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Abstract 

The task of separating speech in complex acoustic 
environments such as a single voice in a cocktail party is 
an extremely difficult challenge. The goal of speech 
separation, to be precise, is to singling out the voice of 
each speaker in the mixed speech signals. Many speech 
enhancement or separation techniques cannot 
accommodate the situation where both target and 
interference have the same characteristic because both are 
speech signals. This project is concerned with applying a 
novel data-driven approach to single-channel speech 
separation based on deep neural networks (DNNs). A 
semi-supervised method to separate speech of the target 
speaker from an unknown interrupting speaker, which is 
more flexible than the conventional supervised mode with 
known information of both the target and interrupting 
speakers, is reviewed. Two key issues are investigated; 
initially, propose a DNN architecture with dual outputs of 
the features of both the target and interrupting speakers, 
which is shown to achieve a better generalization capacity 
than that with output features of only the target speaker. 
Then, introduce a set of multiple DNNs, each intending to 
be signal-noise-dependent (SND), keeping in mind the 
difficulty that one single general DNN could not well 
accommodate all the speakers mixing variability at 
different signal-to-noise ratio (SNR) levels. 
 
Keywords: Deep neural network, dual outputs, speech 
separation. 

1. Introduction 

Speech is the vocalized form of communication used by 
humans, which is based upon the syntactic combination of 
items drawn from the lexicon. Each spoken word is created 
out of the phonetic combination of a limited set of vowel 
and consonant speech sound units (phonemes). These 
vocabularies, the syntax that structures them and their sets 
of speech sound units differ, creating many thousands of 

different, and mutually unintelligible human languages. A 
voice frequency (VF) or voice band is one of the 
frequencies, within part of the audio range, which is being 
used for the transmission of speech. And speech separation 
is the task of separating target speech from background 
interference. Traditionally, speech separation is studied as 
a signal processing problem. Source separation problems 
in digital signal processing are those in which several 
signals have been mixed together into a combined signal 
and the objective is to recover the original component 
signals from the combined signal. Even though sound 
gathers attention as an important media for multi-modal 
communication, it is less utilized as an input medium than 
characters or images. One reason for this is the lack of a 
general approach to recognize auditory events from a 
mixture of sounds. Usually, people hear a mixture of 
sounds, and people with normal hearing can segregate 
sounds from the mixture and focus on a particular voice or 
sound in a noisy environment. This capability is known as 
the cocktail party effect and perceptual separation of 
sounds is called auditory scene analysis. 

2. Related topics 

2.1 Computational Auditory Scene Analysis 

The computational auditory scene analysis (CASA) 
[1], of which goal is the understanding of an arbitrary 
sound mixture including non-speech sounds and music as 
well as voiced speeches. Computers need to be able to 
decide which parts of a mixed acoustic signal are relevant 
to a particular purpose. For example, a mixed acoustic 
signal can be composed of a speech, background noises 
such as sound of a door closing, humming of an air 
conditioner, an interrupting voice of another person etc. 
CASA focuses on the computer modeling and 
implementation for the understanding of acoustic events. 
The major roles of CASA are sound source localization, 
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sound stream separation, and its recognition as well as 
design of acoustic features for each function. In addition, 
CASA focuses on a general model and mechanism of 
separating various kinds of sounds, including voiced 
speech, music and environmental sounds from a mixture of 
sounds. CASA usually performed in an unsupervised mode 
referring to the situation that speaker identities and the 
reference speech for each speaker are not available in the 
training stage. 

 
 
2.2 Single Microphone Blind Speech Separation 
 
A Blind Speech Separation (BSS) technique [3] is 
introduced based on Independent Component Analysis 
(ICA). BSS technique which uses the data stream (noisy 
speech) collected from a single microphone. It uses Log 
Spectral Magnitude Estimator based on Minimum Mean 
Square Error (LogMMSE) as a nonlinear estimation 
technique to estimate the speech spectrum, which is used 
as the other input to ICA, with the noisy speech. 
 

3. Speech production 

 
Speech production in humans is a physiological activity 
which involves the co-ordination of the lungs, vocal cords, 
vocal tract, palate, tongue, teeth, lips and nasal cavity. Air 
enters the lungs when breathing, and when it is expelled 
from the lungs through the trachea it causes the vocal cords 
to vibrate. The vocal cords, also known as vocal folds are 
composed of twin infoldings of membranes stretched 
horizontally across the larynx, which is also called voice 
box . The vibration causes the air flow to be converted into 
quasiperiodic pulses of air which then becomes sound 
which is the wave phenomenon that results from air 
pressure variations. The pulses are frequency shaped by 
the oral cavity and the nasal cavity. The vocal folds open 
during inhalation, close when holding one’s breathed and 
vibrate while speaking. The physiological parameters like 
length of vocal folds, vocal tract, thickness of larynx, etc., 
influence the acoustical parameters like fundamental 
frequency, formant frequency, etc., which results in the 
differences between male and female voices. 

4. Proposed system design 

4.1 Single Channel Speech Separation 
 
Normally, one cannot expect to be able to meaningfully 
map a single mixture signal into multiple separated 
channels. Rather it is a special feature of the source signals 

involved. For example, it has been demonstrated that a 
separation mapping can actually be performed on mixed 
speech. This is not completely surprising, though, 
considering the fact that humans can separate speech from 
mono recordings, or at least, recognize the words. 
Paradoxically, the solution can be applied in a more 
general setting. For instance in audio scenarios, single-
channel methods can be applied in all cases where a single 
microphone is already available in the hardware, such as 
cellphones and laptop computers [4]. Here we take 
monaural or monophonic sound, that means sound 
intended to be heard as if it were emanating from one 
position.  Multi-channel methods, on the other hand, would 
require versions of the appliances to be equipped with 
multiple microphones. Single-channel separation is the art 
of mapping a single mixture of multiple sources into their 
components. Important inspiration can be taken from the 
human auditory system, which possesses a powerful ability 
to segregate and separate incoming sounds as in figure: 1: 
 
 
 
 
 
 
 
 
 
 
 
 
 

                    Fig.1. Human auditory system 

 
4.2 Speech Separation using DNN 
 
Training of DNN-speech separation consists of 
unsupervised pre-training and supervised fine-tuning. 
Unsupervised learning is a type of machine learning 
algorithm used to draw inferences from datasets consisting 
of input data without labeled responses. The most common 
unsupervised learning method is cluster analysis, which is 
used for exploratory data analysis to find hidden patterns 
or grouping in data. Pre-training treats each consecutive 
pair of layers as a restricted Boltzmann machine (RBM)[5] 
. RBMs are shallow, two-layer neural nets that constitute 
the building blocks of deep belief networks. The first layer 
of the RBM is called the visible, or input layer, and the 
second is the hidden layer. Each circle in the graph above 
represents a neuron like unit called a node, and nodes are 
simply where calculations take place. The nodes are 
connected to each other across layers, but no two nodes of 
the same layer are linked. That is, there is no intra-layer 
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communication this is the restriction in a restricted 
Boltzmann machine. Each node is a locus of computation 
that processes input, and begins by making stochastic 
decisions about whether to transmit that input or not. 
(Stochastic means randomly determined, and in this case, 
the coefficients that modify inputs are randomly 
initialized.).  
 
 

 

Fig.2. DNN-Separation architecture  

Here we propose a semi-supervised method namely Semi-
supervised learning (SSL) and it is halfway between 
supervised and unsupervised learning. In addition to 
unlabeled data, the algorithm is provided with some 
supervision information – but not necessarily for all 
examples. For training stage, we take 720 audio files in a 
dataset, but only 120 audio files are considered for testing.                           

The DNN separations of target speech from a mixed 
speech signal are illustrated in figure 2. Here, the input has 
noise speech features, and after DNN performance we get 
the output with clean speech features and noise features. 
The DNN separation is performed on both supervised 
learning and semi supervised learning. The output noise-
speech features obtained from the feature extraction 
process by spectral analysis is the input of first hidden 
layer of DNN. Then weight of each layer is calculated and 
the mean square error between the target speaker signal 
and mixed speech signal is derived. Log power spectrum in 
which features are extracted based on energy distribution 
in different frequencies is used for feature extraction. 

5 Speech separations by SND--DNN      

In DNN-based speech separation, one single DNN is 
expected to accommodate all the speaker mixing 
conditions at different SNRs[6]. Here SNR means the 
signal to noise ratio of target speech signal and mixed 
speech signal. The other problem is,  for the semi 
supervised mode in which the interrupted speech signal is 
also unseen a general DNN is usually limited in separation 
capabilities. To circumvent this difficulty, we propose the 
use of signal-noise-dependent DNNs to alleviate the 
problem of the mixing variability caused by different noise 
levels, as shown in Fig. 3,  

 

 

 

 

 

 

 

Fig.3. Flow diagram of SND-DNN based separation 
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We take a divide and conquer strategy to design 
multiple DNNs with a detailed resolution; each is 
capable of handling some specific conditions. As 
mentioned, two SND-DNNs, namely positive DNN 
and negative DNN, are generated using mixture 
utterances with positive and negative SNRs, 
respectively[7]. In the training stage, utterance of 
speech signals in both negative and positive SNR are 
taken, extracted the speech features and performed 
the DNN training for both conditions.  In separating 
stage, the separated target and interference utterances 
by the general DNN with dual outputs can be used 
for SNR estimation of the current utterance 
according to the following equation: 
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 Where xt [m] and xi [m] are the mth samples of 

the reconstructed target and interference signals in 
the time domain, respectively.   

6. Conclusion and Discussions 

A framework of Single channel speech separation 
based on multiple Deep Neural Network is 
developed for speech information retrieval and 
robust speech recognition. The proposed system 
gives better result for both supervised and semi 
supervised mode. The features of speech are 
extracted using log power spectral approach and 
further two SND-DNNs are used for high resolution 
results with separation capacity in different noise 
levels. A scope for further improvement in future is 
also designed that includes multichannel speech 
separation using DNNs and also even gender-
dependent DNNs.  
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