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ABSTRACT: A multi stage approach to speech enhancement methods improves the quality of separation over 

standard techniques such as spectral subtraction and beamforming. Two algorithms are implemented for convolut ive 

mixtures in two of the important stages of a speech enhancement system, the source separation stage and the 

background denoising stage. The CBSS separation network derived from the information maximization (Infomax) 

approach is adopted. The proposed CBSS chip design consists mainly of Infomax filtering modules and scaling factor 

computation modules. In an Infomax filtering module, input samples are filtered by an Infomax filter with the weights 

updated by Infomax-driven stochastic learning rules. For source separation, a blind source separation method based 

on second order statistics has been adopted whereas for background denoising, a method based on minimum statistics 

of subband power, has been used. An efficient real time algorithm for convolutive blind source separation of broad 

band signals has been realized, by exploiting the second order statistics and non-stationarity of the signals. Further this 

project is enhanced by using Baugh-wooley multiplier for latency reduction. BW multiplier is used instead of general 

serial multiplier for critical path delay reduction to improve latency parameter 
 

KEYWORDS: convolutive blind source separation, Infomax-driven, beamforming, denoising, subband power, Baugh- 

wooley. 

INTRODUCTION: In today's technological society, 

human computer interactions are ever increasing. In 

many  new  systems,  voice recognition platforms are 

implemented to give users more convenient ways of 

operating equipment and systems. For instance, 

dictating into your favorite word processing application 

is more convenient and efficient than typing. Vehicle 

manufactures have recently given thought of 

implementing systems which are handled by human 

voice   commands   such   as   activating   dash   board 

buttons. On the other hand, the increased use of 

personal communication devices, personal computers 

and wireless cellular telephones, has given rise to new 

innovative systems based on voice recognition systems. 

Such examples are checking bank balance, finding 

paths in big cities and checking transportation time 

table information using cellular phones. However, the 

performance of such systems degrades substantially in 

real life systems due to surrounding noise and other 

acoustic signals such as music, vehicular noise, and 

speech of other humans, being picked up by the 

microphones of mobile phones. Hence, it is crucial 

for the success of these innovative systems, that 

unwanted signals are separated, and only the required 

user's speech signal is fed into the voice recognition 

system. In this thesis, we try to contribute to solve this 

problem by verifying a BSS method based on second 

order statistics and making suggestions to improve the 

technique in real time systems. In mobile 

environments, speech enhancement can be conducted 

using two main building blocks. First, a blind source 

separation stage is adopted, followed by a background 

denoising process, to remove further noise included in 

the separated signal. There exist several methods to 

perform these two operations, such as conventional 

beamforming  and  single  channel  denoising 

techniques. The two methods we considered are the 

BSS based on second order statistics and background 

denoising based on minimum statistics. These chosen 

methods have been the basis for  several successful 

implementations that exist today and are considered as 

benchmarks in each category. The work of this 

thesis involves a general case of recovering convolutive 

mixtures of wide band signals with at least as many 

sensors as sources. More emphasis is given on the 

practical type of signals which are quite often non- 

stationary, and explicitly use the non-stationarity in the 

development of the methods. An efficient solution to
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the  permutation problem of  the  frequency domain 

algorithm is introduced, which are dealt with in more 

depth in other proposals. The two main processing 

blocks are evaluated, the BSS process and the 

background denoising process. However, more 

emphasis is given to the BSS process, since carefully 

implemented, the background denoising can also be 

incorporated within the BSS process. Experiments are 

carried out separately for BSS and background 

denoising methods using a two microphone setup. A 

number of single or multiple microphone based signal 

processing algorithms have become popular when 

performing speech enhancement in real world 

applications. They often use a combination of a 

probabilistic frame work with statistical models of 

desired speech signal and spatial information about 

signal mixtures, by using an array of microphones with 

a know geometry to suppress interfering signals, which 

is also known as beamforming [12]. In recent years, 

much attention has turned towards blind source 

separation. When referring to “blind”, the meaning is 

that both the sources and the mixtures are unknown 

and only the recordings of the mixture are available. 

The art of separating source signals by observing only 

the   mixed   signals   is   known   as   Blind   Source 

Separation. Blind source separation can be considered 

as an alternative to beamforming. Source separation 

aims to separate a set of signals from a set of mixed 

signals. The signal mixing process can be modeled in 

two  different ways, i.e. instantaneous mixing model 

and convolutive mixing model, which are described 

below. 
 

VLSI BLIND SOURCE SEPARATOR 

Fig. Block diagram of the proposed CBSS chip that 

contains four Infomax filtering modules, two scaling 

factor computation modules, and a D-term unit. Two 

CSAs are used to sum up the Infomax filtering outputs 
 
Fig. shows the block diagram of the proposed CBSS 

chip. The CBSS chip consists mainly of two functional 

cores: Infomax filtering module and scaling factor 

computation module. Additionally, the Infomax 

filtering outputs are summed up using two small carry- 

save  adders (CSAs). The  current prototype chip  is 

used for two sources and two sensors by adopting four 

Infomax filtering modules and two scaling factor 

computation modules. 
 
VLSI ARCHITECTURE FOR INFOMAX 

FILTERING MODULE: 
 
Fig. depicts the CBSS separation network, which 

contains four causal FIR filters. These filters are 

adaptive because their tap coefficients are altered by 

stochastic learning rules derived from the Infomax 

approach and are thus referred to herein as the 

Infomax   adaptive   filter   or   the   Infomax   filter. 

Equations (8) and (9) describe the stochastic learning 

rules to adjust the Infomax filter weights. Assume that 

the filter length of the Infomax filter is L, in which the 

stochastic learning rules can be written in matrix as 
 

 
 
 
 
In above , the stochastic learning rules for zero delay 

weight is nearly the same as those for nonzero delay 

weights, except for an extra added term d0 ij (t). 

Therefore,  our   designs  for   all   of  the  weighting 

updating are in  the same manner. Inspired by  the 

architecture of the delayed least mean square adaptive 

filter [1], [2], the proposed Infomax filtering module is 

exemplified  with  six  taps  in  Fig.  In  the  Infomax 

filtering module, an input sample passes through lower 

and upper register chains. The input samples passing 

through the lower and upper register chains are 

multiplied with filter weights and scaling factors, 

respectively.
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Fig. Example of the proposed Infomax filtering 

module. The multiplication results of all of the taps 

are accumulated by a two-stage summation. 

 
The multiplication results of all of the taps are 

accumulated by a two-stage summation. The first stage 

adopts carry lookahead adders to generate the 

intermediate  addition  results  for  multiplication  of 

every two successive taps. The second stage sums the 

above   intermediate   addition   results   by   using   a 

carrysave addition scheme. A CSA can accept more 

than two data inputs. As this CSA may accept many 

intermediate addition results, reducing the critical path 

as low as 1Ta + 1Tm can be achieved by partitioning 

this CSA with pipeline registers. Here, Ta and Tm 

denote the critical paths of the carry look-ahead adder 

and multiplier, respectively. In Fig, k pipeline registers 

are assumed to partition the CSA. 
 

BAUGHWOOLEY MULTIPLIER: 
 

 
 

For many applications signed multiplications are 

needed and consequently an unsigned multiplier is of 

limited use. In this section a twin-precision multiplier 

based on the Baugh–Wooley (BW) algorithm will be 

presented. The BW algorithm [13] is a relative 

straightforward way of performing signed 

multiplications. Above figure illustrates the algorithm 

for an 8-bit case, where the partial-product array has 

been   reorganized   according   to   the   scheme   of 

Hatamian  [14].  The  creation  of  the  reorganized 

partial-product array comprises three steps: i)the most 

significant partial product of the first rows and the last 

row  of  partial  products  except  the  most  significant 

have to be negated, ii) a constant one is added to the 

th column, iii) the most significant bit (MSB) of the 

final result is negated. 

 
RESULT: 
 

 
 
CONCLUSION: 
 
In this brief, an efficient VLSI architecture design for 

CBSS has been presented. The architecture mainly 

comprising  Infomax  filtering  modules  and  scaling 

factor  computation  modules  performs  CBSS 

separation network derived from the Infomax 

approach. In this paper we considered the problem of 

convolutive BSS, and proposed the minimal filter 

distortion (MFD) principle to avoid the filter 

indeterminacy in the output and improve the 

separation results.  It makes the filter distortion in the 

estimated mixing procedure as weak as possible, and is 

implemented by the least linear reconstruction error 

constraint of the separation system.
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