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Some newer cars have already adopted DVD-A systems, allowing surround music recordings 
to be heard with a high degree of accuracy and fidelity—the 5.1 discrete source is delivered 
directly to the 5.1 speaker system. It should be a perfect presentation for the listener. 
Unfortunately, that conclusion is incorrect. 
 
Car seats are not located in the ideal position relative to the speakers. Programs mixed with 
vocals in the center channel will appear from the middle of the dashboard, while programs 
mixed with L/R phantom center vocals will appear from the closer speaker, and programs 
mixed with vocals in all three channels will image somewhere in front of the listeners. Even 
if a consumer likes one of these three variants, there is no consistency from program to 
program. What sounds correct and consistent when seated in the perfect sweet spot of a 
proper home playback system often becomes a distraction in a car. 
 
Preventing that distraction, improving the imaging consistency of the spatial presentation, 
would thus not be a shortcoming of a car surround system for its lack of accuracy, but an 
attribute. Such consistency is inherent in the Pro Logic II system, which allows OEM system 
designers to tune the frontal soundstage exactly as they want it in the car, and it stays there 
whether the program is surround, stereo, or mono. This is in fact more consistent with the 
content maker’s intentions than the results heard from discrete formats when sitting off-
center, either in a car or at home. 
 
To the extent that 5.1 sources such as DVD-A may continue to exist, foibles and all for car 
playback, it is indeed possible to carefully post-process these signals to correct the imaging 
inconsistencies. But it takes considerable processing to do this properly—it is not a simple 
cross-mixing circuit. If such modification of the program is not only deemed permissible, but 
desirable, in order to achieve a better result for the listener, the issue of “accuracy to the 5.1 
source” is not a relevant metric in evaluating a surround system for HD Radio. In addition, it 
would seem to be counterproductive to deliver sound in a format that requires such signal 
modification when it is more efficient and cost-effective to do so with a system that avoids 
the problem altogether, and is better suited to consumers’ needs. 
 

7. Professional products 
The professional studio encoder and reference decoder products are shown below.  

  

 

Fig 4. Dolby DP563 Pro Logic II professional encoder. 
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Fig 5. Dolby DP564 Professional decoder. 

More information on these products is available at the Dolby website: 
 
http://www.dolby.com/professional/pro_audio_engineering/dp563_01.html 
 
http://www.dolby.com/professional/pro_audio_engineering/dp564_01.html 
 

8. Summary 
Dolby Pro Logic II is best able to ease the transition of a broadcast facility from stereo to 
surround. It offers: 

• Seamless integration with the stereo infrastructure 

• Compatibility with stereo production practices for voice-overs, cross-fading and 
mixing with other stereo or pre-recorded surround spots  

• Superb balance of surround sound qualities that satisfies a wide range of real world 
listeners and conditions 

• Huge and rapidly growing installed base of surround decoders 

• Well known brand signifying high quality sound for consumers  
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1 Forward 
Fraunhofer IIS is pleased to submit the following information on the MPEG Surround Codec and its 
application to HD Radio broadcasting to the National Radio Systems Committee Surround Sound Audio 
Task Group for its use in preparing a paper on the issues encountered in deploying surround sound.  

2 The MPEG Surround Codec 
MPEG Surround is a coding standard that compresses a multi-channel audio signal into a spatial 
representation plus a downmixed stereo or mono audio signal. It uses proven techniques to encode the 
spatial sound field into parameters that can be sent at typical bitrates of 5 to 16 Kb/s. An MPEG Surround 
decoder mixes the stereo or mono audio signal into each reproduction channel with amplitude, delay, and 
correlation specified by these parameters to reconstruct the surround sound image. 

Unlike prior “matrix” surround systems, this is not a simple mixing in the time domain, but is done in 
critical hearing bands in the frequency domain, just as is done with stereo signals in compressed audio 
codecs such as AAC or HE-AAC. This allows the limitations of human hearing to be exploited to reduce 
the data rate required for the spatial parameters. 

The MPEG Surround data rate can be varied depending on the spatial image quality desired. At very high 
bitrates, say above 32 kb/s, the codec becomes equivalent to discrete multichannel channel transmission. 
At bitrates below the nominal 5-16 Kb/s, the codec still performs significantly better than matrix 
encoding. 

As a spatial codec, MPEG Surround is independent of the audio codec used for transmitting the stereo or 
mono audio information. AAC, MPEG-1 Layer II (For European DAB), or the iBiquity HDC codec may all be 
used. 

3 Background of MPEG Surround 
Since the development of the MPEG-1 codecs, MPEG audio codecs have compressed stereo signals into 
monophonic ones in the higher frequency bands when it is beneficial to do so. This technique is termed 
“intensity stereo” and relies on describing the level and time differences between the channels in a set of 
frequency band parameters sent with the mono frequency coefficients.  

With the developing interest in surround sound transmission, the MPEG committee decided to investigate 
whether improved versions of these techniques could be used for compressing multichannel content. 
MPEG issued a Call for Proposals in March 2004, leading to four submissions. Upon their evaluation, 
MPEG decided that a combination of the two best proposed systems, one from Fraunhofer and Agere 
Systems and another from Coding Technologies and Philips, would be used as an initial reference model 
for standardization. This model was further developed into MPEG Surround, and tested to verify that it 
provides “sound quality substantially surpassing existing matrixed surround solutions, even for the 
transmission of a mono downmix signal or for spatial cue bitrates as low as 6 kbit/s.” As a result, MPEG 
Surround was approved as a Final Draft International Standard in July 2006. 

4 MPEG Surround Principles and Operation 
Spatial compression codecs work by analyzing the sound image in terms of time and amplitude 
differences between channels, and the correlation between them. In a sound image, a listener will 
localize sounds through time differences due to the difference in propagation delay from the sound 
source to each ear, and through level differences between ears due to attenuation from diffraction 
around the head or shading of the sound by the outer ear or pinna. It is also possible to describe sound 
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Circle Surround delivers 5.1-surround sound in an Lt/Rt two-channel playback format. This

means live television and radio can be delivered for playback and broadcast in 5.1-surround

over existing stereo infrastructures. The Circle Surround-encoding process allows for the

transmission and delivery of 5.1-encoded programming through virtually any broadcast chain.

SURROUND SOUND FOR TELEVISION

For live television programming, Circle Surround not only enables the transmission of a 5.1-

encoded mix over a standard definition (“SD”) stereo broadcast, it also provides mono, stereo,

four-channel LCRS (Left, Center, Right, Surround) and 5.1-surround compatibility in a single

delivery standard with no delay introduced. Circle Surround-encoded material passes straight

through existing stereo infrastructures without requiring a change in equipment. For

broadcasters currently mixing in surround for high definition (“HD”) delivery, Circle Surround

can be used on the SD feed, enabling 100% of audiences with home theater systems to enjoy

surround sound.

SURROUND SOUND FOR DIGITAL RADIO

The unique features of Circle Surround make it the ideal surround format for the new trend in

digital radio broadcasting and a true value-add for broadcasters. Not only is it “format

agnostic” and works with any audio standard — IBOC, DAB, ISDB-T — but it can be

compressed to as low as 64kbps while still preserving the surround information. Additionally,

Circle Surround is transparent on all analog broadcasts, requires no additional bandwidth or

storage and is easy to implement in the broadcast and production chain.

DIGITAL RADIO FLOW

Live Broadcast

Fact:
Circle Surround
is compatible
with every
playback system.

Did you
know...
Circle Surround
decoders can be
found in home
theaters, movie
theaters,
automobiles, 
and computers?

PRODUCTION PLAYBACKBROADCAST



WHY SURROUND MUSIC

Delivering music CDs in surround sound is a concept that has widespread appeal, but

consumers have been hesitant to adopt a new format or type of hardware. Circle Surround

solves this challenge and delivers a 5.1 surround sound mix over the stereo tracks of a

standard Redbook compact disc. Now one CD with one mix can satisfy all music lovers.

A unique advantage to mixing Circle Surround-encoded CDs is they can be enjoyed in full

surround when routed through any home theater or automotive receiver equipped with a

decoder, yet the CDs are also 100% stereo compatible and will play back on any stereo

system. Circle Surround CDs are “radio ready” for broadcast in stereo, and playback in mono,

stereo or surround. Other discrete surround formats such as SACD, DVD-Audio and DTS CDs

are not stereo compatible and will only playback through their respective decoders.

Circle Surround CDs do not require separate packaging or retail shelf space. Since the

surround mix is encoded in the stereo tracks, there is one product and no need for two

separate releases. This advantage provides significant cost savings for record labels.

Circle Surround faithfully reproduces the original surround mix with stunning accuracy. Vocals

are crisp and clear, bass is robust, and instruments are sharp and vivid. The primary benefit

of listening to a CD mixed in Circle Surround is knowing that you’re hearing what the artist,

engineers and producers intended for you to hear.

Music

“I think every compact disc

should be produced in Circle

Surround.”

James “Jimbo” Barton – Music

Engineer: Rush, Matchbox

Twenty

 





 

 

 

Annex 5 – An overview of the causes of distortion in FM signal 
reception 

Report submitted by Dolby Laboratories 
 



 

1 

An overview of the causes of distortion in FM signal reception.  
 
One of the shortcomings of FM transmission is its susceptibility to multipath distortion 
caused by the delay between the reception of the main signal arriving directly from the 
transmitter and one or more copies of that signal that arrive at the receiver later than the main 
signal because they are reflected by terrain or buildings and have to traverse longer paths.  
 
A slightly different form of the above FM Stereo system called FMX was proposed in the 
late 1980s. Bose and Short1 wrote a paper that analyzed the performance of the FMX system 
in the presence of multipath signal conditions. The principles they develop can be applied to 
the existing  FM system, so can be used to examine the influence of matrix encoded audio 
signals on FM reception.  
 
Section 4.4 of the paper reviews the factors affecting multipath, based on the mathematical 
models developed earlier. It says: 
 

“Equation 19 shows us directly which factors are most significant for determining the amount of error 
voltage created by multipath. All other things being equal, higher levels of modulation create higher 
levels of multipath signal distortions and noise. And, because of the time derivative in equation 19 
higher frequency modulation creates more multipath distortion and noise. Therefore, the 38 kHz  S 
[stereo subcarrier] signal contributes considerably more to the multipath problem than does the M [the 
mono or L+R] signal. This is why mono broadcasts have very much reduced multipath problems 
compared to stereo. Additionally, SCA and other services with their high frequency subcarriers make 
the effects of multipath worse. Finally, longer path length differences between direct and reflected 
paths, with all other conditions held constant, make multipath effects worse.” 

 
Bose and Short explain the role of the time derivative in Section 3.1. “…the instantaneous 
frequency error at the output of the receiver detector is directly proportional to the derivative 
of the modulation”. For our purposes, and in the absence of any signals in the 53 to 99 kHz 
region, the value of the time derivative is proportional to the level and frequency of the stereo 
subcarrier components. Since the surround signal is carried as part of the stereo subcarrier, 
and thus affects the overall level of the (L-R) signal modulating the subcarrier, it can 
influence the susceptibility of the FM signal to multipath interference. To get an idea of how 
significant this effect is, we have to look at the differences between the (L-R) components of 
typical stereo (Lo Ro) and matrix encoded (Lt Rt) signals.  
 
The (L-R) signal falls on the upper left to lower right axis of an X-Y or phase display. All the 
screen shots represent about 0.1 second of the program signal.  
 
 
 
 

                                                 
1 A Theoretical and Experimental Study of Noise and Distortion in the Reception of FM Signals.  
Amar Bose and Wm. Short, copyright MIT, Cambridge MA, 1989, also reprinted as a “Classic Paper” in IEEE 
Transactions on Broadcasting, Volume 47 No. 2, June 2001 
 



 
 

Claude Bolling, California Suite, Track 1, 
“California” at 1:22.6 on CBS MK 36691  

 
This is a typical Artistic Stereo signal. It is 
pretty “center heavy” with most of the 
energy in the in phase (L+R) direction 
with some panned sources or reverb 
contributing to the (L-R) or out of phase 
component.

 
 
This is a Pro Logic II encoded (Lt 
Rt)downmix of a 5.1 channel film 
soundtrack, taken from track 4 of the 
Dolby Pro Logic II demo CD. The scene is 
a large crowd gathered around a group of 
heretics being burned at a stake in the 
middle of a square. The crowd noise is all 
around, but one of the heretics’ cries in the 
center channel dominates the auditory 
scene. It can be taken as an example of a 
good surround mix with emphasis on the 
Center channel. Note, the Pro Logic II 
examples are taken from this test disc 
because no commercial movie or music 
discs use Pro Logic II encoding.  

 
 
 
 
 

 
 
 



 
 

Artistic Stereo from Track 10 at 1:06.4 of 
Dolby CD – ICES 2006 PC 

Rock band with center male vocalist 
 
Another artistic stereo signal, this time 
with more energy in the (L-R) component, 
due to a more complex mix of a rock band. 
This cut sounds quite “spatial” as a stereo 
signal, and if decoded, provides quite a 
pleasing surround presentation. 

 
 
This is another section of the Pro Logic II 
(Lt Rt) encoded downmix of a 5.1 channel 
film soundtrack, taken from track 4 of the 
Dolby Pro Logic II demo CD. This time 
there is no center dialog, but there is 
surrounding crowd noise with incidental 
voices from many directions, and a choir 
predominantly in the surrounds, at a higher 
level than the crowd noise. It can be taken 
as an example of a good surround mix 
with emphasis on the Surround channels.
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Christine Aguilera, Stripped, Track 1, 
“Stripped” at 1:23.5 on RCA 

B00006CXXU 
 

This is an example of a highly processed 
(and clipped) Artistic Stereo signal, with 
roughly equal energy in the (L+R) and 
(L-R) channels. 

 
 
About 0.1 sec taken from the Artistic 
Stereo mix on the David Bowie, “Reality” 
disc, track 3, Never get Old, at 
approximately 3:41 
 
Again, lots of energy in the both the (L+R) 
and (L-R) directions 
 
 

 
 

 
 

This is a copy of the Beach Boys selection shown in part of Figure 6, in the body of the 
paper. The display of the artistic stereo signal is nearly identical to the Bolling artistic stereo 
signal display, while the downmix is dominated by the out of phase or (L-R) components. It 
is interesting to compare the (L-R) energy in the Artistic Stereo and Lt Rt downmix versions 
of the Wouldn’t it be Nice tracks to that of the Bowie, Never get Old Artistic Stereo track.   



 
Each dot on the plots shows the mean squared level of a 0.1 second sample of the (L-R) 
component of the two channel signal. The highest peak (at about 2200 on the time axis) 
corresponds to the Bowie X-Y screen shot shown above, taken at 3:41. The inputs to the 
routine that generated the plots were either ripped directly from the discs, or taken directly 
from the digital Lt Rt output of the Pro Logic II encoder used to downmix the 5 .1 channel 
version. (Note that this downmix may not be absolutely identical to the one used to produce 
the right hand X-Y plot of Figure 6, as it was done with a Neural encoder).     
 
This diagram emphasizes the fact that the susceptibility of an FM signal to multipath 
distortion is determined by a number of factors (as pointed out by Bose and Short) including 
the receivers (see the NPR report) and not just by the amplitude of the (L-R) stereo 
subcarrier. If the subcarrier amplitude was the only culprit, then broadcasts of the artistic 
stereo mixes represented by the Bowie and Aguilera stereo material shown here would 
certainly have suffered enough distortion to prompt listener complaints. This has not 
happened on any large scale; in fact Japanese FM radio broadcasters have been broadcasting 
matrix encoded material for a number of years without complaints. As the other plots above 
illustrate, there is often a great deal of similarity between the X –Y plots of Artistic Stereo 
and matrix encoded material. The MTS Television stereo sound transmission also uses FM 
(albeit with noise reduction in the L-R channel); the majority of movies seen on TV have 
matrix encoded sound tracks, again without viewer complaints.  
 
The “jellyfish” display is a useful tool for checking the relative channel levels of a 
multichannel mix to get an idea of how much surround information is present. Figure 7 in 



section 6 of the paper shows a mix that has significant surround content, but which is 
balanced by the front signals in the left, center and right channels.  
 
The display below of the multitrack mix of “Wouldn’t it be Nice” shows that the surrounds 
clearly dominate the mix. There are some L and R components, but the center channel is 
absent. This mix clearly has a completely different character than the artistic stereo mix. 
 

 
 
Nicholas D. Satullo  provided a very thorough analysis of the Pet Sounds DVD Audio disc 
when it was released in 2003 (read it all at 
http://www.highfidelityreview.com/reviews/review.asp?reviewnumber=19059725) in which 
he notes the very surround heavy character of the multichannel mix, and states that “the best 
way to enjoy this disc is by playing the two-channel high-resolution version through a 
surround processor that will convert it to multi-channel via either a Logic 7 or Dolby Pro 
Logic II matrix”.  
 
The review points out the importance of checking the mono and stereo compatibility of the 
multichannel material delivered to or produced by a station that moves to Surround Sound 
operation. The mono compatibility of stereo material has been checked at the point of 
production for so long now that it is essentially unnecessary to check it again at the station. 
Multichannel music production is still relatively new, so it is important to do the 
compatibility checks, particularly when the X-Y or jellyfish displays are unusual.  
 As the art of making multichannel programs matures, there will (hopefully) be less and less 
need to check the downmixes, but for the present, it is important.   
 
This section has only addressed what we may see or hear in the studio. The relative phase 
and amplitude of each channel can be affected by any audio processing gear placed between 
the studio and the transmitter. It is very important that the processing applied to each channel 
be coupled, so that the same thing is done to each channel. Even with that in place, the levels 
seen in the studio will not necessarily be the same as those applied to the transmitter.  
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