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FROM THE EDITORIAL TEAM 
 

A tiny device came into existence in a lab without too much 
fanfare. 60 eventful years and many avatars later, the transistor is 
still going strong. Here’s to a brilliant diamond jubilee! 
 
Video continues to hold sway as one of the hottest signal 
processing-related technologies. Recent trend has been towards 
systems solutions in addition to the core algorithm space. This is 
manifested in quality improvement initiatives for specific usage 
scenarios, for measurement of quality and so on. Applications 
are scrambling to tie high-quality video with delivery 
technolgies such as ultra-wideband, 3G+ wireless, and so on to 
solve needs in home entertainment, IPTV, even surveillance and 
security.  
 
In the display space, innovations now allow 3D display using 
“usual” technologies such as LCD and DLP, albeit requiring the 
viewer to use special 3D glasses. Some day technology will 
obviate the need for such contraptions as well. 

 
Enhancements have been made in high-definition audio space recently. This is viewed to be driven by the 
availability of better delivery technology (such as wireless UWB). No more lousy wire-free headphones 
and speakers. 
 
802.11n has had several bouquets as well as brickbats thrown at it. This just accentuates the importance 
this next-gen wi-fi standard is gaining. This is certainly one of the technologies to watch. WiMax is still 
firing on all cylinders. Bluetooth, Zigbee / Zigbee Pro, 3G and beyond, etc. add to the mix, making the 
world of wireless technolgies a veritable maze! 
 
The Editorial team 
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FROM THE CHAIRMAN’S DESK  
 

We welcome the new year with a new leadership team and new additions to the executive 
committee of our IEEE CP Chapter Bangalore.  Meet us in this newsletter which contains our 
pictures and  short biographies and we certainly welcome you all to attend our meetings and meet 
us in person. 
 
Our first meeting happened on January 28th. It was lively as usual with lots of sparks of ideas 
coming out from our executive committee members. One thing we vowed this year is that we are 

going to have a lot more regular face-to-face meetings than before. We also plan to organize a whole set of activities 
and events to strengthen and revitalize our organization and increase its contribution to the community. Another 
aspect of our chapter we are trying to change is our web-presence. I believe we can do a lot more than what we have 
been doing and fully exploit this vibrant and dynamic platform. Hopefully, you will see a whole new web-face of 
our chapter once we finish what we are planning to accomplish. 
 
Bangalore is thriving as usual and it is one of the most happening place on earth, in terms of technology evolution. 
We have “established-players” in signal processing here as well as “new-entrants” who are creating new waves in 
creating new products and algorithms. We have a large number of young professionals, students, reputed 
academicians.  However, all these several active nodes are not well-networked!  IEEE SP Society - Bangalore 
chapter should build this network -- offering the right set of events, education, localized information, other platforms  
-- essentially be the  fiber as well one of the key node of this “signal-processing-practitioners” network. 
 
This year, we plan to invest a lot of our time and effort in such networking -- connecting students, academicians, 
young and established professionals and corporate who are interested and active in signal processing. We are 
planning to organize a “DSP-Mela” to bring all members of our community together – students, working 
professionals, academicians, experts, focus being to network as well as disseminate useful information in education, 
research and job opportunities in signal processing to students. We welcome each of you to join us, the executive 
committee and offer your suggestions and also join us in driving these events. Our chapter was traditionally driven 
by a handful of motivated individuals. We want more of such ‘driven contributors’, especially, I would like to see a 
lot of participation from students. 
 
Signal processing education has always been our goal. Last year we had a successful WISSAP and an ASR summer 
school. This year too many such events are on the card. We started with WISSAP in Speech Synthesis and going 
forward we are excited to be the host for IEEE Spoken Language Technology (SLT-08) workshop where we are 
hoping to see a number of illustrious and famous researchers and academicians from all over the world. This will be 
first time a major international speech conference happening in India and hopefully will pave in for future major 
conferences like ICASSP/Interspeech.  Watch out this newsletter for announcements of these events. 
 
It is going to be an exciting year!  Hope to see your energy and enthusiasm merging with ours to make 2008 a real 
successful year for IEEE SP chapter.  Lets join our hands and minds together and serve our community in an 
exemplary manner!   Please feel free to contact me any time if you have any idea to share or contribute to the society 
in any way -- especially if want to be part of the team driving any our activities. 
 

���������������������������� ��������������������
[Dr. Amitav Das;  Microsoft Research – India;   amitavd@microsoft.com] 
����
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UPCOMING EVENTS 
 
·  February 2008:        Bengali Acoustic Phonetic Workshop         Kolkata 
·  March 2008                 Latest Trends in Video Processing     Bangalore 
·  March-April 2008:      DSP-Mela                       Bangalore 
·  June’2008             Image Processing Summer School        Bangalore 
·  December 15-19:        IEEE SLT-08         Goa    

 
 

Bengali Acoustic Phonetic Workshop: CDAC-Kolkata & Microsoft Research India 
presents a 5-day hands-on workshop on Bengali Acoustic Phonetics. The workshop will cover 
basic theory as well as a lot of software tools to enable the participants to get a working 
knowledge on Bengali Acoustic Phonetics. There will be lab-sessions to train students using 
Bengali speech data. This workshop is endorsed by IEEE SP Chapter, India (Bangalore). The 
workshop will cover speech production, various aspects of speech signal attributes, detailed 
spectrogram analysis, and an overview of some of the latest speech applications such as speech 
recognition and synthesis VENUE: CDAC-Kolkata Date: Feb 27 – Mar 2, 2008. For further 
details contact 

Dr. Shyamal Das Mandal, CDAC-Kolkata (shyamal.dasmandal@kolkatacdac.in) 
Dr. Amitav Das, MSR-India  (amitavd@microsoft.com) 

 
Trends in Video Processing: There is a two day workshop on the latest trends in video 
processing. The objective is to provide a methodical background in the fundamental principles 
and techniques in digital video processing, analysis, and compression, an overview of the current 
video standards and technologies, and directions for future research. For details visit 
http://teclever.com/product1.htm 
 
DSP-Mela:  A major Networking event being planned by our SP society  to bring together 
students, working professionals, corporate, academicians in a common platform to discuss and 
disseminate information in signal processing research, education,  career opportunities. Details 
will be furnished later. 
 
Image Processing Summer School: Date:June 08;  Co-Sponsors:HP-Labs & IISc 
It is a 10 day school from June 2nd to 12th in IISc CCE auditorium.  It is called as summer 
school in document Image processing. Which will cover basics in Image processing And topics 
in document image processing, with emphasis on Hands on implementation. For details 
http://ragashri.ee.iisc.ernet.in/SSDIP/ 
 
IEEE SLT-08:  IEEE conference on Spoken Language Technology (SLT08) is going to be 
held in Goa in December 2008. This is the first major IEEE speech-related conference in India. It 
is a great opportunity to listen to and interact with the experts in this field. Watch this space for 
additional details! 
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CHAPTER INFORMATION 
 
Introducing the Executive Committe Members of the IEEE Signal Processing Society Bangalore 
Chapter. We hope to see you at the society events. Please feel free to come up and talk to us! 
 

Chairman:     Dr. Amitav Das,  Microsoft Research–India, Bangalore 

Amitav [PhD (ECE); Univ. of California – Santa Barbara(1996); MS (Computer Eng.)-Rensselaer 
Polytechnic Institute, NY(1986); B.Tech (ETCE) - Jadavpur University (1984)] worked in various 
roles, from core R&D to product development and senior level management in several global 
organizations such as Philips Research (US), Panasonic Research(US),  Qualcomm(US), 
Motorola(GSG-India), Siemens Research (CT-India  and now at Microsoft Research, India. During 
his 20 years plus career span in signal processing, he had created and contributed to many products 

particularly in the wireless and consumer electronics. He also contributed to a number of international standards. 
Amitav has 15 US and world-wide patents granted and few more in the pipeline. He has over 30 publications and 
tutorials (recent ones in ICASSP06 & ICASSP07). Amitav’s areas of expertise and research interest include 
multimedia signal compression, speech processing and modeling, pattern recognition and machine learning with 
focus in user identification, speech recognition and OCR. Amitav is an adjunct faculty in IIIT-Bangalore where he 
teaches courses signal processing and pattern recognition. 
 

Secretary & Treasurer: Chetan Vinchhi, Texas Instruments, Bangalore. 
Chetan is a software systems architect at Texas Instruments, Bangalore. He has worked on speech 
signal processing, communication systems including wireline and 3G wireless systems, automatic 
speech recognition applications etc. Prior to joining TI, he has worked with Lucent Technologies 
India, Bell Labs USA and Telogy Networks USA. He has a B.Tech (EE) from IIT-Bombay and an 
MS (EE) from University of Maryland, College Park He has 3 US patents. 

 

Conferences Co-ordinator: Jwalant Desai, Wipro Technologies, Bangalore. 
 
Jwalant S Desai holds a Bachelor’s degree in Electronics Engineering (1991) from NIT, Surat and 
a Master’s Degree in Electrical Engineering (1994) from Indian Institute of Technology, Chennai. 
He worked in academics for nearly 5 years before joining Industry in the year 1998. He is currently 
with Wipro Technologies, Bangalore since the last 7 years and currently is a Group Head in the 
DSP & Multimedia Group.  His major areas of interest are in fundamentals of digital signal 
processing and algorithm and system design based on audio, video, speech and image coding. He is 
also a member of the ISO/IEC MPEG committee which works on standardization of various 

MPEG standards. 
 

Executive Committee 

Ajit Rao , Texas Instruments, Bangalore. Ajit Rao received the B.Tech degree in 
electronics engineering from IIT Madras (’92), and the MS (’93) and Ph.D. degrees (’98) from the 
University of California, Santa Barbara. He joined SignalCom in Santa Barbara in ‘98. Signalcom 
was acquired by Microsoft Corp. where Ajit moved to work on Windows Media. In 2002, he 
joined Texas Instruments Inc. in Bangalore, India where he was the head of the multimedia codecs 
group until 2006. Since 2006, he has been a Senior Member Technical Staff in the DSP Systems 
Software CTO group with focus on video quality. Ajit’s areas of interest and research include 
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compression of multimedia for packet and wireless networks, speech recognition and statistical pattern 
recognition. He has seven US patents and has published over 30 papers in journals and conferences. 
 

Prabindh Sundareson, Texas Instruments, Bangalore. Prabindh 
Sundareson is a Senior Design Engineer with the Portable Audio & Video Group, at Texas 
Instruments, Bangalore. He holds 3 patents, and has several pending at the USPTO. He holds a 
Masters degree in Electronics from Indian Institute of Science. His interests lie in Audio 
compression algorithms, Signal transforms, Content classification, and security in embedded 

systems. In his free time, he tends to read Patent Law. 
 

T.V.Sreenivas, IISc, Bangalore. T.V.Sreenivas is a Professor, ECE, IISc, Bangalore. 
He holds a Ph.D. from Tata Institute of Fundamental Research, Bombay, an M.E., ECE from Indian 
Institute of Science, and B.E., UVCE, Bangalore University. He was Scientist-C, LRDE, Research 
Scientist, Norwegian Institute of Technilogy, Trondheim, Norway and Visiting Assistant Professor, 
Marquette University, Milwaukee, USA before joining the faculty at IISc in 1990. He has since 
been a visiting faculty member at a number of pestigious institutions worldwide. He is an active 

researcher and teacher. His research interests include Auditory Modelling / Spectral Estimation / AM-FM 
Decomposition; Speech and Audio (Music) Modelling, Compression, Watermarking; Robust Speech Recognition 
(text, speaker, language, environment) using HMMs and NNs; Speech Enhancement in Noise / Hearing Aids; Audio 
Spatialization / Hi-fi Audio signal processing; Hubot Communication. 

 

Sitaram Ramachandrula, HP Labs, Bangalore. R.N.V Sitaram is a Senior 
Research Scientist at HP labs India working in Language Technologies and Applications. He joined 
Hewlett Packard in March 2003. Prior to joining HP he was a senior technical leader with Philips 
Semiconductors, in Philips Innovations Campus, Bangalore, India, for over 4 years. Earlier he was an 
assistant project leader in Encore Software, Bangalore. He holds a Ph.D in Electrical Communication 
Engineering, specialized in Speech recognition, from Indian institute of Science, Bangalore; M.Tech 

in Digital electronics from Cochin University, Kochi, and B.E in Electronics and Engineering from Osmania 
University, Hyderabad. His include: Speech recognition, Document Image analysis and recognition and Location 
Based Services. 

 

Chandra R. Murthy , IISc, Bangalore. Chandra R. Murthy received the B.Tech. 
degree in Electrical Engineering from the Indian Institute of Technology, Madras in 1998, the 
M.S. and Ph.D. degrees in Electrical and Computer Engineering from Purdue University and the 
University of California, San Diego, in 2000 and 2006, respectively. From 2000 to 2002, he 
worked as an engineer for Qualcomm Inc., where he worked on WCDMA baseband transceiver 
design and 802.11b baseband receivers. From Aug. 2006 to Aug. 2007, he worked as a staff 

engineer at Beceem Communications Inc. on advanced receiver architectures for the 802.16e Mobile WiMAX 
standard. In Sept. 2007, he joined as an assistant professor at the Department of Electrical Communication 
Engineering at the Indian Institute of Science, where he is currently working. His research interests are primarily in 
the areas of digital signal processing, information theory, estimation theory, and their applications in the 
optimization of MIMO, OFDM and CDMA wireless communication systems. 

 

Neelesh B. Mehta, IISc, Bangalore. Neelesh B. Mehta received his Bachelor of 
Technology degree in Electronics and Communications Engineering from the Indian Institute of 
Technology, Madras in 1996, and his M.S. and Ph.D. degrees in Electrical Engineering from the 
California Institute of Technology, Pasadena, CA in 1997 and 2001, respectively. He was a 
visiting graduate student researcher at Stanford University in 1999 and 2000. He is now an 
Assistant Professor at the Dept. of Electrical Communication Engineering, Indian Institute of 
Science (IISc), Bangalore, India. Until 2002, he was a research scientist in the Wireless Systems 
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Research group in AT&T Laboratories, Middletown, NJ. In 2002-2003, he was a Staff Scientist at Broadcom Corp., 
Matawan, NJ, and was involved in GPRS/EDGE cellular handset development. From 2003-2007, he was a Principal 
Member of Technical Staff at the Mitsubishi Electric Research Laboratories, Cambridge, MA, USA. His research 
includes work on link adaptation, multiple access protocols, WCDMA downlinks, system-level analysis and 
simulation of cellular systems, MIMO and antenna selection, and cooperative communications. He is also actively 
involved in radio access network physical layer (RAN1) standardization activities in 3GPP. He is on the TPCs of 
Chinacomm 2008, Globecom 2008, Globecom 2007, WCNC 2008, and VTC 2008 (Spring). 
 

Jyothi Kiran H V , IEEE SP, Bangalore. Jyothi Kiran H V has been an 
Administrative Assistant with IEEE SP Bangalore Chapter for a short while now. She 
co-ordinates all the activities of the chapter. She is in charge of arranging the 
Executives meet and Technical Discussions of various delegates from India and abroad. 
She also manages the financial activities of the chapter. 
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MAIN COURSE 
 Multi-channel Audio Coding  

  
Prashanth Kasaragod, Wipro Technologies 

 

1. Introduction 

Compression of audio (speech and music) has gained large interest during the last decades. With 
the increasing popularity of mobile applications, internet, and wireless communication protocols, 
the demand for more efficient compression methods is still sustaining. Downloading music from 
the internet or over a mobile phone network are good examples where compression technologies 
make these transmissions faster and cheaper, by reducing the amount of information that has to 
be sent without sacrificing the audio quality much.  

Mutli-channel coding is the base of all perceptual audio compression techniques for stereo and 
other multi-channel files. In most of the cases it is a waste of bandwidth to transmit all the 
channels independently for stereo or multi-channel audio. There always lies a certain degree of 
correlation between the paired channels, for example in case of 5.1 channel audio, the pairs 
would be front left and front right, surround left and surround right, and back left and back right. 
The reasons for such a correlation is that two microphones used for recording are spatially close 
to each other and both record the same sound at same time. So this correlation gives enough 
redundancy in the stereo signal. Stereo coding makes use of this redundancy for compression. 

The most commonly used channel coding technique is Joint Stereo coding. Most of the 
commonly used lossy codec’s use this technique namely AAC, mp3 and Ogg Vorbis (but in Ogg 
Vorbis it is not explicitly mentioned). It is also used in lossless audio compression techniques 
which are Monkeys Audio and Lossless Predictive Audio Compression.  

Parametric stereo is another of stereo coding technique which brings on a really good quality at 
a relatively low bitrate achieved using other joint stereo techniques. Currently this technique is 
used in Advanced Audio Coding to further enhance efficiency in low bandwidth stereo media. It, 
along with Spectral Band Replication (SBR), is part of HE-AAC v2. 

A small introduction towards binaural recording is also given here. Though this topic is outside 
the context of current topic still the beauty of the surround sound effect brought about by sheer 
recording techniques makes it worth a mention. 

An overview of the various multi-channel coding techniques is given here. Section 1 gives an 
introduction to Psychoacoustics. Section 2 explains the joint stereo techniques used currently in 
many high level codecs. Section 3 briefs about one of the latest state of art techniques in Stereo 
coding – Parametric stereo. Section 4 gives the performance figures of these coding techniques 
using AAC as the base codec. Last section is an introduction to binaural recording.  
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2. Psychoacoustics 
�
Psychoacoustics is intimately linked with all multi-channel audio processing.  Psychoacoustics is 
the study of the perception of sound by the human brain. It is the electrical impulses sent by the 
ear which makes a human being recognize a sound. An outline of human ear is given in the Fig. 
1 below: 

 
 

Fig 1. Cross-sectional view of human ear 
 

The ear converts acoustical energy into mechanical energy, and then into electrical impulses. The 
outer ear collects sound and its intricate folds help us determine directionality. The ear canal 
resonates at about 3KHz, boosting sensitivity in the critical speech frequency region. The first 
"bio-transducer" sound hits is our ear-drum, also called the tympanic membrane, which conveys 
the incoming sound to three bones in the middle ear, known as the hammer, anvil, and stirrup, 
which in turn efficiently convey sounds in air to the fluid-filled inner ear where the basilar 
membrane detects the amplitude and frequency of sound. This detection occurs in the cochlea, a 
spiral-shaped, fluid-filled region of the inner ear that contains hair cells called cilia, which 
resonate at different frequencies depending on their location. Outer hair cells resonate at lower 
frequencies, and inner hair cells resonate at higher frequencies. These cilia convert sound 
vibrations into electrical impulses and send the information to the brain as neural data. Though 
this design appears very straightforward the functionality is very complex. When we are 
watching a movie using a home theatre system, we can exactly recognize whether the sound is 
coming from the surround speakers, front speakers or back speakers. So the ears are able to judge 
both horizontal directionality and vertical directionality. This process called spatial localization 
is explained using localization cues such as Interaural Time Difference (ITD), Interaural 
Intensity Difference (IID), and pinna filtering.  
 
The Interaural Time Difference (ITD) is the difference in arrival time of a sound at each of our 
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ears. Because our ears are separated by about six inches, sounds coming from the left or right 
will arrive at the corresponding ear first. Although the delay time differences are slight, our brain 
halves can extract precise directional information from this data. The head, as well as shoulders 
and upper torso, form a barrier to a sound's arrival at one ear or the other. This creates an 
acoustical shadow and an effect called the Interaural Intensity Difference (IID). For example, a 
sound coming from the extreme left has a lowered intensity in the right ear (in addition to an ITD 
time delay). The lowered intensity is due in part to the added distance (sound amplitude 
decreases over distance) to the right ear, but also from the acoustical shadow cast by the body 
itself. So each ear receives slightly different amplitudes from sounds that are not directly 
equidistant to the two ears. The effect of the shadow is frequency dependent; high frequency 
sounds are more attenuated than low frequency sounds because low frequencies (those with 
wavelengths larger than the width of the head) can bend around obstructions and are not as easily 
blocked. For this reason, for example, the high frequency information in a complex waveform is 
more readily perceived at the incident ear--this relative difference in timbre is yet another cue 
used to determine directionality. 
Fig. 2 below gives a clear picture on IID and ITD. 

 

 
Fig 2.  Explanation of ITD and IID using examples 

 
3. Joint stereo 
 
Joint stereo takes advantage of high correlation that exists in the energy spectra of left and right 
channels. There are different ways to achieve this. Two of the common methods are explained in 
this section. 
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3.1. M/S Stereo 
 
M/S stereo coding transforms the left and right channels into a mid channel and a side channel. 
In this method, instead of transmitting the left and right channels separately the normalized sum 
(mid) and difference (side) signal is transmitted. This information are realised using the 
following  
 

M (mid) =  ( L (left) + R (Right) ) / 2 
   S (side) =  ( L (left) - R (Right) ) / 2 
 
Suppose both left and right channels are having same data. Then the difference signal will be 
zeros. So the difference signal can be transmitted in very less number of bits. This greatly 
increases the coding efficiency.  
 
Joint stereo is employed in AAC (Advanced Audio coding). In AAC, the processing of M/S 
stereo is done on a subband basis. The whole frequency band is divided into subbands based on 
psychoacoustic model. For all the subbands it won’t be feasible to use M/S stereo processing. 
Only for those subbands where the signal spectra are very similar, the M/S processing is used. 
This spectrum similarity can be governed using some decision thresholds. For example, a typical 
decision threshold could be: 

 
where lk and rk  are the spectral line amplitudes and flower and fhigher correspond to lower and upper 
frequency lines of a subband. If the above condition is met then M/S is transmitted else the 
original left and right spectral lines are transmitted.  
 
In the case of AAC, the overhead of sending this information is not much, since a one bit flag 
indicating the presence of M/S stereo for a particular subband only has to be included as extra 
coding information. 
 
The coding efficiency is not brought about at any cost since M/S stereo coding is a lossless 
processing technique. There is no information lost during this transformation. Hence if a codec is 
designed only to use M/S stereo coding technique, the decoder for such a coder will retrieve back 
the original left and right channel. 

 
3.2. Intensity Stereo 
 
Intensity stereo exploits the sound localization principle discussed in psychoacoustics section 1 
above. As mentioned there are two types of localization cues, ITD and ILD. At low frequencies 
both ITD and ILD form an important audio component. At this frequency the body barrier 
doesn’t give much attenuation to the audio signal. But at higher frequency (above 1.6 KHz) the 
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barrier starts acting. Hence the time difference doesn’t contribute significantly at this frequency. 
So it would be enough to preserve the energy-time envelope of the two channels at high 
frequencies. When intensity stereo coding is applied to the particular frequency band, the 
corresponding spectral coefficients of the two channels are replaced by a single sum signal and a 
direction angle. The direction angle controls the intensity stereo position of the auditory event at 
the decoder. Using this information, the original energy-time envelopes of the coded channels 
are preserved approximately by means of a scaling operation of the transmitted sum signal such 
that each channel signal is reconstructed with its original level after decoding. 
 
Intensity stereo is always a lossy process. The original signal can be never retained back after 
decoding. Intensity stereo can be used selectively for some bands (preferably higher frequency 
bands) or it can be used for entire audio bandwidth. When used selectively, intensity stereo 
processing can be used along with M/S stereo. The sub bands which are not coded using 
intensity stereo can be coded using M/S stereo if the conditions for using it are met. In AAC 
presence of intensity stereo is indicated using the Huffman codebook number used to decode the 
intensity stereo position. There 2 such codebooks decided by the MPEG standard and this 
information is transmitted by the encoder. Selective usage of intensity stereo does not bring 
about much distortion in the decoder output. But if used for entire audio bandwidth, the 
distortions creep in as we are losing important time ITD info. So for very low bitrate 
requirements intensity stereo can be used where some compromise on audio quality can be done. 
 

4. Parametric Stereo 
 
Parametric stereo is an improvement over the intensity stereo processing. The main 
disadvantages of intensity stereo is that it uses the time-frequency operations of the underlying 
decoder which is mostly critically sampled MDCT and so is prone to aliasing artifacts. Also it is 
preferred only over higher frequency bands. Also the loss introduced deteriorates the original 
stereophonic ambience present in the signal. 
 
Parametric stereo overcomes these problems by using an oversampled time-frequency mapping. 
It also improves upon the reconstruction of stereophonic ambience and time or phase difference 
between the channels which was lacking in intensity stereo. Parametric stereo coding is currently 
used with HE-AAC integrated along with SBR (Spectral Band Replication) tool.  
 
Parametric stereo is a technique to efficiently code a stereo signal as a monaural signal with a 
small amount of side information as stereo parameters. The monaural signal can be encoded 
using any audio coder. The stereo parameters can be embedded in the auxiliary part of the 
bitstream. In the decoder first the monaural signal is decoded then the stereo signal is 
reconstructed using the stereo parameters. Due to these improvements, parametric stereo 
schemes can operate on the full audio bandwidth and thus can convert a monophonic signal 
coded by a base coder into a stereo signal. Parametric stereo is a special case of Binaural Cue 
Coding (BCC) which delivers multi-channel output from single audio channel and some side 
information.  
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The stereo parameters used by Parametric stereo for describing the stereo image are: 
1. Inter-Channel Intensity Difference (IID) - It describes the intensity difference between 

the two channels. 
2. Inter-Channel Cross Correlation(ICC) - It describes the cross correlation or coherence 

between the channels. 
3. Inter-Channel Phase Difference - It describes the phase difference between the two 

channels. This term can also be referred as inter-channel time difference (ITD). 
 
BCC also uses the same parameters to define a multi-channel image. A block diagram of the 
BCC coder is shown in Fig 3 below: 

 
Fig 3. Block diagram of BCC (Binaural Cue Coding) coder 

 
With the help of this diagram it is clear that intensity stereo can be considered as BCC 
processing limited to IID synthesis which is having imperfect reconstruction due to the use of 
critically sampled filter banks by underlying coder. 

 
5. Performance 
 
A great deal of coding techniques has been discussed but the real value of the coding scheme 
comes at subjective quality test i.e. how much a listener is able to rate by hearing audio output 
from each of these coding schemes. 
 
Subjective stereo verification tests were conducted by two sites on the performance of aacPlus 
v1(AAC + SBR tool) and aacPlus v2 (AAC + SBR + Parametric Stereo tool). It is to note that 
aacPlus v1 codec uses normal joint stereo techniques for stereo coding. Two bitrates of aacPlus 
v1 were chosen (24 kbps and 32 kbps) while only one bitrate of aacPlus v2 was chosen (24 
kbps). The test employed MUSHRA methodology and included hidden references and low pass 
filtered counterparts with 3.5 KHz and 7 KHz bandwidth. 
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Fig 4. MUSHRA test results (From Proc. Of  7th international Conference on Digital Audio 

Effects DAFx’04) 
 

It was observed that aacPlus v2 at 24 kbps performed better that aacPlus v1 at 32 kbps. The 
results of the test are shown in Fig. 4 above. According to MPEG 4 verification tests aacPlus v1 
at 32 kbps actually outclasses normal AAC at 48 kbps. So this can give a very good idea on the 
real performance of parametric stereo tool. It was the SBR tool which gave aacPlus v1 such 
figures and by adding Parametric Stereo tool to aacPlus v1 makes the overall codec perform 
much better than aacPlus v1. 

 
6. Binaural Recording 
 
Binaural recording is a method of recording audio using special microphone arrangement. 
Binaural recording builds up the recording equipment in such a way that it acts approximately as 
human ear. So it takes care of all the sound cues that the human ear is able to distinguish. A 
typical binaural recording unit has two high-fidelity microphones mounted in a dummy head, 
inset in ear-shaped molds to fully capture all of the audio frequency adjustments that happen 
naturally as sound wraps around the human head and is "shaped" by the form of the outer and 
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inner ear. The resulting recorded output is far more superior to the normal stereo recording since 
it is able to exceptionally reproduce the hearing effect experienced by a human being. Almost the 
entire 360 degree perception by human ear is reproduced by binaural recording. Binaural 
recordings can very convincingly reproduce location of sound behind, ahead, above, or wherever 
else the sound actually came from during recording. The real effect of binaural recording can be 
experienced only on headphones and not on loud speakers on mono channel output. 
 
Some examples of binaural recording are available at the following links: 
 

http://www.holophonic.ch/archivio/testaudio/Cereni%20-%20Holophonic.mp3 
http://r-1.ch/VB1.mp3 
http://www.holophonic.ch/archivio/testaudio/phon.mp3 
http://www.holophonic.ch/archivio/testaudio/campanello.mp3 
http://www.dhphonics.com/downloads/render.mp3 
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4. Heiko Purnhagen , “Low Complexity Parametric Stereo Coding in MPEG-4”, from Proc. Of  

7th international Conference on Digital Audio Effects DAFx’04  
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RESOURCE CORNER 
 

·  MIT is making a large chunk of its courware available free of cost as a part of the Open 
Courseware initiative. This courseware is of very high quality and often from the best 
teachers in their fields. This is a great resource for students as well as professionals who 
want to brush up on some concepts! 
 
http://ocw.mit.edu/OcwWeb/web/home/home/index.htm 
 

·  Here is an article that tries to answer the question whether objective metrics can match 
human eyes in evaluating video quality. En route to essentially debunking such a 
possibility  it gives a nice introduction to subjective video quality as well as objective 
measures 

 
http://www.dspdesignline.com/showArticle.jhtml?articleID=205208744 

 
·  Wireless technologies are at the height of thier ubiquity and importance. Here is a chance 

to brush up on your RF basics. This series of articles have been taken from the book RF 
& Wireless Technologies by Bruce Fette. They are a good introduction to concepts in 
radio propagation, multipath fading and diversity techniques respectively 

 
http://www.mobilehandsetdesignline.com/showArticle.jhtml?articleID=204805373 
http://www.mobilehandsetdesignline.com/showArticle.jhtml?articleID=205203105 
http://www.mobilehandsetdesignline.com/showArticle.jhtml?articleID=205203104 

 
·  When you think of a radio receiver, you think of all the hardware (both analog and 

digital) that goes into it. And of course you are right most of the time. But a group of 
researchers have built a carbon nanotube radio! It is orders of magnitude smaller than any 
previously known receiver. This is simply amazing! 

 
http://www.physics.berkeley.edu/research/zettl/projects/nanoradio/radio.html 
 

·  Instruction cache has become an integral part of almost any processor architecture. Quite 
often, the way it operates remains cryptic and the implementaion stands to lose out on 
performance. Here is a 3-part article that elucidates the cache operation and gives some 
useful tips on optimization of your code to maximize cache utilization. 

 
http://www.dspdesignline.com/showArticle.jhtml?articleID=202601670 

·  This long (8-part) series talks about all the essential components of WiMax. It is a must 
read if you are planning to work in this area and want to kick-start your understanding of 
its nuts and bolts 

 
http://www.mobilehandsetdesignline.com/showArticle.jhtml?articleID=201802483 
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GETTING CONNECTED 
 
Mailing list for IEEE SP Bangalore chapter 

 
To facilitate better information spread across the wide spectrum of members and volunteers of 
the SP Bangalore chapter, a LISTSERV list is available.  

 
�  To email all of the list's subscribers (please use this responsibly), send your mail to  

IEEESP-BLR@LISTSERV.IEEE.ORG 
 

�  Creating a new subscription is easy. If you want to subscribe a member to the list, send 
a mail from your email to LISTSERV@LISTSERV.IEEE.ORG and type "subscribe 
ieeesp-blr" without quotes in the body of the message. Leave the subject line blank. 
More information on using LISTSERV is available at http://listserv.ieee.org/ 

 
 

Links 
 
This link contains information related to IEEE SP conferences 
http://www.signalprocessingsociety.org/conferences/calendar/ 
 
IEEE SP Bangalore Chapter Homepage 
http://www.ewh.ieee.org/r10/bangalore/sps/ 
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