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Abstract 
 
This paper presents a speech enhancement method for personal communication where the input 
signal is divided into a number of sub bands that are individually and adaptively weighted in 
time domain according to a short term SNR estimate in each sub band at every time an enhanced 
noise reduction method. The input signal is divided into a number of sub bands that are 
individually weighted in the time domain according to the short time signal to noise ratio 
estimate (SNR) in each sub band. Instead of focusing on suppression of the noise the method 
focuses on speech enhancement algorithms. The method has proven to be advantageous since it 
offers low complexity, low delay and low distortion. There working of AGE in modulation 
frequency domain with the use of a convex optimization demodulation technique. The 
performance of the modified AGE is compared with the traditional AGE and another modulation 
frequency domain AGE based on demodulation using the spectral center-of-gravity used 
performance measures are Signal to Noise Ratio Improvement (SNRI). 
 
 
Keywords:   Adaptive gain equalizer, Noise reduction, Modulation and Convex demodulation, 
Speech enhancement. 
 

I. INTRODUCTION 
 

The Adaptive gain equalizer (AGE) is a time domain speech enhancement algorithm in which 
the speech signal is amplified based on signal-to-noise (SNR) estimates in sub bands. A signal is 
divided into sub bands for calculation of a gain which is independent for each band. The 
algorithm has shown advantages over contemporary techniques because of its low complexity 
implementation no requirement of voice activity detector and has no presence of musical noise 
[1]. Different types of background noise corrupt the otherwise clean speech signals in everyday 
communication. A phone call can be disturbed by a variety of noises present nearby ranging 
from computer fan noise to factory noise. 
                                                            There are a wide variety of context in which it is desired to 
enhance speech. The objective of enhancement is usually to improve the overall speech quality 
to increase intelligibility and to reduce listener’s fatigue etc. In this paper, the specific goal we 
attempt to attain is to increase output to input SNR gains which is defined as the ratio of the 
output SNR to the input SNR. A very important application for speech enhancement is in 
conjunction with speech compression system. Because of the increasing role of digital channels 
coupled with the need for encrypting of speech and increased emphasis on integrated voice data 
networks speech compression system based on speech production model is destined to play an 
increasing important role in speech communication system.  
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It is generally agreed that the performance of current speech compression systems based on the 
speech LPC model degrades rapidly with the presence of additive noises. In this situation, it is 
desirable to enhance the noisy speech in the preprocessing stage [2]. An enhanced version of a 
speech signal is useful for speech recognition applications, mobile communication and coding 
etc. The Kalman filtering based speech enhancement has several advantages over other speech 
enhancement methods e.g. speech production model using Linear Predication (LP) inherited to 
Kalman filtering modeling [3]. Many speech enhancement implementations of today are either 
digital or analog. Digital solutions are often superior in time to market price per unit structured 
and powerful development tools, flexibility, high degree of reconfiguration, robustness, the 
ability to use a Digital Signal Processor (DSP) for many tasks and the possibility to handle high 
complexity algorithms [4]. This many advantages digital solutions might suffer from limitation 
in signal bandwidth, limited number of operations per second and quantization errors. The 
drawbacks of digital solutions could be minimized by using high speed DSPs and longer word 
length. However, such preventive measures are likely to increase the total power consumption as 
well as the total price per unit.  
High signal bandwidth, continuous time signal processing, no quantization of data, and lower 
power consumption as opposed to corresponding DSP based solutions. On the contrary, analog 
solutions might require expensive simulation and design software and suffer from long time to 
market. Moreover, since analog solutions tend to be static, reconfiguration of analog solutions 
constitutes a troublesome task. Many speech enhancement algorithms require so called Voice 
Activity Detectors for identification of speech activity. The speech activity detection in turn 
controls the activity of the speech enhancement algorithm.  
Speech enhancement algorithms are often applied in hand held battery powered applications e.g. 
microphone front-ends it is of highest importance to optimize the power consumption for battery 
life time. Speech enhancement algorithms should be flexible, versatile and adjustable to different 
scenarios. Furthermore, the algorithms should be adaptive, robust and of low complexity with a 
high level of speech enhancement quality and performance. AGE in modulation domain is 
mainly the ambiguity associated with the demodulation process of having unlimited number of 
possible modulator-carrier pairs. Moreover, proven ability of this method for efficiently 
demodulating a variety of carriers such as harmonic stochastic and time-varying ones further 
justifies its usage. 
 
 

II. DEMODULATION 
 

There are a number of approaches to solve the demodulation problem. A classic method for 
demodulation is Hilbert envelope detection. This process simply assumes the modulator is the 
magnitude of the analytic signal. This method certainly returns a valid decomposition from a 
purely mathematical [2]. A spectrogram is a type of demodulation because the magnitude 
coefficient of each channel of the filter bank gives a down sampled energy estimate over time. 
This method is familiar easy to implement and it allows for a great deal of versatility, by 
intelligently choosing the parameters for the spectrogram (i.e., narrowband versus wide-band) a 
wide range of decompositions are possible. However, this method is subject to the same time 
frequency tradeoffs that any spectrogram encounters where increasing resolution in one 
dimension decreases resolution in the other. A simple way to address the time-varying nature of 
the speech is to view it as a direct concatenation of these “short time” segments each segment 
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being individually represented by a linear AR model. Excitation sources are respectively 
periodical impulses for voiced speech and white noise for unvoiced speech. Alternatively, we 
can approximately use the white noise excitation sources for all speech sounds both voiced and 
unvoiced [1].  
Kalman filtering method is undoubtedly more complicated computationally. Matrix-vector 
multiplications are needed at each iteration resulting in an O (p2) number of operations [3]. 
Interesting point is that for each segment error covariance and Kalman gain matrices reach a 
steady state value after a few steps. After that point, steady state gain value can be used for the 
rest of the segment. Thus, a large saving in computation can be achieved demodulation divides a 
signal into its modulator m (t) and carrier c (t). In this context, the original signal is the product 
of the two components. 
Following is a brief description on one of the methods used for coherent carrier detection which 
is also used in this work apart from convex optimization demodulation process. 
                           

• Spectral Center of Gravity Carrier Estimation: 
 

The demodulation framework works on sub-bands, the filter bank divides the speech signal into 
sub-bands demodulation process decomposes each sub-band into its carrier and modulator 
components. 
 
Sub-band Instantaneous Frequency: The first step in calculating the carrier is to detect the 
instantaneous frequency Wk (n) of each sub-band. 

                                                                                                                                                                                    
Sk(w, n) = ∑ g(p)p xk(n + p)e−jwp                                                                 (1) 
 

                                                             
Where g(p) is a window function (hamming window of length 128 is used for this experiment). 
Center of Gravity (CoG) estimation of wk(n) is given by: 
 

wk(n) =
∫ w|Sk

π
−π (w, n)|2dw

∫ |Sk
π
−π (w, n)|2dw

         (2) 

     
 
The phase ∅k(n) of the carrier is computed as follows 
                                                                                                                                                     

                         ∅k(n) = �wk(p)
n

p=0

                   (3) 

                   
The carrier ck(n) is 

        ck(n) = ej∅k(n) 
 
 
 
And the complex valued modulator mk(t) is given by 
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    mk(t) = xk(t)ck
∗(t)         (4)                                          

 
 
 
The modulator is typically defined as a lower frequency signal and the carrier is a higher 
frequency signal. Demodulation, originally just used in radio communications has become a 
more interesting problem because of a number of uses in speech analysis and processing. 
In addition to extracting a valid modulator and carrier from signal a demodulation algorithm 
should meet a few additional criteria, we believe that an acoustic demodulator should distinguish 
pitch from modulation consistently and based on a transparent and clearly understandable metric. 
it should act as an identity operator on modulators and it should satisfy the projection property. 

 
Distinguishing Pitch and Modulation: Several demodulation algorithms are unable to       
explicitly defined the characteristics that comprise a modulator or a carrier. The components are 
determined on a case-by-case basis instead of operating under a higher level definition of the 
modulator or carrier class. We argue that an effective demodulation algorithm should explicitly 
define the characteristics of a modulator and a carrier and then obey those characteristics. 
Generally,  we define a modulator as a lower frequency signal and a carrier as a higher frequency 
signal. For the purposes of this paper, we will expand this definition to account for the perceptual 
experience. A human listener will interpret low-frequency modulation (below approximately 25 
Hz) as amplitude variation, while higher frequency modulation is interpreted as multiple carrier 
frequencies. 
 
 

 
 
 
 

III. A. MODULATION DOMAIN AND AGE 
 

Each sub band specific gain function constitutes a quotient of a short term average and a noise 
floor level estimate. The noise floor level estimate should be set to track slow changes in the 
background noise and the short term average should track the bursts of speech. The proposed 
system used for the enhancement of noisy speech signal x (n). A K bands band-pass filter is used 
to divide the input speech signal x (n) into sub-bands according to: 
                        
                                                            xk(n) = hk(n) ∗ x(n)                   (5)                          
 
Where hk(n) impulse response of the k is sub band. Natural signals such as speech can be 
represented by the corresponding high frequency and low frequency components. The final 
enhanced signal is obtained by adding all the modified sub bands according to the synthesis 
equation: 

x�(n) = � x�k(n)                                (6)
k

k=1
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The observed noisy modulator for sub-band k is given by Sk(n) and where (𝑝𝑝) is a short spectral 
estimation window. The center of gravity approach estimates the wk(n)as the average frequency 
of instantaneous spectrum of xk Center of Gravity (CoG) estimation  wk(n) is given by: 

mk(n) = � akmk(n − j) + wk(n)
p

j=1

        (7)            

 
 

xk(n) = mk(n) + vk(n) 
 
 
                                                          𝐻𝑇 = [0,0 … 1]                   
 
At time instant n estimated sample is given by following relationship: 
 

𝑚�𝑘(𝑛𝑛) = 𝐻𝑇𝑚�𝑘(𝑛𝑛)               (8)                         
 

 
 
 
                    

 
B.  Adaptive Gain Equalizer System 
 
The AGE consists of a filter bank and each sub-band is weighted by a gain function which 
amplifies the signal when speech is present and keeps the noisy part of the signal where no 
speech is present to unity  xk(n) = hk(n) ∗ x(n) A filter bank of K band pass filters divides the 
input signal (𝑛𝑛) into K sub-bands [7]. Here ℎ𝑘𝑘 is the impulse response of the filter bank sub-band 
k and denotes the convolution. The output signal with the amplified speech signal is computed as 

x�(n) = �Gk(n)xk(n)                      (9)
k

k=1

 

 
Where (𝑛𝑛) is the AGE weighting function which amplifies the signal when speech is active and 
is given by 
                                                              Gk(n) = min {( Ak(n)

LoptBk(n))
pk , Lk          (10)                                             

 
Where Lopt  is the optimized suppression level for gain function and 𝑝𝑝𝑘𝑘 gain rise exponent 
constant, Lk is a limiting threshold limiting gain function value, Fast average (𝑛𝑛) and slow 
average 𝐵𝐵(𝑛𝑛) of sub-band 𝑘𝑘 calculated according to: 
 
                                             Ak(n) =  akAk(n − 1) + (1 − ak)|xk(n)|  
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Where 𝑎𝑘 =  1
𝑓𝑠𝑇𝑎

forgetting factor constant and 𝑓𝑠 is is sampling frequency. 
 

                                          Bk(n) =      Ak(n)                   if Ak(n − 1) ≤ Bk(n − 1)               (11)        
           
                                                        (1 + Bk)(Bk(n − 1))                  Otherwise 
 
                                        m� k(n) =  mk(n)Gk 
 
Where 𝐵𝐵𝑘 =  1

𝑓𝑠𝑇𝑏
is a positive constant control the noise level based on the above mentioned 

principle of AGE a speech signal modulator can also be enhanced by the equalizer Modulation 
domain separates each sub-band signal into a carrier and a modulator. While only modulators are 
considered here, the AGE is implemented on each modulator to enhance the speech.  This system 
mathematics for AGE in the modulation domain is the same as for AGE in the sub-band domain 
the long term average and the short term average are calculated for each sub-band modulator 
instead of the sub-band itself. The gain function is multiplied with the modulator of the sub-band 
to yield a modified modulator which is then used with the carrier in the reconstruction stage of 
the modulation system. 
                                                      
 
 
 
 
 
 
 
 
 
 
COMPARATIVE PERFORMANCE ANALYSIS 
 
 

A. Mean Opinion Score(MOS) 
 

The Mean Opinion Score (MOS) calculated by observing the clean speech signal processed by a 
system to check how much it degrades the clean speech signal. Fig. 1 shows a speech signal 
processed by a system where SNR. The system with convex demodulation has MOS value 
around less degradation as compare to CoG modulation and AGE system where is average MOS 
observed respectively. Speech polluted by wind noise has been enhanced by using coherent 
modulation filtering as reported, although the modulation filtering has mostly been used for the 
purpose of speech enhancement. 
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                             Fig. 1   Mean Opinion Score 
 

B. Signal to Noise Ratio Improvement 
 

The Adaptive gain equalizer (AGE) is a time domain speech enhancement algorithm in which 
the speech signal is amplified based on signal-to-noise (SNR) estimates in sub-bands. A signal is 
divided into sub-bands for calculation of a gain which is independent for each band. The 
commonly used method for reducing noise is spectral subtraction but it has an inherent problem 
of generating musical noise due to spectral flooring. There have also been some efforts to reduce 
this musical noise but this improvement has the tendency of producing audible distortion causing 
listening discomfort even compared to the unprocessed signal. Fig. 2 shows the Signal to Noise 
Ratio Improvement (SNRI) for AGE, (CoG and Convex demodulation) speech signal distorted 
by having SNR. The convex demodulation has the highest SNRI for all the values and around 
5dB and 8dB improvement over the AGE methods but system show improvement.  
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                                         Fig.2 Signal to Noise Ratio Improvement 
 
 

C. Spectrogram Analysis 
 
The spectrogram of speech signal corrupted by noise at -10dB SNR, there is less residual noise 
in enhanced speech signal. Significant improvement can be observed noise corrupted speech 
signal. Fig. 3 shows spectrogram of original signal with processed signal with AGE. This 
improvement can be observed in term of speech formants being not affected as visible in 
spectrogram for noise. 

 
 
                     Fig.3 Spectrogram 
 
 
Conclusion:  
 
An alternative method of demodulation has been proposed for AGE in the modulation frequency 
domain. The presented method solves the demodulation process as a convex optimization 
problem, thereby avoiding the inherent problem of multiple solutions of a demodulation 
algorithm. We have tested the proposed method for various conditions and magnitudes of noise 
injected in a clean speech signal. The performance of our method has been validated by mean 
opinion score, spectral distortion and signal to noise ratio improvement in comparison to two 
other techniques. Results thus obtained show improvement in speech enhancement while AGE is 
used in modulator domain in comparison to its traditional use. The improvement in MOS and 
spectrogram has shown the system capability of the proposed for reducing noise from noisy 
laryngeal speech and SNR improvement has confirmed the system performance over the 
previous methods for speech. 
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