masks than anew ROM, and aso arepeded run o the
logic synthesis, P& R and asociated verification scripts.

To summarize, the inherent parall elism of the SPU allows to
fully "hide" the program flow control and access to
memory/constants for a wide range of algorithms. At the same
time the simple, fully orthogonal programmer's model of a RISC
like machine simplifies their implementation and modificaion.
This makes the SPU a good middle ground ketween a fully
hardwired a gorithm and a ROM controlled DSP.

5. MEASUREMENTSAND RESULTS

The delay impased onthe microphore signal mic(t) is always
245 samples periods long. Only 53 sample periods are caised
by computations, the remaining 192 are adired result of the
overlap-save scheme @plied to the incoming and ougoing
signals (see guation (2)).

The following performance measurements were made using
the analogue infoutputs with a sampling frequency of 110251z
The aoustic eto cancdlation for red recordings made in an
automotive environment is typicdly around 15db This is an
average adieved wsing only speed as Is(t) and withou any
form of attenuation o S(t). The noise reduction was measured
by filtering human speed signals which had various noises
artificially added to them:

Noise Type F16 Factory Pink
Input SNR  [db] -6 -9.96 -10.33
Output SNR [db] 078 -2.75 -1.92
SNR improvement [db] 6.78 7.21 841

The smallest clock to sample frequency ratio the chip can
handeisabou 145Q A standard DSP (Texas Instruments C54x
clasg with a zeo wait state memory requires approximately a
ratio of 1700for the same type of AEC/NF algorithm, but with
the following limitations: The length of the DSP's AEC FFT is
only 1024 instead of 2048 pants, no echo ddlay cdculation is
performed and the resulting Hs.«f) is neither reduced to 129
radiuses nor used to subtrad the edo.

A comparison with athers AEC/NF ASICS [1,2,3] is given
below:

Name CENS Cs M SM PSB

90200 6422  7731-02 2170
fck [Mhz]  1229/16.93 2048 192 =17/ 3456
i[mA @V] 34/43@33 60@5 35@30 =30/50@3.3
fs[kHz] 8/11025 8 8 8
max AEC 128+128/ 635 59 50-129/ 96
length[ms] 928+ 928

The CENS90200 las been mass produwced in a 0.35um 3
layer metal CMOS process The die size is 36mn? and the
primitive logic gate murt is 81,516 rand2gate ejuivalents.

Fig. 5. Diephao of the CENS90200
6. CONCLUSION

A highly portable and efficient architecdure was presented which
makes a low cost, single chip implementation o advanced
spedral AEC/NF algorithms possble.
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