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	[image: image]
	 	[image: image]


[image: image]

What Ex­actly Is Mas­ter­ing?
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Tech­ni­cally speak­ing, mas­ter­ing is, quite sim­ply, the in­ter­me­di­ate step be­tween tak­ing the au­dio fresh from mix­down from a stu­dio and prepar- ing it to be repli­cated or dis­trib­uted. But it is much more than that.


[image: image]
––––––––
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Mas­ter­ing is not a set of tools or a de­vice that mu­sic is run through and au­to­mat­i­cally comes out mas­tered (de­spite what the ad­verts for these types of so-called “mas­ter­ing de­vices” say). It’s an art form that, when done con­sci­en­tiously in its high­est form, mostly re­lies on an in­di­vid­ual’s skill, ex­pe­ri­ence with var­i­ous gen­res of mu­sic, and good taste.




BERNIE GRUND­MAN: I think that mas­ter­ing is a way of max­i­miz­ing mu­sic to make it more ef­fec­tive for the lis­tener as well as maybe max­i­miz­ing it in a com­pet­i­tive way for the in­dus­try. It’s the fi­nal cre­ative step and the last chance to do any mod­i­fica- tions that might take the song to the next level.




GLENN MEAD­OWS:  I think that mas­ter­ing is, and al­ways has been, the real bridge be­tween the pro au­dio in­dus­try and the hi-fi in­dus­try. We’re the ones who have to take this stuff that sounds hope­fully good or great on a big pro­fes­sional mon­i­tor sys­tem and make sure it also trans­lates well to the home sys­tems. We’re the last link to get it right or the last chance to re­ally screw it up and make it bad, and I think we’re all guilty at times of do­ing both.
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Some His­tory
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In the early days of vinyl, mas­ter­ing was a black art prac­ticed by tech­ni­cal cur­mud­geons who mys­te­ri­ously made the trans­fer from the elec­tronic medium of mag­netic au­dio tape to the phys­i­cal medium of vinyl. There was a high de­gree of dif­fi­culty in this process be­cause the level ap­plied to the vinyl lac­quer was so cru­cial. Too low a level and you get a noisy disk; hit it too hard and you de­stroy the disk and maybe the $15,000 (that’s in 1950’s and 1960’s dol­lars) cut­ting sty­lus too.




Along the way, mas­ter­ing (back then some­times called trans­fer) engi- neers found ways to make the disks louder (and there­fore less noisy) by ap­ply­ing equal­iza­tion and com­pres­sion. Pro­duc­ers and artists be­gan to take no­tice that cer­tain records would ac­tu­ally sound louder on the ra­dio, and if they played louder, then the gen­eral pub­lic usu­ally thought they sounded bet­ter, so maybe (they were spec­u­lat­ing here) the disk sold bet­ter as a re­sult. Hence, a new breed of mas­ter­ing en­gi­neer was born, this one with some cre­ative con­trol and abil­ity to in­flu­ence the fi­nal sound of a record rather than just be­ing a trans­fer jock from medium to medium.




To­day’s top mas­ter­ing en­gi­neers prac­tice less of the black art of disk cut­ting but no less the wiz­ardry as they con­tinue to sub­tly shape and mold

wwwth.eS­varoiatlioun­stoiof frnequMen­caies­nanud daynla.minics­foof a project. And that’s the same goal if you’re do­ing the mas­ter­ing your­self.



From Vinyl to the CD and Be­yond

[image: image]


Un­til 1948, there was no dis­tinc­tion be­tween au­dio en­gi­neers be­cause ev­ery­thing was recorded di­rectly onto vinyl (all records were 10” and played at 78 RPM). In 1948, how­ever, the age of the “trans­fer” en­gi­neer be­gan when Am­pex in­tro­duced its first com­mer­cial mag­netic tape recorder. With most record­ing now be­ing done to mag­netic tape, a trans­fer had to be made to a vinyl mas­ter for de­liv­ery to the press­ing plant; hence the first in­car­na­tion of the “mas­ter­ing en­gi­neer” was born.




In 1955, Am­pex re­leased Sel-Sync (Se­lec­tive Syn­chro­nous) record­ing, which gave the mul­ti­track recorder the abil­ity to over­dub. Now that the record­ing in­dus­try was for­ever changed, so be­gan the real dis­tinc­tion be­tween the record­ing and mas­ter­ing en­gi­neer, since the jobs now dif­fered so greatly.




In 1957, the stereo vinyl record be­came com­mer­cially avail­able and re­ally pushed the in­dus­try to the sonic heights that it has reached to­day.
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(Some say the best au­dio ever came from this era.) At this point the mas- ter­ing en­gi­neer be­came more in­flu­en­tial thanks to ju­di­cious and cre­ative use of equal­iza­tion and com­pres­sion to cut the discs and make them sound bet­ter than when they were recorded.




With the in­tro­duc­tion of the CD in 1982, the mas­ter­ing en­gi­neer was forced into the dig­i­tal age, but still used tools from the vinyl past. But with the 1989 in­tro­duc­tion of the Sonic So­lu­tions dig­i­tal au­dio work­sta­tion with pre-mas­ter­ing soft­ware, mas­ter­ing grad­u­ally de­vel­oped into its cur- rent dig­i­tal state.




In the first half of 1995, MPEG-1 Au­dio Layer 3 files, more com­monly re­ferred to as MP3s, be­gan to spread on the In­ter­net, and their small file size set about a rev­o­lu­tion in the mu­sic in­dus­try that con­tin­ues to this day. This meant that the mas­ter­ing en­gi­neer had to be­come well versed in how to get the most from this for­mat (some­thing it took years for many mas- ter­ing en­gi­neers to get the hang of).




In 1999, 5.1 sur­round sound, high sam­ple rates, and 24-bit word lengths took the mas­ter­ing en­gi­neer into new, un­charted, but highly cre- ative ter­ri­tory. By 2002, al­most all mas­ter­ing en­gi­neers had be­come well ac­quainted with the com­puter be­cause vir­tu­ally ev­ery project was edited and ma­nip­u­lated in a DAW.



Why Mas­ter Any­way?
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Mas­ter­ing should be con­sid­ered the fi­nal step in the cre­ative process be­cause it is your last chance to pol­ish and fix your project. This is the case in the United States, but in Eu­rope mas­ter­ing is looked upon as the first stage of the man­u­fac­tur­ing process be­cause it is the place where the dig­i­tal bits get trans­ferred to ei­ther a me­chan­i­cal medium (such as vinyl) or an­other elec­tronic medium bet­ter suited for mass pro­duc­tion (such as CDs or cas­settes). Both of these views are true, but it’s a shame to over­look the cre­ative as­pect. It has be­come a moot point any­way, with many mu­sic re­leases com­pletely by­pass­ing CDs and the many other legacy me­dia.




A project that has been mas­tered (es­pe­cially at a top-flight mas­ter­ing house) sim­ply sounds bet­ter. It sounds com­plete, pol­ished, and fin­ished. The project that might have sounded like a demo be­fore now sounds like a record. This is be­cause the mas­ter­ing en­gi­neer has added ju­di­cious amounts of EQ and com­pres­sion to make the project big­ger, fat­ter, richer, and louder. He has matched the lev­els of each song so they all have the same ap­par­ent level. He has fixed the fades so that they’re smooth. He has edited out bad parts so well that you didn’t even no­tice. He has made all



[image: image]



the songs blend to­gether into a co­he­sive unit. In the case of mas­ter­ing for CD, he has in­serted the spreads (the time be­tween each song) so the songs now flow to­gether seam­lessly. He has se­quenced the songs so they fall in the cor­rect or­der. He has proofed your mas­ter be­fore it’s sent to the repli- cator to make sure it’s free of any glitches or noise. He has also made and stored a backup clone in case any­thing should hap­pen to your cher­ished mas­ter, and he has taken care of all of the ship­ping to the de­sired du­plica- tion fa­cil­ity if you’re us­ing one. And all this hap­pened so quickly and smoothly that you hardly knew it was hap­pen­ing.



Why It Sounds So Good When the Pros Do It

[image: image]


There are a lot of rea­sons why a com­mer­cial mas­ter­ing fa­cil­ity usu­ally pro- duces a bet­ter prod­uct than when you mas­ter at home. First of all, the mas­ter­ing house is bet­ter equipped. They have many things avail­able that you prob­a­bly won’t find in a sim­ple home or a small stu­dio DAW room, such as high-qual­ity dig­i­tal trans­fer con­soles, high-end A/D and D/A con- vert­ers, ul­tra-smooth out­board com­pres­sors and equal­iz­ers, mul­ti­ple tweaked 1/2” and 1/4” two-track tape ma­chines (if needed), DAT ma­chines (again, if needed), and an ex­cep­tional mon­i­tor­ing sys­tem.




[image: image]The mon­i­tor sys­tems of these fa­cil­i­ties sometimes cost far more than many en­tire home stu­dios. Cost here isn’t the point, but qual­ity is, since you can rarely hear what you need to hear on the com­monly used near- field mon­i­tors that most record­ing stu­dios have in or­der to make the ad­just­ments that you need to make. The vast ma­jor­ity of mon­i­tors and the rooms in which they re­side are just not pre­cise enough.




GLENN MEAD­OWS:  The rea­son peo­ple come to a mas­ter­ing en­gi­neer is to gain that mas­ter­ing en­gi­neer’s an­chor into what they hear and how they hear it and the abil­ity to get that stuff sound­ing right to the out­side world.




EDDY SCHREYER:  You can’t make a move or cre­ate a fix if you can’t hear it, so ob­vi­ously the mas­ter­ing en­vi­ron­ment is ex­tremely im­por­tant. A great fa­cil­ity to me means both client ser­vices and a com­fort­able place that’s able to fa­cil­i­tate both large and small ses­sions. I am as­sum­ing my stu­dio is some­what the norm. I can seat about five to six peo­ple in my room very com­fort­ably, and I be­lieve that is prob­a­bly some­what com­mon. I think a mas­ter­ing room that’s too small is not a good thing. At times there are more than two or three peo­ple who want to show up at a mas­ter­ing ses­sion, so that part of the client re­la­tion­ship is very im­por­tant to me. So the fa­cil­ity sort of dic­tates what your goal is in terms of the client/en­gi­neer re­la­tion­ship and just how com­fort­able you want these peo- ple to be.



[image: image]


Ex­pe­ri­ence Is the Key

[image: image]


But the mas­ter­ing en­gi­neer is the real key to the process. This is all he does day in and day out. He has “big ears” be­cause he mas­ters for at least eight hours ev­ery day and knows his mon­i­tors the way you know your fa­vorite pair of sneak­ers. Plus, his ref­er­ence point of what con­sti­tutes a good- sound­ing mix is finely honed thanks to work­ing hours and hours on the best- and worst-sound­ing mixes of each genre of mu­sic.




GREG CALBI:  As far as the per­son who might be try­ing to learn how to do his own mas­ter- ing, or un­der­stand mas­ter­ing in gen­eral, the main thing is that all you need is one ex­pe­ri­ence of hear­ing some­body else mas­ter some­thing. Your one ex­peri- ence at hav­ing it sound so in­cred­i­bly dif­fer­ent makes you then re­al­ize just how in­tri­cate mas­ter­ing can be and just how much you could add or sub­tract from a fi­nal mix.




BERNIE GRUND­MAN: Most peo­ple need a mas­ter­ing en­gi­neer to bring a cer­tain amount of ob­jec­tiv- ity to their mix, plus a cer­tain amount of ex­pe­ri­ence. If you (the mas­ter­ing en­gi­neer) have been in the busi­ness a while, you’ve lis­tened to a lot of mate- rial, and you’ve prob­a­bly heard what re­ally great record­ings of any type of mu­sic sound like. So in your mind you im­me­di­ately com­pare it to the best ones you’ve ever heard. You know, the ones that re­ally got you ex­cited and cre- ated the kind of ef­fect that pro­duc­ers are look­ing for. If it doesn’t meet that ideal, you try to ma­nip­u­late the sound in such a way as to make it as ex­cit­ing and ef­fec­tive a mu­si­cal ex­pe­ri­ence as you’ve ever had with that kind of mu­sic.




DAVE COLLINS: I per­son­ally think ex­pe­ri­ence is as valu­able as equip­ment in a large sense, be­cause af­ter you’ve done it for 10 or 20 years, you’ve heard al­most ev­ery­thing that can pos­si­bly go wrong and go right on a mix. So you can, in one re­spect, quickly ad­dress peo­ple’s prob­lems.




When a guy writes a book, he doesn’t edit the book him­self. He sends it off to an ed­i­tor, and the ed­i­tor reads it with a fresh set of eyes, just like a mas­ter- ing en­gi­neer hears it with a fresh set of ears.




GLENN MEAD­OWS: I don’t mean to be ar­ro­gant, but it has to do with the ex­pe­ri­ence of the engi- neer work­ing in his en­vi­ron­ment. He’s in the same room ev­ery day for years. I can walk into this room in the morn­ing and know if my mon­i­tors are right or wrong just by lis­ten­ing to a track from yes­ter­day. To me, that’s the value of a mas­ter­ing en­gi­neer. What they bring to the ta­ble is the cross-sec­tion of their ex­pe­ri­ence and their abil­ity to say, “No, you re­ally don’t want to do that.”




BOB OLHS­SON:  To me it’s a mat­ter of try­ing to fig­ure out what peo­ple were try­ing to do, and then do­ing what they would do if they had the lis­ten­ing sit­u­a­tion and ex­peri- ence that I have.



[image: image]



GLENN MEAD­OWS:  I find that the real value of a main­stream mas­ter­ing fa­cil­ity ver­sus try­ing to do it your­self or do­ing it in a small back­woods-type place or a base­ment place is that the ex­pe­ri­ence of the en­gi­neer comes into play and it can save you money and time.




Fi­nally, if mas­ter­ing was so easy, don’t you think that ev­ery big-time en­gi­neer or pro­ducer (or record com­pany, for that mat­ter) would do it them­selves? They don’t, and mas­ter­ing houses are busier than ever, which should tell you some­thing.




DAVE COLLINS: Ev­ery so of­ten I’ll have a client that I work with all the time, and his bud­get is gone by the time he’s ready to mas­ter. And so he says, “Well, I’ll go in the stu- dio and I’ll hook up a Massen­burg EQ, and I’ll do a lit­tle equal­iza­tion, and I’ll put a com­pres­sor of some type on the out­put of it.” But he’ll ul­ti­mately call back and say, “Well, I don’t know what I’m do­ing here. I’m just mak­ing it sound worse.”




And that’s kind of anal­o­gous to some guy try­ing to edit his own writ­ing. It is the im­par­tial ear that you get from your mas­ter­ing en­gi­neer that is valu- able. All this equip­ment and new tech­nol­ogy that we’ve got is a great thing, but you’re re­ally ask­ing for some­one who has never heard the record be­fore to hear it for the first time fresh.


BERNIE GRUNDwMAwN: wM.aSsteroingluis mtoiroe tnhanMjusat knnowuinag hlo.winto fmoanip­u­late the sound to get it to


where some­body wants it to go. I think that a lot of it is this will­ing­ness to en­ter into an­other per­son’s world, and get to know it and ac­tu­ally help that per­son ex­press what he is try­ing to ex­press, only bet­ter.




Al­though all of this may seem as if I’m try­ing to dis­cour­age you from do­ing your own mas­ter­ing, that’s re­ally not the case. In fact, what I’m try- ing to do is give you a ref­er­ence point, and that ref­er­ence point is how the pros op­er­ate and why they are so suc­cess­ful. From there you can de­ter­mine whether you’re bet­ter served by do­ing it your­self or us­ing a pro.




But the rea­son that you’re read­ing this book is be­cause you want to learn about all the tricks, tech­niques, and nu­ances of a ma­jor mas­ter­ing fa­cil­ity, right? Read on, and I’ll show you the hows and whys of these oper- ations in de­tail.
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Some Dig­i­tal Au­dio Ba­sics
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Now is prob­a­bly a good time for a brief re­view of some of the ba­sics of dig­i­tal au­dio. Al­though you may be fa­mil­iar with the sam­ple rate and word length al­ready, there al­ways seems to be a lot of ques­tions about the dif­fer- ences be­tween file for­mats, such as AIFF and WAV, so we’ll try to take care of them straight away.



Sam­ple Rate and Word Length
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Sam­ple rate and word length de­ter­mine the qual­ity of a dig­i­tal au­dio sig- nal. To un­der­stand the sig­nif­i­cance of sam­ple rate and word length and how they af­fect qual­ity, a brief dis­cus­sion is in or­der. Re­mem­ber, this is a brief dis­cus­sion that will only give you the gen­eral con­cepts of dig­i­tal au­dio. If you re­ally want to get un­der the hood of dig­i­tal au­dio, re­fer to a book such as Prin­ci­ples of Dig­i­tal Au­dio by Ken Pohlmann.




The ana­log au­dio wave­form is mea­sured by an ana­log-to-dig­i­tal con- verter (called an A to D, ADC, or A/D con­verter) in am­pli­tude at dis­crete points in time, and this is called sam­pling. The more sam­ples per sec­ond of the ana­log wave­form that are taken, the bet­ter dig­i­tal rep­re­sen­ta­tion of the wave­form that oc­curs, re­sult­ing in greater band­width for the sig­nal. Au­dio on a CD has a sam­pling rate of 44,100 times a sec­ond (or 44.1 kHz), which, thanks to a law of dig­i­tal au­dio called the Nyquist The­o­rem, yields a max­i­mum au­dio band­width of about 22 kHz. A sam­pling rate of 96 kHz gives a bet­ter dig­i­tal rep­re­sen­ta­tion of the wave­form be­cause it uses more sam­ples, and it yields a us­able au­dio band­width of about 48 kHz. A 192- kHz sam­ple rate yields a band­width of 96 kHz. There­fore, the higher the sam­pling rate, the bet­ter the rep­re­sen­ta­tion of the sig­nal and the greater the au­dio band­width—which means it sounds bet­ter!
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A dig­i­tal word is some­what the same in that more is bet­ter. The more bits in a dig­i­tal word, the bet­ter the dy­namic range—which means it sounds bet­ter! Ev­ery bit means 6 dB of dy­namic range. There­fore, 16 bits yields a max­i­mum dy­namic range of 96 dB, 20 bits equals 120 dB DR, and 24 bits a the­o­ret­i­cal max­i­mum of 144 dB DR.




From this you can see that a high-res­o­lu­tion 96-kHz/24-bit for­mat (usu­ally just ab­bre­vi­ated 96/24) is far closer to sonic re­al­ism than the cur- rent CD stan­dard of 44.1/16, and 192/24 even more so. The higher the sam­ple rate, the greater the band­width, and there­fore the bet­ter the sound. The longer the word length (more bits), the greater the dy­namic range, and there­fore the bet­ter the sound.




What all this means is that a mix­ing en­gi­neer now has a choice of sonic res­o­lu­tions to mix to that was never avail­able be­fore. For the high­est fi­delity, a stereo mix at 192/24 (and even higher in the fu­ture) can be cho- sen, al­though most peo­ple prob­a­bly won’t hear it at that res­o­lu­tion. But thanks to op­ti­cal disc me­dia such as DVD, Blu-ray, HD-DVD, and what- ever else comes along, mix­ers are no longer tied to the old CD-qual­ity stan­dard of 44.1 kHz at 16 bits, which we’ll cover in depth in Chap­ter 6, “Mas­ter­ing for CD.”
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olu­tion mas­ter makes for a bet­ter sound­ing lower- res­o­lu­tion de­liv­ery. This ap­plies even if the ul­ti­mate de­liv­ery medium is to be a lower res­o­lu­tion CD or MP3.



Stan­dard Au­dio File For­mats
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This sec­tion dis­cusses the types of files found on a typ­i­cal dig­i­tal au­dio work­sta­tion and their dif­fer­ences.




►  LPCM (Lin­ear Pulse Code Mod­u­la­tion). This is the process of sam- pling an ana­log wave­form and con­vert­ing it to dig­i­tal bits that are rep- re­sented by bi­nary dig­its (ones and ze­roes) of the sam­ple val­ues. When LPCM au­dio is trans­mit­ted, each one is rep­re­sented by a pos­i­tive volt- age pulse and each zero is rep­re­sented by the ab­sence of a pulse (see Fig­ure 2.1). LPCM is the most com­mon method of stor­ing and trans- mit­ting un­com­pressed dig­i­tal au­dio. Be­cause it is a generic for­mat, it can be read by most au­dio ap­pli­ca­tions, sim­i­lar to the way a plain text file can be read by any word-pro­cess­ing pro­gram. LPCM is used by au­dio CDs and dig­i­tal au­dio tape for­mats (DATs or DA-88s) and is rep- re­sented in a file for­mat on a DAW by AIFF, BWF, WAV, or SD2 files.
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Chap­ter 2 Some Dig­i­tal Au­dio Ba­sics



––––––––
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Fig­ure 2.1 Lin­ear PCM.

––––––––
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►  AIFF (Au­dio In­ter­change File For­mat). This is a file for­mat for stor­ing LPCM dig­i­tal au­dio data. It sup­ports a va­ri­ety of bit res­o­lu­tions, sam- ple rates, and chan­nels of au­dio. The for­mat was de­vel­oped by Ap­ple Com­puter and is the stan­dard au­dio for­mat for Mac­in­tosh com­put­ers, al­though all plat­forms can read al­most any file for­mat these days. AIFF files gen­er­ally end with an .aif ex­ten­sion.




►  WAV (Wave­form Au­dio). This is an­other file for­mat for stor­ing LPCM dig­i­tal au­dio data. Cre­ated by Mi­cro­soft and IBM, WAV was one of the first au­dio file types de­vel­oped for the PC. WAV files are in­di­cated by a

.wav suf­fix in the file name and are of­ten spelled wav (in­stead of wave) in writ­ing. The WAV file for­mat sup­ports a va­ri­ety of bit res­o­lu­tions, sam­ple rates, and chan­nels of au­dio.




►  BWF (Broad­cast Wave). This is spe­cial ver­sion of the stan­dard WAV au­dio file for­mat de­vel­oped by the Eu­ro­pean Broad­cast Union in 1996. BWFs con­tain an ex­tra “chunk” of data, known as the broad­cast ex­ten- sion chunk, that con­tains in­for­ma­tion on the au­thor, ti­tle, orig­i­na­tion, date, time, and so on of the au­dio con­tent. Per­haps the most sig­nif­i­cant as­pect of BWFs is the fea­ture of time stamp­ing, which al­lows files to be moved from one DAW ap­pli­ca­tion to an­other and eas­ily aligned to their proper point on a time­line or edit de­ci­sion list. These files end with a .bwf file ex­ten­sion.
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►  SDII or SD2 (Sound De­signer II). This is a mono or stereo au­dio file for­mat for stor­ing LPCM, orig­i­nally de­vel­oped by Digidesign for their DAW soft­ware ap­pli­ca­tions. It is the suc­ces­sor to the orig­i­nal mono- phonic Sound De­signer I au­dio file for­mat. When used on a PC, the file must use the ex­ten­sion of .sd2. SD2 files are fast los­ing fa­vor to the AIFF and WAV for­mats and should be con­sid­ered ob­so­lete.



Data Com­pres­sion
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Lin­ear PCM files are large and, as a re­sult, painfully slow to up­load and down­load, even with a ded­i­cated high-speed con­nec­tion. As a re­sult, data com­pres­sion was in­tro­duced to keep a cer­tain amount of sonic in­tegrity (how much is in the ear of the be­holder) while mak­ing an au­dio file immi- nently trans­portable.




Data com­pres­sion isn’t at all like the au­dio com­pres­sion that we’ll be talk­ing about in the book. Data com­pres­sion re­duces the amount of physi- cal stor­age space and mem­ory re­quired to store a sound, and there­fore re­duces the time re­quired to trans­fer a file. We’ll talk more about data- com­pressed files such as MP3, AC-3, Dolby Dig­i­tal, DTS, and more in the de­liv­ery for­mat chap­ters later in the book. (See Chap­ter 8, “Mas­ter­ing for

wwwIn.teS­r­neot Dluistr­ti­i­bouti­nonM,” anad Cn­hauptear 1l1.,i“nMaf­sotering for Film and Tele­vi­sion.”)
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Tools for Mas­ter­ing
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Some­one once said that mas­ter­ing is about 30 per­cent tools and 70 per­cent ears. That be­ing said, the tools that are re­quired are very unique to the genre, and in the ana­log days, they were of­ten cus­tom-made. Even to­day there are cus­tom mas­ter­ing ver­sions of some very pop­u­lar out­board record­ing units (again, mostly ana­log). These mas­ter­ing ver­sions have many of the most used con­trols de­tented and se­lectable, which is a rather ex­pen­sive fea­ture.




BERNIE GRUND­MAN: We build our own equip­ment. It’s built mostly as an in­te­grated sys­tem to avoid a lot of ex­tra elec­tron­ics and iso­la­tion de­vices and so forth. We have all sep­a­rate power to each one of our rooms and a very elab­o­rate ground­ing setup, and we’ve proven to our­selves that it helps time and time again. We have all cus­tom wire in the con­sole. We build our own power sup­plies as well as ev­ery­thing else—the equal­iz­ers, ev­ery­thing.



––––––––
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Com­mon El­e­ments
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All tools for mas­ter­ing, re­gard­less of whether ana­log or dig­i­tal, have two ma­jor fea­tures in com­mon—ex­tremely high sonic qual­ity and re­peata­bil- ity. The sonic qual­ity is a must in that any de­vice in ei­ther the mon­i­tor or sig­nal chain should have the least ef­fect pos­si­ble on the sig­nal. The re­peata­bil­ity is im­por­tant (al­though less so now than in the days of vinyl) in that the ex­act set­tings must be re­peated in the event that a project must be re­done (as in the case of ad­di­tional parts or changes be­ing called for weeks later). Al­though this fea­ture isn’t much of a prob­lem in the dig­i­tal do­main be­cause the set­tings can be mem­o­rized, many ana­log mas­ter­ing de­vices are still used, so these hard­ware de­vices re­quire spe­cial “mas­ter­ing” ver­sions that have 1 dB or less seg­ment se­lec­tions on the con­trols (see Fig­ures 3.1 and 3.2). These ad­di­tions add se­ri­ously to the cost of the de­vice.
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Fig­ure 3.1

GML 9500 mas­ter­ing equal­izer. (Im­age cour­tesy of George Massen­burg Labs.)

Fig­ure 3.2

Avalon AD2077 mas­ter­ing equal­izer. (Im­age cour­tesy of Avalon De­signs.)
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THE SIG­NAL PATH

[image: image]Just as a ref­er­ence point, most ma­jor mas­ter­ing fa­cil­i­ties have both ana­log and dig­i­tal sig­nal paths, since so many of the tools and source ma­te­ri­als ex­ist in both do­mains. That be­ing said, the overall sig­nal path is kept as

short as pos­si­ble, with any un­needed items re­moved so the sig­nal re­mains un­af­fected.

[image: image]Fig­ure 3.3

The ana­log sig­nal path.



GREG CALBI:  On the ana­log side, what I try to do is com­bine light and dark, solid state and tube. So I have a bunch of tube equip­ment. I have the EAR com­pres­sors and the EAR EQs; the MEQ and the reg­u­lar one, like the old Pul­tec. And I have an Avalon com­pres­sor and Avalon equal­izer, which is a lit­tle bit more spe­cific. I also have a Man­ley tube lim­iter com­pres­sor, one of those Vari-Mu’s and one of Doug Sax’s level am­pli­fiers.




DAVE COLLINS: The ana­log sig­nal path is a Studer 820 used just as a trans­port. We use a Flux Mag­net­ics play­back head that’s con­nected to the out­board tape play­back elec- tron­ics…that is a half tube, half solid state. That feeds an all-cus­tom ana­log con­sole. Ba­si­cally, the tape ma­chine feeds some pas­sive at­ten­u­a­tion, and from there I’ve got a cus­tom EQ that we use. I’ve got a Prism ana­log EQ, a Man­ley Vari­able-Mu com­pres­sor, and a heav­ily mod­i­fied SSL con­sole com­pres­sor, and we’ve got a Waves L2 lim­iter (se­rial num­ber 0) and a dB Tech­nol­ogy A/D con­verter. I also use that TC dB Max….




DOUG SAX:  As a point of in­ter­est, whether the source is ana­log or dig­i­tal, if it needs EQ, I EQ it as an ana­log. That makes sense be­cause if you come in with 96/24, I just look at it as good-sound­ing ana­log. I do what I want with it, then I’ll get it down to 44.1 and 16 bit in the best way pos­si­ble. So whether it’s 1/2” or 1/4” ana­log or dig­i­tal, it goes into good con­vert­ers and comes up as ana­log. Then the EQ is pas­sive with the same equal­izer I’ve had since 1968. The lim- iters are all tubes and they’re trans­former­less. Ninety-nine per­cent of what I do is done be­tween those two de­vices.




GLENN MEAD­OWS:  It can be a com­bi­na­tion, but my path is typ­i­cally 99 per­cent dig­i­tal be­cause 99 per­cent of what I am get­ting is dig­i­tal. For ex­am­ple, with this one-inch two-track that I am work­ing with, if I de­cide I need an ana­log EQ I will come through a Mil­len­niia Dual (the mas­ter­ing ver­sion with the de­tents on it), then run into my Prism AD2 con­verter, and then come into the rest of the mas­ter­ing chain 24-bit dig­i­tal. Then we will store it 24-bit dig­i­tal and do any­thing else that we have to do at 24 bits in­ter­nally. Then on the way back out the door, I can now loop out and back in and pick up my Z-Sys equal­izer, us­ing the power of POW-R word length re­duc­tion if I need to. The SADiE has the Apogee UV22 built in, if I de­cide to use that. So I have got the abil­ity to han­dle it which­ever way is most ap­pro­pri­ate for the mu­sic. But the pro­cess­ing gear at the mo­ment on the dig­i­tal side is the Z-Sys­tems six-chan­nel EQ and Weiss EQ and com­pres­sor/lim­iters.




BOB LUD­WIG: In the ana­log do­main, it goes from the tape ma­chine into George Massen­burg/Sony elec­tron­ics that are as min­i­mal and au­dio­phile as one can get. The out­put of that goes into ei­ther a dCS, Pa­cific Mi­croson­ics or some- times Apogee ana­log-to-dig­i­tal con­verter. When I need other out­board gear, we’ve got Neu­mann EQs and NTP and Man­ley com­pres­sors. Be­tween the Man­ley, NTP, and dig­i­tal do­main com­pres­sors, that nor­mally fills the bill for
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me, but I do have some Aphex Com­pel­lors. In the dig­i­tal do­main I have all the Weiss 96/24 stuff. The bw102, which has the 96-kHz de-esser in it as well, is com­plete with a mixer, com­pres­sor, and equal­iza­tion.




As you can see, the ana­log path is some­what of a hy­brid in that it starts out in the ana­log do­main but even­tu­ally en­ters the dig­i­tal. Also, just be­cause a source tape starts out in the dig­i­tal do­main (like a DAT), it doesn’t nec­es­sar­ily mean that it will re­main there. It’s not un­com­mon for the mas­ter­ing en­gi­neer to come back to ana­log in or­der to in­sert a spe­cific equal­izer or com­pres­sor, then re­turn to dig­i­tal.




THE DIG­I­TAL DE­TAN­GLER

One of the few tools that seem to be uni­ver­sal among ma­jor mas­ter­ing stu- dios is one of the Z-Sys­tems de­tan­glers. This is es­sen­tially a dig­i­tal router or patch­bay that al­lows patch­ing one dig­i­tal de­vice to an­other (or many oth­ers) at the push of a but­ton. The unit func­tions as a dig­i­tal au­dio patch­bay, a dis­tri­bu­tion am­pli­fier, a router, a for­mat con­verter, and a chan- nel switcher, all in one box (see Fig­ure 3.4).



[image: image]Fig­ure 3.4

Z-Sys 32.32r dig­i­tal de­tan­gler. (Im­age cour­tesy of Z-Sys­tems.)

.




For more in­for­ma­tion go to www.z-sys.com.




THE MON­I­TOR SYS­TEM

The heart and soul of the mas­ter­ing sig­nal chain are the cho­sen loud- speak­ers. More than any one de­vice, these are the main link of the mas­ter- ing en­gi­neer to both the ref­er­ence point of the out­side world and the pos­si­ble de­fi­cien­cies of the source ma­te­rial. More great pains go into the mon­i­tor­ing sys­tem than al­most any other piece of gear in the stu­dio.




BERNIE GRUND­MAN: [P]rob­a­bly the one big­gest and most im­por­tant piece of equip­ment that a mas­ter­ing en­gi­neer can have is his mon­i­tor, and he has to un­der­stand that mon­i­tor and re­ally know when it’s where it should be. If you know the moni- tor and you’ve lived with it for a long time, then you’re prob­a­bly go­ing to be able to make good record­ings.
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THE ACOUS­TIC EN­VI­RON­MENT

Hav­ing the finest re­pro­duc­tion equip­ment is all for naught un­less the acous­tic en­vi­ron­ment in which it is placed is sound. Be­cause of this, more time, at­ten­tion, and ex­pense are ini­tially spent on the acous­tic space than on vir­tu­ally any other as­pect.




BOB KATZ: A great mon­i­tor in a bad room does ab­so­lutely noth­ing for you, so if you don’t start with a ter­rific room and a plan for how it will in­te­grate with the moni- tors, you can for­get about it. No mat­ter what you do, they will still suck, and you will still have prob­lems.




BOB LUD­WIG: To tell you the truth, I think a lot of peo­ple have heard about the ef­fort we’ve gone through to make our room as acous­ti­cally per­fect as pos­si­ble. So many times peo­ple come into the room and they go, “Oh, my God!” or some­thing like that. I felt that if I stayed in New York, I’d never be able to have a room that was acous­ti­cally as per­fect as we knew how to make it. But in or­der to get as near per­fect a sit­u­a­tion as pos­si­ble, you ac­tu­ally need a fairly large shell that’s at least 30 feet long and ac­com­mo­dates a 17- or 18-foot ceil­ing.




Be­cause the room de­sign is be­yond the scope of this book, here’s a list of some great acous­tic de­sign­ers for more in­for­ma­tion:




►  Fran­cis Manzella De­sign Lim­ited: www.fmde­sign.com




►  Wa­ter­land De­sign: www.wa­ter­land.com




►  Wave:Space, Inc.: www.wave-space.com




►  Russ Berger De­sign Group: www.rbdg.com




►  BOTO De­sign: www.BOTO.com




►  Wal­ters-Sto­ryk De­sign Group: www.wsdg.com




►  Bob Ho­das Acous­tic Anal­y­sis: www.bob­ho­das.com




►  Chips Davis De­signs: www.chips-davis.com




►  Jeff Cooper Ar­chi­tects: www.jef­f­cooper.com




►  TMH Cor­po­ra­tion: www.tmh­labs.com




►  Per­cep­tion In­cor­po­rated: George Augs­berger
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MON­I­TORS

The keys to a mas­ter­ing mon­i­tor are wide and flat fre­quency re­sponse. Wide fre­quency re­sponse is es­pe­cially im­por­tant on the bot­tom end of the fre­quency spec­trum, which means that a rather large mon­i­tor is re­quired, per­haps with a sub­woofer as well. This means that many of the com­mon mon­i­tors used in record­ing and mix­ing, es­pe­cially near-fields, will not pro­vide the fre­quency re­sponse re­quired for mas­ter­ing.




Smooth fre­quency re­sponse is im­por­tant for a num­ber of rea­sons.

First, an in­ac­cu­rate re­sponse will re­sult in in­ac­cu­rate equal­iza­tion in or­der to com­pen­sate. It will also prob­a­bly mean you’ll overuse the EQ as well in an un­con­scious at­tempt to over­come the de­fi­cien­cies of the mon­i­tors them­selves.




Large mon­i­tors with a lot of power be­hind them are not for loud play- back, but for clean and de­tailed, dis­tor­tion-free level. These mon­i­tors never sound loud; they just get big­ger and big­ger sound­ing and yet re­veal ev­ery nu­ance of the mu­sic.



[image: image]

Fig­ure 3.5



Al­though the se­lec­tion of mon­i­tor­ing is a very sub­jec­tive and per­sonal is­sue (just as in record­ing), there are some brand names that re­peat­edly pop up in ma­jor mas­ter­ing houses. These in­clude Tan­noy, B&W, Lip­in­ski,


wwwan.dSDuontleucht(iseoe  FnigMuresa3.5nanud a3.6l).. info

[image: image]B&W 801D. (Im­age cour­tesy of B&W Loud­speak­ers.)

Fig­ure 3.6

Lip­in­ski L-717. (Im­age cour­tesy of Lip­in­ski Sound.)

––––––––
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►  Tan­noy: www.tan­noy.com




►  B&W: http://www.bow­ers-wilkins.com




►  Dun­tech: www.dun­tech.com.au




►  Lip­in­ski Sound: www.lip­in­skisound.com



[image: image]


BOB LUD­WIG: One rea­son I’ve al­ways tried to get the very best speaker I can is I’ve found that when some­thing sounds re­ally right on an ac­cu­rate speaker, it tends to sound right on a wide va­ri­ety of speak­ers. I’ve never been a big fan of try­ing to get things to sound right only on an NS-10M.




EDDY SCHREYER:  I’ve been us­ing Tan­noys since about 1984 or 1985. I’m just a big fan of the dual-con­centrics. I think the phase co­herency is just un­sur­passed. Once you get used to lis­ten­ing to these boxes, it’s very dif­fi­cult to lis­ten to spread driv­ers again. In this par­tic­u­lar case, my Dual 15s have been cus­tom-mod­i­fied for the room to some de­gree, and us­ing them is just a great treat. I think they are one of the eas­ier speak­ers to lis­ten to since they cer­tainly don’t sound like the big brash mon­i­tor that they pos­si­bly might look to be. A typ­i­cal com­ment made about the mon­i­tors here at Oa­sis is that they sound like the best big stereo sys- tem they’ve ever heard, which is a ter­rif­i­cally flat­ter­ing com­pli­ment. I also have some lit­tle Tan­noy Sys­tem 600s for near-fields, and now I’ve added some dual 15 subs to the mains.




BERNIE GRUND­MAN: We build our own boxes and crossovers and we use all Tan­noy com­po­nents. We have it all mixed in with dif­fer­ent el­e­ments that we feel are go­ing to give us the best sound. It’s not that we’re go­ing for the big­gest or the most pow­er­ful sound; we’re go­ing for neu­tral be­cause we re­ally want to hear how one tune com­pares to the other in an al­bum. We want to hear what we’re do­ing when we add just a half dB at 5k or 10k. A lot of speak­ers nowa­days have a lot of col­oration, and they’re kind of fun to lis­ten to, but boy, it’s hard to hear those sub­tle lit­tle dif­fer­ences. We just use a two-way speaker sys­tem with just one woofer and one tweeter so it re­ally puts us in be­tween near-fields and big sof- fited mon­i­tors.




ON THE BOT­TOM

Get­ting a project to have enough low end so that it trans­lates well to speaker sys­tems of all sizes is one thing that mas­ter­ing en­gi­neers pride them­selves on, and one of the rea­sons that near-field or even pop­u­lar sof- fit-mounted large mon­i­tors are in­ad­e­quate for mas­ter­ing. The only way that you can prop­erly tune the low end of a track is if you can hear it; there­fore, a mon­i­tor with a fre­quency re­sponse to at least 40 Hz is defi- nitely re­quired.




SUB­WOOFERS

[image: image]To hear that last oc­tave on the bot­tom, many mas­ter­ing en­gi­neers are now re­sort­ing to sub­woofers. A great de­bate rages as to whether a sin­gle sub- woofer or stereo sub­woofers are re­quired for this pur­pose. Those who say stereo subs are a must in­sist that enough di­rec­tional re­sponse oc­curs at lower fre­quen­cies to re­quire a stereo pair. There is also a sense of en­velop- ment that bet­ter ap­prox­i­mates the re­al­ism of a live event with stereo subs. Ei­ther way, the place­ment of the sub­woofers is of vi­tal im­por­tance due to the stand­ing waves of the con­trol room at low fre­quen­cies.
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Sin­gle Sub­woofer Place­ment and Ad­just­ment Tips

Though there is a to­tally sci­en­tific way to place the sub­woofer, it is be­yond the means of all but the largest fa­cil­i­ties. For­tu­nately, there’s a method that will get you in the ball­park, al­though you’ll have to tweak a bit by ex­per­i­ment­ing from there. Keep in mind that this method is for sin­gle sub­woofer use.


[image: image]
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AM­PLI­FIERS

Al­though the trend for most record­ing-style mon­i­tors is to­ward self-pow- ered units, most speak­ers in the mas­ter­ing en­vi­ron­ment still re­quire an out­board am­pli­fier—and a rather large one at that. It is not un­com­mon to see am­pli­fiers of well over 1,000 watts per chan­nel in a mas­ter­ing situa- tion. This is not for level (since most mas­ter­ing en­gi­neers don’t lis­ten all that loudly), but more for head­room so that the peaks of the mu­sic in­duce nary a hint of dis­tor­tion. Be­cause many speak­ers used in a mas­ter­ing situa- tion are rather in­ef­fi­cient as well, this ex­tra amount of power can com­pen- sate for the dif­fer­ence.




Al­though many power amps that are stan­dard in pro­fes­sional record- ing, such as Man­ley, Brys­ton, and Hafler, are fre­quently used, it’s not un­com­mon to see au­dio­phile units such as Cello, Thresh­old, Krell, and Chevin (see Fig­ure 3.7).




►  Brys­ton: www.brys­ton.ca

►  Chevin Re­search: www.chevin-re­search.com

►  Thresh­old-Au­dio: www.thresh­old-au­dio.com

►  Krell: www.krel­lon­line.com

►  Man­ley: www.man­ley­labs.com
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[image: image]Fig­ure 3.7

Krell 302. (Im­age cour­tesy of Krell In­dus­tries.)




BOB LUD­WIG: When I started Gate­way, I got an­other pair of Dun­tech Sov­er­eigns and a new pair of Cello Per­for­mance Mark II am­pli­fiers this time. These are the amps that will put out like 6,000-watt peaks. One never lis­tens that loudly, but when you lis­ten, it sounds as though there’s an un­lim­ited source of power at­tached to the speak­ers. You’re never strain­ing the amp, ever.


wwwCO.SNVEoRTlEuRStion­Man­ual.info


With the ad­vent of the dig­i­tal age, mas­ter­ing stu­dios have been forced to add a new set of tools to their ar­se­nal—ana­log-to-dig­i­tal (A/D) and digi- tal-to-ana­log (D/A) con­vert­ers. Be­cause each brand has a slightly dif­fer­ent sound (just like most other pieces of gear), most mas­ter­ing fa­cil­i­ties have nu­mer­ous ver­sions of each type avail­able for a par­tic­u­lar type of mu­sic.




Among the cur­rent pop­u­lar con­vert­ers are Prism Sound, Lavry En­gi­neer­ing, Mytek, Apogee, and Bench­mark Me­dia (see Fig­ure 3.8).



[image: image]Fig­ure 3.8

Lavry AD122 ana­log-to-dig­i­tal con­verter. (Im­age cour­tesy of Lavry En­gi­neer­ing.)

[image: image]



GREG CALBI:  I usu­ally work with two dif­fer­ent A-to-D con­vert­ers. I have a dB Tech­nolo­gies con­verter and I have one that the guys at JVC were fool­ing around with for awhile, which is ex­cel­lent. I try to have two dif­fer­ent con­vert­ers at all times, one that maybe has a deeper bot­tom and bet­ter imag­ing, and an­other one that’s maybe a lit­tle more ex­cit­ing in the midrange.




EQUAL­IZ­ERS

One of the bread-and-but­ter tools of the mas­ter­ing en­gi­neer, the equal- izer—or, more ac­cu­rately, a set of equal­iz­ers—is used more than al­most any other de­vice with the ex­cep­tion of the com­pres­sor. Mas­ter­ing equaliz- ers dif­fer from their record­ing coun­ter­parts in that they usu­ally fea­ture stepped rather than con­tin­u­ously vari­able con­trols in or­der to be able to re­peat the set­tings. The steps may be in in­cre­ments as lit­tle as 0.5 dB, al­though 1 dB is seen most.




Pop­u­lar ana­log hard­ware equal­iz­ers in­clude the GML 8200 and 9500, the Avalon 2077, the Son­tec MFS 432, and the Man­ley Mas­sive Pas­sive (see Fig­ure 3.9). Some of the more pop­u­lar dig­i­tal hard­ware equal­iz­ers are the Weiss EQ-1 (see Fig­ure 3.10) and the Z-Sys Z-Q1.




Pop­u­lar soft­ware equal­iz­ers in­clude the Son­nex Ox­ford EQ-500 (see Fig­ure 3.11) and the Massen­burg De­sign­Works md­weq-v2 (see Fig­ure 3.12).



[image: image]Fig­ure 3.9

Manely Mas­sive Pas­sive equal­izer. (Im­age cour­tesy of Man­ley Labs.)

[image: image]Fig­ure 3.10

Weiss EQ-1 dig­i­tal equal­izer. (Im­age cour­tesy of Weiss.)
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[image: image]Fig­ure 3.11

Son­nex Ox­ford EQ-500 plug-in. (Im­age cour­tesy of Son­nex.)

[image: image]Fig­ure 3.12

Massen­burg De­sign­works md­weq- v2 plug-in. (Im­age cour­tesy of Massen­burg De­sign­Works.)

.
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COM­PRES­SORS AND LIM­ITERS

The other ma­jor bread-and-but­ter tools of the mas­ter en­gi­neer are the com­pres­sor and the lim­iter. Al­though dur­ing record­ing this is usu­ally the same unit that can be se­lected to func­tion ei­ther way, mas­ter­ing re­quires two sep­a­rate units. Gen­er­ally speak­ing, the com­pres­sor is used to shape the dy­nam­ics of a song by adding punch and strength, whereas the lim­iter is used to raise the ap­par­ent level of the song by con­trol­ling the mu­si­cal peaks.




Hard­ware com­pres­sors that are of­ten found in ma­jor mas­ter­ing fa­cili- ties in­clude the ana­log Man­ley Vari-Mu (see Fig­ure 3.13) and the Tube- Tech LCA 2B as well as the dig­i­tal Junger d01, the Waves L2 (see Fig­ure 3.14), and the TC M5000.




Some of the pop­u­lar soft­ware com­pres­sors and lim­iters in­clude the Ox­ford Dy­nam­ics 500w and the Waves L1 Ul­tra­max­i­mizer (see Fig­ures 3.15 and 3.16).
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[image: image]Fig­ure 3.13

Man­ley Vari-Mu com­pres­sor. (Im­age cour­tesy of Man­ley Labs.)

[image: image]Fig­ure 3.14

Waves L2 lim­iter. (Im­age cour­tesy of Waves Au­dio Ltd.)

[image: image]Fig­ure 3.15

Ox­ford Dy­nam­ics 500w plug-in. (Im­age cour­tesy of Son­nex.)

[image: image]Fig­ure 3.16

Waves L1 Ul­tra­max­i­mizer plug-in. (Im­age cour­tesy of Waves Au­dio Ltd.)
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TAPE MA­CHINES

Al­though the use of mag­netic au­dio tape, ei­ther ana­log or dig­i­tal, has de­creased to min­i­mal, it’s still used enough that ma­jor mas­ter­ing fa­cil­i­ties must have the ma­chines on hand.




Ana­log Tape Ma­chines

Al­though the use of ana­log tape is very lim­ited these days, you still see it used oc­ca­sion­ally for the fi­nal mix, par­tic­u­larly on big-bud­get su­per­star ses­sions. Far and away the work­horse of the ana­log world is the 1/2” two- track tape ma­chine (mean­ing it uses 1/2” mag­netic tape), al­though this usu­ally has a 1/4” head­stack avail­able as well. The most widely sought af­ter ma­chine for this pur­pose is the Am­pex ATR-102 (see Fig­ure 3.17), al­though many fa­cil­i­ties have Studer 827s as well. It is not un­com­mon for the elec­tron­ics of these ma­chines to be highly mod­i­fied to im­prove the sig- nal path. It should be noted that nei­ther ma­chine is cur­rently in pro­duc- tion, mean­ing that they draw pre­mium prices on the used mar­ket.



[image: image]Fig­ure 3.17

Am­pex ATR-102 two-track recorder.
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When ana­log tape was at its peak in the mid-1990s, a for­mat that was briefly used was the 1” two-track. Again, this is a 1” head­stack mounted on an Am­pex or Studer trans­port.




At one point in time, cas­sette decks were an im­por­tant part of the mas- ter­ing fa­cil­ity, with huge banks of decks used for artist and la­bel check copies. But since the ad­vent of the in­ex­pen­sive CD burner, cas­settes have nearly gone the way of the di­nosaur. How­ever, mas­ter­ing fa­cil­i­ties usu­ally have one around just in case it’s needed. Most ma­jor fa­cil­i­ties haven’t even pow­ered their decks on in years, though.



[image: image]



BOB KATZ: My ana­log path starts with a cus­tom-built set of Am­pex MR70 elec­tron­ics, which in my opin­ion are the best play­back elec­tron­ics that Am­pex ever in­vented. I have that con­nected to a Studer C37 clas­sic 1964 vin­tage trans­port with the ex­tended low-fre­quency heads that John French put in, made by Flux Mag­net­ics. It’s just real trans­par­ent and not tubey-sound­ing at all, just open and clean.




BOB LUD­WIG: We’ve got six dif­fer­ent ways of play­ing back ana­log tape. We’ve got a stock Studer A820. We’ve got a Studer that’s got Cello class A au­dio­phile elec­tron­ics. We’ve got a stock ATR, a tube ATR, and an un­bal­anced ATR. We also have one of the Tim de Par­avicini 1” two-track ma­chines with his fan­tas­tic tube elec­tron­ics. When you record with his cus­tom EQ curve at 15 ips, it’s ba­si­cally flat from eight cy­cles up to 28 kHz.




GREG CALBI:  I have an ATR ana­log deck with tube elec­tron­ics and one with solid state elec- tron­ics. I also have a Studer 820. Most of the time at the be­gin­ning of an ana- log ses­sion, I’ll play it off each of those three ma­chines and see which one sounds the best. I usu­ally work with two dif­fer­ent A-to-D con­vert­ers. I have a dB Tech­nolo­gies con­verter, and I have one that the guys at JVC were fool­ing around with for awhile, which is ex­cel­lent. I try to have two dif­fer­ent con­vert- ers at all times, one that maybe has a deeper bot­tom and bet­ter imag­ing, and an­other one that’s maybe a lit­tle more ex­cit­ing in the midrange.




DIG­I­TAL TAPE MA­CHINES

Al­though any ma­chine pulling mag­netic tape with dig­i­tal bits stored on it is now ob­so­lete, it’s still a good idea to know a lit­tle about them. You never know when the info might come in handy.




DAT

Al­though for a brief few years the DAT ma­chine was the de­liv­ery king to the mas­ter­ing stu­dio, it’s now be­come an­other rarely used tape for­mat. If and when it’s used, the A/D and D/A con­vert­ers are usu­ally by­passed for ones of higher qual­ity. The lim­it­ing fac­tor of the typ­i­cal DAT is that it’s a 16-bit medium, al­though a 24-bit Tas­cam DA-45HR was later in­tro­duced to over­come that lim­i­ta­tion.




Sony PCM-1630

When dig­i­tal au­dio mas­ter­ing first be­gan, one of the sta­ples of the mas­ter- ing scene was the Sony PCM-1630 (see Fig­ure 3.18), which is a dig­i­tal pro­ces­sor con­nected to ei­ther a Sony DMR 4000 or BVU-800 3/4” U-matic video (yes, video) ma­chine. Since the be­gin­ning of the CD, the 1630 was the stan­dard for­mat that the mas­ter­ing fa­cil­ity used to de­liver the mas­ter to the repli­ca­tor be­cause of its low er­ror rate. Al­though ev­ery fa­cil­ity at one time had a least one, and they once drew pre­mium prices on the used mar­ket, the 1630 has long been ob­so­lete. Many ma­jor mas­ter­ing fa­cil­i­ties still have one around, though, just in case they have to re­trieve a mas­ter in this for­mat.
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Fig­ure 3.18

Sony PCM-1630.
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CON­SOLES

[image: image]Al­though mas­ter­ing con­soles (some­times re­ferred to as trans­fer con­soles) at one time were much more so­phis­ti­cated and were the cen­ter­piece of the mas­ter stu­dio, these days mas­ter­ing con­soles can be as sim­ple as a piece of wire with re­lays in the mid­dle to con­nect the var­i­ous pieces of gear and con­trol the mon­i­tor level. A mas­ter­ing con­sole dif­fers from a nor­mal record­ing con­sole in that there are only two in­puts for stereo (four at most for man­ual cross­fades be­tween songs) and no chan­nel or track as­sign-

ments. And be­cause most of the pro­cess­ing like EQ and com­pres­sion/lim- it­ing comes from spe­cial­ized out­board de­vices, the con­sole can be the vir­tual “straight wire with gain.”

Due to the unique na­ture and rel­a­tively small size of the mas­ter­ing mar­ket, few com­pa­nies cur­rently man­u­fac­ture ded­i­cated mas­ter­ing con- soles. Man­ley Labs de­signs cus­tom-built ana­log-based con­soles, while Weiss (with their now-stan­dard 102 mod­ules), Crook­wood, and SPL Labs man­u­fac­ture con­sole mod­ules for the dig­i­tal do­main.
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[image: image]Fig­ure 3.19

SPL DMC 960 mas­ter­ing con­sole. (Im­age cour­tesy of Sound Per­for­mance Labs.)

Fig­ure 3.20

Crook­wood mon­i­tor­ing panel. (Im­age cour­tesy of Crook­wood.)
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THE DIG­I­TAL AU­DIO WORK­STA­TION

Al­though it is not al­ways the case, the dig­i­tal au­dio work­sta­tion (DAW) has now be­come the heart and soul of the mas­ter­ing stu­dio, al­low­ing the en­gi­neer to com­plete tasks such as edit­ing and se­quenc­ing with far greater ease than was ever thought pos­si­ble. Plus, the DAW al­lows for new tasks to be car­ried out in ways that couldn’t even be con­ceived of only 10 years ago.

The Big DAW Play­ers

Al­though in a pinch al­most any DAW can be used for mas­ter­ing, a few man­u­fac­tur­ers have es­tab­lished them­selves as the mas­ter­ing en­gi­neer’s fa­vorite, pri­mar­ily be­cause ded­i­cated mas­ter­ing fea­tures are in­cluded.
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Sonic Stu­dio

The Pre­Mas­ter CD2 soft­ware is the lat­est of­fer­ing from what used to be the pre­mier mas­ter­ing DAW man­u­fac­turer—Sonic Stu­dio. Orig­i­nally the au­dio di­vi­sion of Sonic So­lu­tions (the com­pany with the DVD au­thor­ing soft­ware), Sonic Stu­dio was spun off into its own com­pany in 2004.

Orig­i­na­tors of so much of what is now com­mon­place in DAWs (wave­form dis­play, 24-bit I/O, four-point edit­ing, and pre­mas­tered CD for­mat, among other things), a Sonic sys­tem used to be a com­plete turnkey sys­tem built around an Ap­ple Mac­in­tosh com­puter that in­cluded all of the I/O, DSP cards, and soft­ware needed to com­plete the sys­tem. With an abun­dance of ex­cel­lent au­dio in­ter­faces to choose from nowa­days, as well as com­put­ers with ad­e­quate horse­power that no longer re­quire the DSP card that used to be re­quired, a Sonic sys­tem now con­sists of only a rea­son­ably priced piece of soft­ware rather than a very ex­pen­sive ($30,000 or so) turnkey sys­tem.




Cube-Tec

[image: image]De­signed specif­i­cally for the mas­ter­ing mar­ket, the Ger­man Cube-Tec Au­dioCube is an up to 192-kHz/24-bit in­te­grated Win­dows/PC-based com­plete turnkey sys­tem. Based around Stein­berg’s Wave­Lab soft­ware, Au­dioCube’s ma­jor soft­ware fea­ture is pow­er­ful plug-ins called Vir­tual Pre­ci­sion In­stru­ments, or VPIs. A se­ries of VPIs are specif­i­cally de­signed for mas­ter­ing, restora­tion, and sig­nal anal­y­sis, which is why the Au­dioCube has gained fa­vor with mas­ter­ing en­gi­neers world­wide re­cently.




SADiE

An­other turnkey sys­tem is the British SADiE. With many fea­tures built for mas­ter­ing (dither­ing, speed and pitch ad­just­ment, cre­ation and po­si­tion- ing of PQ points, UPC and ISRC code in­ser­tion, DDP disk im­age cre- ation), the SADiE is both fast and easy to use.




Other pop­u­lar DAWs, such as Pro Tools, Dig­i­tal Per­former, Sound Forge, and the like, while very good ed­i­tors, lack the nec­es­sary tools that a mas­ter­ing en­gi­neer rou­tinely uses, such as ISRC in­ser­tion, PQ code edit- ing, and el­e­gant and pow­er­ful fade op­tions.




OTHER DE­VICES

There are a few com­mon mas­ter­ing de­vices that are widely used and very im­por­tant in day-to-day mas­ter­ing.
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Me­ter­ing

Pre­cise and ac­cu­rate me­ter­ing are es­sen­tial for the mas­ter­ing en­gi­neer, so in many cases an out­board de­vice is added. Al­though the mod­ern mas­ter- ing stu­dio is loaded with peak-read­ing dig­i­tal me­ters, most mas­ter­ing en­gi­neers still like to use a good old-fash­ioned VU me­ter as well. This is be­cause the VU gives a more ac­cu­rate in­di­ca­tion of the rel­a­tive loud­ness than a peak me­ter. The clas­sic ex­am­ple of this is the hu­man voice, where a very quiet voice can have an ex­tremely high peak level. It “looks” loud on a dig­i­tal me­ter, but it sounds quiet. Be­cause of its me­chan­i­cal prop­er­ties and bal­lis­tics, a VU me­ter “looks” at the sig­nal closer to the way we hear than a peak me­ter does.




A VU me­ter doesn’t have nearly the pre­ci­sion nec­es­sary for mod­ern mas­ter­ing, how­ever, be­cause the mas­ter­ing en­gi­neer is con­stantly con- cerned about peaks and dig­i­tal overs. That’s why most mas­ter­ing fa­cil­i­ties use pre­ci­sion me­ter­ing from man­u­fac­tur­ers such as Dor­rough (see Fig­ure 3.21), Mytek, Log­itek, and RTW.
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Fig­ure 3.21

Dor­rough 40-A loud­ness me­ter. (Im­age cour­tesy of Dor­rough Elec­tron­ics, Inc.)
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Sam­ple Rate Con­vert­ers

It is not un­com­mon for a DAT to be de­liv­ered at a sam­ple rate other than the stan­dard 44.1 kHz used for CD, and there­fore a sam­ple rate con­verter (SRC) is some­times nec­es­sary. Al­though this func­tion is some­times avail- able within the DAW, this is a com­pli­cated DSP task re­quir­ing mas­sive cal- cu­la­tions that tends to change the sound. There­fore, most mas­ter­ing en­gi­neers pre­fer to use a ded­i­cated sys­tem for this task. Pop­u­lar mod­els in­clude the Z-Sys­tems 2-src and the Weiss SFC2 (see Fig­ure 3.22).

[image: image]Fig­ure 3.22

Weiss SFC2. (Im­age cour­tesy of Weiss Elec­tron­ics.)



De-Es­sers

One of the most im­por­tant tools to the mas­ter­ing en­gi­neer is the de-esser (see Fig­ure 3.23). As the name im­plies, a de-esser lim­its the amount of S sounds that might oc­cur in a vo­cal track. Ex­ces­sive high-fre­quency con­tent is some­times a by-prod­uct of com­pres­sion and is known as sibi­lance.A de- esser is a fre­quency-de­pen­dent com­pres­sor that only trig­gers when ex­ces- sive se­lec­tive fre­quency con­tent is present. Al­though sibi­lance con­trol is a some­what greater con­cern when cut­ting vinyl (see Chap­ter 7, “Mas­ter­ing for Vinyl”), it’s still of ut­most im­por­tance to the mas­ter­ing en­gi­neer be­cause sibi­lance can have a very neg­a­tive ef­fect on the qual­ity of the pro­gram.
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Fig­ure 3.23

Weiss DS1 de-esser. (Im­age cour­tesy of Weiss.)

––––––––
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CHAP­TER 4
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The Me­chan­ics of Mas­ter­ing
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The ac­tual me­chan­ics of mas­ter­ing can be bro­ken down into a few func- tions, namely max­i­miz­ing the level of the var­i­ous pro­gram el­e­ments; main­tain­ing the fre­quency bal­ance; and us­ing the main func­tions of the DAW, such as edit­ing, fades, and spreads, and PQ and ISRC in­ser­tion.

What re­ally sep­a­rates the up­per-ech­e­lon mas­ter­ing en­gi­neers from the rest is the abil­ity to make the mu­sic (any kind of mu­sic) as big and loud and tonally bal­anced as pos­si­ble, but with the taste to know how far to take those op­er­a­tions. The DAW func­tions, on the other hand, are some­what mechan- ical, and al­though there are tricks in­volved, they usu­ally don’t get the same amount of at­ten­tion as the for­mer.



Level
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The amount of per­ceived au­dio vol­ume, or level, with­out dis­tor­tion (on an au­dio file, CD, vinyl record, or any other au­dio de­liv­ery method yet to be cre­ated) is one of the things on which many top mas­ter­ing en­gi­neers pride them­selves. No­tice the qual­i­fy­ing words with­out dis­tor­tion, since that is in­deed the trick—to the make the mu­sic as loud as pos­si­ble (and thereby com­pet­i­tive with other prod­ucts) while still sound­ing nat­u­ral. Be aware that this gen­er­ally ap­plies to mod­ern pop/rock/R&B/ur­ban gen­res and not as of­ten to clas­si­cal or jazz, whose lis­ten­ers much pre­fer a wider dy­namic range in which max­i­mum level is not a fac­tor.




COM­PET­I­TIVE LEVEL

The vol­ume/level wars re­ally be­gan way back in the vinyl era of the 1950s, when it was dis­cov­ered that if a record played louder than the oth­ers on the ra­dio, the lis­ten­ers would per­ceive it to be bet­ter-sound­ing, there­fore
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mak­ing it a hit. Since then it has been the charge of mas­ter­ing en­gi­neers to make any song in­tended for ra­dio as loud as pos­si­ble in what­ever way they can.




And of course, this ap­plies to sit­u­a­tions other than the ra­dio as well. Take for in­stance the iPod, the CD changer, or, in the very old days, the record juke­box. Most artists, pro­duc­ers, and la­bels don’t want one of their re­leases to play softer than their com­peti­tors’ re­leases be­cause of the per- cep­tion (not nec­es­sar­ily the truth) that it wouldn’t sound as good if it’s not as loud.




But the lim­i­ta­tion of how loud a “record” (we’ll use this term generi- cally) can ac­tu­ally sound is de­ter­mined by the de­liv­ery medium to the con­sumer. In the days of vinyl records, if a mix was too loud the sty­lus would vi­brate so much that it would lift right out of the grooves, and the record would skip. When mix­ing too hot to ana­log tape, the sound would be­gin to softly dis­tort, and the high fre­quen­cies would dis­ap­pear (al­though many en­gi­neers and artists ac­tu­ally like this ef­fect). When dig­i­tal au­dio and CDs came along, any at­tempt to mix be­yond 0 dB Full Scale re­sulted in ter­ri­ble dis­tor­tion as a re­sult of dig­i­tal “overs.” (No­body likes this ef­fect.)




So try­ing to squeeze ev­ery ounce of level out of the track is a lot harder


wwwth.aSn itoseelmust, ainod nthaMt’s wahenre utheaarlt.oifnmfasoter­ing comes in.


HY­PER­COM­PRES­SION: DON’T GO THERE!

That be­ing said, over the years it has be­come eas­ier and eas­ier to get a record that’s hot­ter and hot­ter in per­ceived level, mostly be­cause of new dig­i­tal tech­nol­ogy that has re­sulted in bet­ter and bet­ter lim­iters. To­day’s dig­i­tal “look ahead” lim­iters make it easy to set a max­i­mum level (usu­ally at –.1 or –.2 dB FS) and never worry about dig­i­tal overs and dis­tor­tion again, but this usu­ally comes at a great cost in au­dio qual­ity.




Too much buss com­pres­sion or over-lim­it­ing, ei­ther when mix­ing or mas­ter­ing, re­sults in what’s be­come known as hy­per­com­pres­sion.

Hy­per­com­pres­sion is to be avoided at all costs be­cause:




►  It can’t be un­done later.




►  It can suck the life out of a song, mak­ing it weaker-sound­ing in­stead of punchier.




►  Lossy codecs (see Chap­ter 12, “In­ter­net De­liv­ery For­mats”) such as MP3 have a hard time en­cod­ing hy­per­com­pressed ma­te­rial and in­sert un­wanted side ef­fects as a re­sult.




►  It leaves the mas­ter­ing en­gi­neer with no room to work.
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►  It’s known to cause lis­tener fa­tigue, so the con­sumer won’t lis­ten to your record for as long or as many times.




►  A hy­per­com­pressed track can ac­tu­ally sound worse over the ra­dio be­cause of the be­hav­ior of broad­cast pro­ces­sors at the sta­tion.




A hy­per­com­pressed track has no dy­nam­ics, leav­ing it loud but life­less and un­ex­cit­ing. On a DAW, it’s a con­stant wave­form that fills up the DAW re­gion. Fig­ure 4.1 shows how the lev­els have changed on record­ings over the years.



[image: image]Fig­ure 4.1

From very lit­tle com­pres­sion to hy­per­com­pres­sion.
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This prac­tice has come un­der fire as of late since we’ve just about hit the loud­ness limit, thanks to the dig­i­tal en­vi­ron­ment that we now use. Still, both mix­ing and mas­ter­ing en­gi­neers try to cram more and more level onto the disc, only to find that they end up with ei­ther a dis­torted or an over-com­pressed prod­uct. (Go back and lis­ten to the Red Hot Chili Pep­pers’ 1999 re­lease Cal­i­forni­fi­ca­tion for a most egre­gious ex­am­ple.) Al­though this might be the sound that the pro­ducer/artist is look­ing for, it does vi­o­late the mas­ter­ing en­gi­neer’s un­writ­ten code of keep­ing things as nat­u­ral-sound­ing and un­al­tered as pos­si­ble while per­form­ing his level magic.




EDDY SCHREYER:  What I am hear­ing is that var­i­ous [mas­ter­ing] houses are re­ally over-com- press­ing, try­ing to get more ap­par­ent level. The trade­off with ex­ces­sive com- pres­sion to me is the blur­ring of not only the stereo im­age, but blur­ring the highs too. An over-com­pressed pro­gram sounds pretty muddy to me. In the quest to get the level, they end up EQing the heck out of these tracks, which of course in­duces even more dis­tor­tion be­tween the EQ and the com­pres­sion.




[image: image]BOB LUD­WIG: When dig­i­tal first came out, peo­ple knew that ev­ery time the light went into the red that you were clip­ping, and that hasn’t changed. We’re all afraid of the “over” lev­els, so peo­ple started in­vent­ing these dig­i­tal do­main com­pres­sors where you could just start crank­ing the level up. I al­ways tell peo­ple, “Thank God these things weren’t in­vented when the Beatles were around, be­cause for sure they would’ve put it on their mu­sic and would’ve de­stroyed its longevity.” I’m to­tally con­vinced that over-com­pres­sion de­stroys the longevity of a piece. Now when some­one’s in­sist­ing on hot lev­els where it’s not re­ally ap­pro­pri­ate, I find I can barely make it through the mas­ter­ing ses­sion. I sup­pose that’s well and good when it’s a sin­gle for ra­dio, but when you give that treat­ment to an en­tire al­bum’s worth of ma­te­rial, it’s just ex­haust­ing. It’s a very un­nat­u­ral sit- ua­tion. Never in the his­tory of mankind has man lis­tened to such com­pressed mu­sic as we lis­ten to now.




BERNIE GRUND­MAN: That’s one of the un­for­tu­nate things about the in­dus­try, and it was even that way with vinyl. What hap­pens is ev­ery­body is right at that ceil­ing level as high as you can go, so now guys with­out a lot of ex­pe­ri­ence try to make things loud, and the stuff starts to sound god-aw­ful. It’s all smashed and smeared and dis­torted and pump­ing. You can hear some pretty bad CDs out there.




BOB OLHS­SON:  We can do things be­yond any­thing we were ever able to do be­fore, like turn the sig­nal into a square wave even. The other thing is that peo­ple are com- monly go­ing too far with com­pres­sion dur­ing mix­ing, so much that an aw­ful lot of mixes can’t be helped. I av­er­age a cou­ple of mas­ter­ing jobs a year where I can’t do any­thing to it. If you switch any­thing in at all, it just ab­so­lutely turns to dust. All you can do is hope that the sta­tions that play it won’t de­stroy it too much more.
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DAVE COLLINS: I never would’ve thought that we would be cut­ting CDs at this level. It’s to the point where a large amount of our day is op­ti­miz­ing the gain struc­ture in the con­sole and check­ing what kind of lim­iter you’re go­ing to use and how you’re go­ing to use it just to get the CD as loud as you pos­si­bly can. I don’t get it. I have to play the game be­cause if you want to stay in busi­ness, you’ve got to com­pete on an ab­so­lute level, but it’s re­ally a hor­ri­ble trend. I wish all mas- ter­ing en­gi­neers would speak out about this be­cause it sucks.




I buy CDs that I re­ally want to lis­ten to, and they are so fa­tigu­ing. It’s im­pos­si­ble to get that amount of den­sity and vol­ume on a CD and not make you want to turn it off af­ter three songs. I don’t know how to put it in print in a diplo­matic way, but when you get mas­ter­ing en­gi­neers to­gether and you get a cou­ple of beers in them, they’ll all agree that CDs are too loud. We hate it and wish we didn’t have to do it, then it’s right back to work on Mon­day and squeeze the shit out of it all over again.




GLENN MEAD­OWS:  The level wars? We had level wars in vinyl right near the end of it, where ev­ery­body was try­ing to get the vinyl hot­ter and hot­ter and hot­ter. And at least in vinyl you had this sit­u­a­tion where when the record skipped, the record la­bel would say, “Well, it’s too loud, and you’re gonna have re­turns.” We origi- nally thought we had that type of lim­i­ta­tion on dig­i­tal, but what ended up hap­pen­ing is there’s so many tools out now for do­ing the dy­namic range squash that you can lit­er­ally get tracks now where you put them in a work­sta- tion and it looks like a 2 by 4. It comes on at the qui­etest pas­sage on the be­gin­ning of the in­tro and it’s full level. You get into what I call “dy­nam­ics in­ver­sion.” Spots in the record that should get louder ac­tu­ally get softer be­cause they’re hit­ting the com­pres­sor/lim­iter too hard. I don’t think that the record com­pa­nies and the pro­duc­ers at this point have enough in­sight or un­der­stand­ing about what ra­dio has learned a long time ago, which is the tune-out fac­tor for dis­tor­tion.




GREG CALBI: It’s got­ten so in­sane. I’m a huge mu­sic fan and I lis­ten to CDs con­stantly at home. I have to say that the CDs that al­ways please me the most son­i­cally are not the real hot ones when I bring them in here and look at them on the me­ters. I tell peo­ple, “If you want yours to be hot, I know how to do it, and I’ll make it as hot as we can pos­si­bly make it and still be mu­si­cal. But I just want to tell you that you may find that it’s not as pleas­ing to you if you get it too hot.”




BERNIE GRUND­MAN  I just don’t think that you should do any­thing that draws at­ten­tion to it­self. Like if you’re go­ing to use a com­pres­sor or lim­iter on the bus, if you use it to the point where you re­ally hear a change in the sound, you’re go­ing a lit­tle too far. Some of the au­to­matic set­tings in these de­vices re­ally aren’t as good as they make them out to be. And when you use them, you have to re­al­ize that you’re go­ing to de­grade the sound, be­cause com­pres­sors and lim­iters will do that. If you put a com­pres­sor in the cir­cuit, not even com­press­ing, you will hear a dif­fer­ence, and it will sound worse.
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But get­ting the most level onto the disc or file is not the only level ad­just­ment that the mas­ter­ing en­gi­neer must prac­tice. Just as im­por­tant is the fact that ev­ery song on the disc must be per­ceived to be just as loud as the next. Once again, per­ceived is the key word, since this is some­thing that can’t be di­rectly mea­sured and must be done by ear.



How to Get Hot Lev­els

[image: image]


The bulk of the au­dio-level work to­day is done by a com­bi­na­tion of two of the mas­ter­ing en­gi­neer’s pri­mary tools—the com­pres­sor and the lim­iter, which, con­trary to record­ing prac­tices where there’s one box that can do ei­ther job (de­pend­ing on the set­tings), are ac­tu­ally two dif­fer­ent boxes in mas­ter­ing. The com­pres­sor is used to in­crease the small and medium level sig­nals, whereas the lim­iter con­trols the in­stan­ta­neous peaks. Re­mem­ber, though, that the sound of the com­pres­sor and lim­iter will have an ef­fect on the fi­nal au­dio qual­ity—maybe for the worse—es­pe­cially if you push them hard.




LIM­IT­ING

To un­der­stand how a lim­iter works in mas­ter­ing, you have to un­der­stand the com­po­si­tion of a typ­i­cal mu­sic pro­gram first. In gen­eral, the high­est

wwwpe.aSk oof thleu­so­tuiro­cen­proM­graam ndetuer­mainle.sitnhefmoax­i­mum level that can be achieved from a dig­i­tal sig­nal. But be­cause many of these up­per peaks are

of very short du­ra­tions, they can usu­ally be re­duced in level by sev­eral dB with min­i­mal au­di­ble side ef­fects. By con­trol­ling these peaks, the en­tire level of the pro­gram can be raised sev­eral dB, re­sult­ing in a higher av­er­age sig­nal level.




Most dig­i­tal lim­iters used in mas­ter­ing are set as brick-wall lim­iters.

This means that no mat­ter what hap­pens, the sig­nal will not ex­ceed a cer- tain pre­de­ter­mined level, and there will be no dig­i­tal overs. Thanks to the lat­est gen­er­a­tion of dig­i­tal lim­iters, louder lev­els are eas­ier to achieve than ever be­fore be­cause of more ef­fi­cient peak con­trol. This is thanks to the “look-ahead” func­tion that al­most all dig­i­tal lim­iters now em­ploy. Look- ahead de­lays the sig­nal a small amount (about two mil­lisec­onds or so) so that the lim­iter can an­tic­i­pate the peaks in such a way that it catches the peak be­fore it gets by. Ana­log lim­iters don’t work nearly as well be­cause an ana­log in­put can’t pre­dict its in­put like a dig­i­tal lim­iter with look-ahead can. Be­cause there is no pos­si­bil­ity of over­shoot­ing, the lim­iter then be­comes known as a brick-wall lim­iter.




By set­ting a dig­i­tal lim­iter cor­rectly, the mas­ter­ing en­gi­neer can gain at least sev­eral dB of ap­par­ent level just by the sim­ple fact that the peaks in the pro­gram are now con­trolled.
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EDDY SCHREYER: When a pro­gram is mixed with a hot snare, for ex­am­ple, I can use a dig­i­tal lim­iter that will sort of clip the peak off that so I can back off the dy­nam­ics of that par­tic­u­lar in­stru­ment in the mix with­out EQing it out. Be­cause if I go for the snare with EQ, I’m go­ing to be pulling down the vo­cals and pos­si­bly the gui­tars as well. If I go for a kick that’s mixed too hot, ad­just­ing 80, 60, 40 cy­cles or some­thing to pull a kick down, it will re­ally sac­ri­fice the bot­tom quite a bit, so I tend to use dig­i­tal lim­it­ing to peak limit ex­ces­sive dy­nam­ics in those par­tic­u­lar cases.




COM­PRES­SION

As the name im­plies, com­pres­sion ac­tu­ally in­creases the lower-level sig- nals, while lim­it­ing de­creases the loud ones.
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Fol­low­ing are some tricks and tips for mas­ter­ing com­pres­sors:

•  Gain changes on the com­pres­sor caused by the drums can pull down the level of the vo­cals and bass and cause over­all vol­ume changes in the pro­gram.

•  Slower re­lease set­tings will usu­ally keep the gain changes less audi- ble, but will also lower the per­ceived vol­ume.

•  A slow at­tack set­ting will tend to ig­nore drums and other fast sig­nals, but will still re­act to the vo­cals and bass.

•  A slow at­tack set­ting might also al­low a tran­sient to over­load the next piece of equip­ment in the chain.

•  If the source is too per­cus­sive or has loud drums in the mix, try ad­just­ing the at­tack and re­lease con­trols.

•  Some­times fast at­tack and medium re­lease help tame drums.

•  Fast at­tack and re­lease set­tings tend to re­duce tran­sients.

•  Usu­ally only the fastest set­tings can make a unit pump.

•  Slower re­lease set­tings tend to be the most in­audi­ble.

•  The more bouncy the level me­ter seems, the more likely that the com­pres­sion will be au­di­ble.

•  Gen­er­ally speak­ing, the trick with com­pres­sion in mas­ter­ing is to use a slow re­lease and less (usu­ally much less) than 5 dB of com­pres­sion.

•  Quiet pas­sages that are too loud and noisy are usu­ally a give­away that you are se­ri­ously over-com­press­ing.




The key to get­ting the most out of a com­pres­sor is the at­tack and re­lease (some­times called re­cov­ery) con­trols, which have a tremen­dous over­all ef­fect on a mix and there­fore are im­por­tant to un­der­stand.

Gen­er­ally speak­ing, tran­sient re­sponse and per­cus­sive sounds are af­fected by the at­tack con­trol set­ting. Re­lease is the time it takes for the gain to re­turn to nor­mal or zero gain re­duc­tion.




In a typ­i­cal pop-style mix, a fast at­tack set­ting will re­act to the drums and re­duce the over­all gain. If the re­lease is set very fast, then the gain will re­turn to nor­mal quickly, but can have an au­di­ble ef­fect of re­duc­ing some of the over­all pro­gram level and at­tack of the drums in the mix. As the re­lease is set slower, the gain changes that the drums cause might be heard as pump­ing, which means that the level of the mix will in­crease and then de­crease no­tice­ably. Each time the dom­i­nant in­stru­ment starts or stops, it pumps the level of the mix up or down. Com­pres­sors that work best on full pro­gram ma­te­rial gen­er­ally have very smooth re­lease curves and slow re­lease times to min­i­mize this pump­ing ef­fect.




[image: image]GLENN MEAD­OWS:  My typ­i­cal ap­proach is to use like a 1.15:1 com­pres­sion ra­tio and stick it down at –20 or –25 so you get into the com­pres­sor re­ally early and you don’t no­tice it go­ing from lin­ear to com­pressed and ba­si­cally just pack it a lit­tle bit tighter over that range. I’ll get maybe 3 dB of com­pres­sion, but I’ve brought the av­er­age level up 3 or 4 dB, and it just makes it big­ger and fat­ter. Peo­ple think that they have to be heav­ily com­pressed to sound loud on the ra­dio, and they don’t.
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EDDY SCHREYER:  You go as loud as you can and you be­gin lis­ten­ing for dig­i­tal clip­ping, ana­log grit­ti­ness, and things that be­gin to hap­pen as you start to ex­ceed the thresh- olds of what that mix will al­low you to do, in terms of level. Again, just spank­ing as much gain as you can, be it in the ana­log or dig­i­tal world, doesn’t mat­ter. You go for the level and prop­erly con­trol it with com­pres­sion, then you start to EQ to achieve this bal­ance. Of course, it all de­pends on the type of mix, how it was mixed, the kind of equip­ment that was used, how many tracks, the num­ber of in­stru­ments, and the ar­range­ment.
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GREG CALBI: What I do in gen­eral is try to use three or four dif­fer­ent de­vices to a point where each one is just a lit­tle past the point of over­load. I over­drive two, some­times three, and even four pieces of gear, one of them be­ing an A-to-D con­verter, and the other ones be­ing dig­i­tal level con­trols. I find that if I spread the load out amongst a cou­ple of dif­fer­ent units and add them to­gether, then I’m able to get it as loud as I can.



––––––––
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To Nor­mal­ize or Not to Nor­mal­ize

[image: image]


Pro­fes­sional mas­ter­ing en­gi­neers do not use the nor­mal­iza­tion func­tion of a DAW to ad­just level. Nor­mal­iza­tion looks for the high­est peak of the au­dio file and ad­justs all the lev­els of the file up­ward to match that level. Al­though that seems like a very sim­ple and easy way to ad­just lev­els, it is sel­dom, if ever, used. The rea­son is it re­ally doesn’t do as good a job at cre- at­ing av­er­age lev­els in be­tween songs as the hu­man ear, and, in the worst case, it can de­grade the au­dio qual­ity.




As stated be­fore, what nor­mal­iza­tion does is look for the high­est peak of the au­dio file and ad­just all the lev­els of the file up­ward to match that level. Even the small­est ad­just­ment in­side the DAW can some­times cause mas­sive DSP re­cal­cu­la­tions, all to the detri­ment of the ul­ti­mate sound qual­ity.




But the big­gest prob­lem of nor­mal­iz­ing is that it just looks at the digi- tal num­bers in­volved and not at the con­tent of the mu­sic. As a re­sult you end up with some songs (bal­lads, for ex­am­ple) that are way too loud be­cause of the way they’re elec­tron­i­cally boosted.




Ul­ti­mately, what we’re ac­tu­ally look­ing for is equal per­ceived loud­ness be­tween songs, not equal elec­tronic loud­ness. This is some­thing that nor- mal­iza­tion can’t achieve.




BOB KATZ: I’ll give you two rea­sons [why I don’t nor­mal­ize]. The first one has to do with just good old-fash­ioned sig­nal de­te­ri­o­ra­tion. Ev­ery DSP op­er­a­tion costs some- thing in terms of sound qual­ity. It gets grainier, colder, nar­rower, and harsher. Adding a gen­er­a­tion of nor­mal­iza­tion is just tak­ing the sig­nal down one gen- er­a­tion.




The sec­ond rea­son is that nor­mal­iza­tion doesn’t ac­com­plish any­thing. The ear re­sponds to av­er­age level and not peak lev­els, and there is no ma­chine that can read peak lev­els and judge when some­thing is equally loud.
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Fre­quency Bal­ance
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One of the most im­por­tant charges of the mas­ter­ing en­gi­neer is fix­ing the fre­quency bal­ance of a project (if it’s needed). Of course this is done with an equal­izer, but the type used and the way it’s driven are gen­er­ally far dif- fer­ent than dur­ing record­ing or mix­ing. Whereas in record­ing you might use large amounts of EQ (from 3 to 15 dB) at a cer­tain fre­quency, in mas- ter­ing you al­most al­ways work in very small in­cre­ments (usu­ally in tenths of a dB to 2 or 3 at the very most). What you will see is a lot of small shots of EQ along the au­dio fre­quency band, but again in very small amounts.




For ex­am­ple, these might be some­thing like +1 at 30 Hz, +.5 at 60 Hz,

.2 at 120 Hz, –.5 at 800 Hz, –.7 at 2500 Hz, +.6 at 8 kHz, and +1 at 12 kHz. No­tice that there’s a lit­tle hap­pen­ing at a lot of places.



Fre­quency Feath­er­ing
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An­other tech­nique that’s used fre­quently is known as feath­er­ing. This means that rather than ap­ply­ing a large amount of EQ at a sin­gle fre- quency, you add small amounts at the fre­quen­cies ad­join­ing the main one.

An ex­am­ple of this would be in­stead of adding +3 dB at 100 Hz, you add

www+1..S5 doB al­tu10t0i­Hoz nandM+.5adnB aut 8a0 aln.din120­foHz. This low­ers the phase shift brought about when us­ing ana­log equal­iz­ers and re­sults in a smoother sound.
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BERNIE GRUND­MAN: One of the things that is re­ally hard is when the record­ing isn’t uni­form. What I mean by uni­form is that all of the el­e­ments don’t have a sim­i­lar char­ac­ter in the fre­quency spec­trum. In oth­ers words, if a whole bunch of el­e­ments are dull and then just a cou­ple of el­e­ments are bright, then it’s not uni­form. And that’s the hard­est thing to EQ be­cause some­times you’ll have just one el­e­ment, like a hi-hat, that’s nice and bright and crisp and clean, and ev­ery­thing else is muf- fled. That is a ter­ri­ble sit­u­a­tion be­cause it’s very hard to do any­thing with the rest of the record­ing with­out af­fect­ing the hi-hat. You find your­self dip­ping



[image: image]



and boost­ing and try­ing to sim­u­late air and open­ness and clar­ity and all the things that high end can give you, and so you have to start mod­i­fy­ing the bot- tom a lot. You do the best you can in that sit­u­a­tion, but it’s usu­ally a pretty big com­pro­mise.




DAVE COLLINS: I guess when we were talk­ing about the phi­los­o­phy of mas­ter­ing, what I should have added was that one of the hard­est things—and it took me for­ever to get this—is know­ing when to not do any­thing and leave the tape alone. As I have gained more ex­pe­ri­ence, I am more likely to not EQ the tape, or just do tiny, tiny amounts of equal­iza­tion.




EDDY SCHREYER:  Fre­quency bal­ance is mak­ing ad­just­ments with com­pres­sion, EQ, and such so that it main­tains the in­tegrity of the mix, yet achieves bal­ance in the high, mid, and low fre­quen­cies. I go for a bal­ance that is pleas­ing in any play­back medium that the pro­gram may be heard in. And ob­vi­ously I try to make the pro­gram as loud as I can. That still al­ways ap­plies.




But there are also lim­it­ing fac­tors on what bal­ance can be achieved. Some mixes just can­not be forced at the mas­ter­ing stage be­cause of cer­tain in­gredi- ents in a mix. If some­thing is a lit­tle bot­tom-light, you may not be able to get the bot­tom to where you would re­ally like it. You have to leave it alone so it re­mains thin­ner be­cause it dis­torts too eas­ily.



––––––––
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Pro­cess­ing on Load-In
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De­pend­ing on the pro­gram, the elite mas­ter­ing en­gi­neers may do some of their level ad­just­ments and equal­iz­ing out­side the work­sta­tion and then record that re­sult into the DAW. This is mostly a sonic is­sue, since the ded- icated out­board de­vices may sound bet­ter than what can be of­fered within the DAW for that par­tic­u­lar type of mu­sic or pro­gram.



Edit­ing
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Edit­ing dur­ing mas­ter­ing has gone through a com­plete meta­mor­pho­sis in just a few short years. Un­til the mid-1980s, when most mas­ter­ing en­tered the dig­i­tal age, most edit­ing was still done by hand us­ing a ra­zor­blade and splic­ing mag­netic tape on an ana­log two-track recorder. But as the de­mand for CDs be­gan to rise, ra­zor­blade edit­ing quickly gave way to elec- tronic edit­ing in the dig­i­tal do­main us­ing a Sony DAE-3000, which was ba­si­cally a mod­i­fied video ed­i­tor, and two BVU-800 (and later DMR 4000) 3/4” video decks that car­ried the dig­i­tal au­dio. To­day, vir­tu­ally all edit­ing is done on a dig­i­tal au­dio work­sta­tion, which is a hard­ware/soft­ware pack­age us­ing a per­sonal com­puter as the en­gine.
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Al­though the speed and ca­pa­bil­ity vary from unit to unit, the main op­er­a­tions re­quired by the mas­ter­ing en­gi­neer re­main the same. The mas- ter­ing en­gi­neer must sup­ply fades (both fade-ins and fade-outs), ba­sic ad­di­tions/sub­trac­tions to the song via cut and paste tech­niques, and some- times spreads (the time be­tween songs). As with most mas­ter­ing opera- tions, what may seem easy can be enor­mously dif­fi­cult with­out the proper knowl­edge of how to ap­ply the proper tools.




FADES

Al­most any­one with a work­sta­tion knows how to ap­ply fades, but does that mean that they are the right fades? An­other one of the main el­e­ments of pro­fes­sional mas­ter­ing is mak­ing sure that the fade not only hap­pens, but sounds smooth as well. As a re­sult, the mas­ter­ing en­gi­neer is fre- quently called upon ei­ther to do the fade en­tirely or to help it out. Even in these days of au­to­mated mix­ing and drawn-in fades in the work­sta­tion, many mix en­gi­neers still ac­tu­ally leave the mas­ter fade-out com­pletely up to the mas­ter­ing en­gi­neer.




FADE-INS

There are two schools of thought on the fade-ins or head­fades—one uses a sharp “butt cut,” and the other uses a more grad­ual al­go­rith­mic fade.

[image: image]Re­gard­less of which type of fade is cho­sen, the prin­ci­ple is to get rid of

count-offs, coughs, and noises left on the recording be­fore the song be­gins. Al­though this seems to be an easy pro­ce­dure, you must use care in or­der to main­tain the nat­u­ral­ness of the down­beat.




BOB KATZ: At the head of things, it’s not as easy. The big­gest prob­lem with the head­fades is that peo­ple just cut them off. The breath at the be­gin­ning of a vo­cal is some­times very im­por­tant. But if you cut some­thing—and not just the breath, but some­thing which I guess we would call the air around the in­stru- ments prior to the down­beat—it doesn’t sound nat­u­ral.




FADE-OUTS

The type of fade se­lec­tion used can make a big dif­fer­ence, as you’ll see. The temp­ta­tion is to use a lin­ear curve to make a fade, as in Fig­ure 4.2.

How­ever, an ex­po­nen­tial curve (see Fig­ure 4.3) is some­times smoother and much more re­al­is­tic sound­ing.




BOB KATZ:  If you’re good at edit­ing, you can sup­ply ar­ti­fi­cial de­cays at the end of songs with a lit­tle re­verb and a care­ful cross­fade that’s in­dis­tin­guish­able from real life.
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[image: image]Fig­ure 4.2

A lin­ear fade.

[image: image]Fig­ure 4.3

An ex­po­nen­tial curve.
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BOB LUD­WIG: Oh yeah, it hap­pens of­ten enough. Speak­ing of Pro Tools, a lot of peo­ple as­sem­ble mixes on Pro Tools and they don’t lis­ten to it care­fully enough when they’re com­pil­ing their mix, and they ac­tu­ally cut off the tails of their own mixes. You can’t be­lieve how of­ten that hap­pens. So a lot of times we’ll use a lit­tle 480L to just fade out their chopped-off end­ings and ex­tend nat­u­rally.




EDDY SCHREYER: I’ve had some projects where they clipped in­tros and I’ve had to grab beats from other places and put them on the top, so I pre­fer it if you don’t cut the pro­gram too tight.




Even when a fade is made dur­ing the mix, it some­times needs some help due to some in­con­sis­ten­cies. “Fol­low­ing the fade” means draw­ing a curve that ap­prox­i­mates the one on the mix, only smoother (re­fer to Fig­ure 4.2).




SPREADS

The spread is the time be­tween each song when mas­ter­ing for CD or vinyl dis­tri­bu­tion. Al­though this might seem to be quite ar­bi­trary in many cases, the savvy mas­ter­ing en­gi­neer usu­ally times the spread to cor­re­spond with the tempo of the pre­vi­ous song. In other words, if the tempo of the first song was at 123 beats per minute, the mas­ter­ing en­gi­neer times the very last beat of the first song to stay in tempo with the down­beat of the next.

wwwTh.eSnuomlbuer tofiobeants Min baetwneeun daeple.nidns ufpoon the flow of the al­bum.

Please note that this might not be ap­pro­pri­ate in all cases be­cause each project is unique. It is a place to start, how­ever. Many times a smooth flow be­tween songs is not de­sir­able, and a longer space is far more ap­pro­pri­ate. The spread in that case is re­placed with a two-, three-, or four-sec­ond area in be­tween songs to keep them dis­con­nected.




EDIT DE­CI­SION LISTS (EDLS)

In­stead of us­ing cut and paste op­er­a­tions to de­ter­mine the song se­quence and spreads, many pro­fes­sional work­sta­tions used for mas­ter­ing use the edit de­ci­sion list (EDL). The EDL, which was orig­i­nally de­vel­oped for video edit­ing, makes it easy to change the or­der of songs at any time. The EDL is the list of all the el­e­ments that make up the fi­nal re­sult and the po­si­tions those el­e­ments will take in the fi­nal se­quence. Those el­e­ments are usu­ally songs and will also be de­scribed in some fash­ion, usu­ally by the name of the song.
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Ef­fects
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Al­though mas­ter­ing en­gi­neers have oc­ca­sion­ally been asked to add ef­fects through the years, it has now be­come far more com­mon­place than ever be­fore. This is partly due to the pro­lif­er­a­tion of dig­i­tal au­dio work­sta­tions, where a poorly cho­sen fade is used prior to mas­ter­ing. And then there’s still the fact that many artists and pro­duc­ers are some­times hor­ri­fied to find that the amount of re­verb is sud­denly less than they re­mem­ber dur­ing the mix.




Most mas­ter­ing en­gi­neers pre­fer to add any ef­fects in the dig­i­tal do­main, both from an ease-of-use and from a sonic stand­point, so a re­verb plug-in like the Au­dio Ease Al­tiverb is cho­sen.




Some­times this is done by send­ing the out­put of the work­sta­tion into the ef­fects de­vice, then record­ing the re­sult back into the work­sta­tion on two dif­fer­ent tracks. The re­sul­tant ef­fects tracks are then mixed in the proper pro­por­tions in the work­sta­tion. Be­cause this pro­cess­ing is done in the dig­i­tal do­main, an ef­fects de­vice with dig­i­tal I/O is es­sen­tial. Among the de­vices used are the Lex­i­con PCM 91 and 300, and the TC Elec­tronic M6000 and 3000, al­though any high-qual­ity pro­ces­sor that op­er­ates in the dig­i­tal do­main will do.




BOB KATZ: A re­verb cham­ber is used sur­pris­ingly a lot in mas­ter­ing to help unify the sound be­tween things. I might use it on five per­cent of all my jobs. I dis­cov- ered the Sony V77, which is al­ready ob­so­lete, in Sony’s typ­i­cal way. Af­ter you spend a cou­ple of hours fine-tun­ing it, it can sound just like an EMT.




BOB LUD­WIG: I do a fair amount of clas­si­cal mu­sic mas­ter­ing and very of­ten a lit­tle bit of re­verb is needed on those projects. Some­times if there’s an edit that for some rea­son just won’t work, you can smear it with a bit of echo at the right point and get past it. Some­times mixes come in that are just dry as a bone, and a small amount of ju­di­cious re­verb can re­ally help that out. We def­i­nitely need it of­ten enough that we’ve got a 480L in our place, and it gets used prob­a­bly once ev­ery week.
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Prepa­ra­tion for Mas­ter­ing
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Whether you mas­ter your fi­nal mixes your­self or take them to a mas­ter­ing en­gi­neer, things will go much faster if you pre­pare for mas­ter­ing ahead of time. Noth­ing is as ex­as­per­at­ing to all in­volved as not know­ing which mix is the cor­rect one or for­get­ting the file name. This part of the chap­ter of­fers some tips to get you “mas­ter­ing-ready.”
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[image: image]•  Get­ting Hot Lev­els Is Not Im­por­tant You still have plenty of head- room even if you print your mix with peaks reach­ing –10 dB or so. Leave it to the mas­ter­ing en­gi­neer to get the hot lev­els. It’s an­other rea­son why you go there.

•  Watch Your Fades If you trim the heads and tails of your track too tightly, you might dis­cover that you’ve trimmed a re­verb trail or an es­sen­tial at­tack or breath. Leave a lit­tle room and let the mas­ter­ing en­gi­neer per­fect it.

•  Doc­u­ment Ev­ery­thing You’ll make it eas­ier on your­self and your mas­ter­ing per­son if ev­ery­thing is well doc­u­mented, and you’ll save your­self some money too. The doc­u­men­ta­tion ex­pected in­cludes any flaws, dig­i­tal er­rors, dis­tor­tion, bad ed­its, fades, ship­ping in­struc­tions,

and record com­pany iden­ti­fi­ca­tion num­bers. If your songs re­side on hard disk as files, make sure that each file is prop­erly ID’d for easy iden­ti­fi­ca­tion (es­pe­cially if you’re not there).




Es­pe­cially don’t be afraid to put down any glitches, chan­nel im­bal- an­ces, or dis­tor­tion. The mas­ter­ing en­gi­neer won’t think less of you if some­thing got away (you wouldn’t be­lieve the num­ber of times it

[image: image]hap­pens to ev­ery­body), and it’s much easier than wast­ing a bill­able hour try­ing to track down an equip­ment problem when the prob­lem is ac­tu­ally on the mix mas­ter it­self.

•  Al­ter­nate Mixes Can Be Your Friend A vo­cal up, vo­cal down, or in­stru­ment-only mix can be a life­saver when mas­ter­ing. Things that aren’t ap­par­ent while mix­ing some­times jump right out dur­ing mas- ter­ing, and hav­ing an al­ter­na­tive mix around can some­times pro­vide

a quick fix and keep you from hav­ing to remix. Make sure you docu- ment them prop­erly, though.

•  Check Your Phase When Mix­ing It can be a real shock when you get to the mas­ter­ing stu­dio, the en­gi­neer be­gins to check for mono com- pat­i­bil­ity, and the lead singer or gui­tar dis­ap­pears be­cause some- thing in the track is out of phase. Even though this was more of a

prob­lem in the days of vinyl and AM ra­dio, it’s still an im­por­tant point be­cause many so-called stereo sources (such as tele­vi­sion) are ei­ther pseudo-stereo or only stereo some of the time. Check it and fix it be­fore you get there.

•  Go to the Ses­sion If At All Pos­si­ble Most en­gi­neers and pro­duc­ers will go to the first few ses­sions when check­ing out a new mas­ter­ing en­gi­neer to see whether he has the same mu­si­cal and tech­ni­cal sen- sibil­i­ties. Af­ter that, a bond of trust de­vel­ops, and they will sim­ply


[image: image]



[image: image]send the mix mas­ter with any in­struc­tions. That be­ing said, you should go to all of the mas­ter­ing ses­sions if pos­si­ble be­cause things will al­ways sound a bit dif­fer­ent (and prob­a­bly bet­ter) than what it sounded like dur­ing mix­down. At­tend­ing the ses­sion also al­lows for some fi­nal cre­ative de­ci­sions that only you can make. (For ex­am­ple, “The kick is a lit­tle loud; see whether you can deem­pha­size it a bit.” Or, “Let’s squash the whole mix a lit­tle more to make this tune punchier.”)

•  Come Pre­pared Make sure all doc­u­men­ta­tion, ship­ping in­struc­tions, and se­quenc­ing are com­plete be­fore you get there. Se­quenc­ing (the or­der in which the tunes ap­pear on the CD or vinyl record) is espe- cially im­por­tant, and do­ing this be­fore­hand will save you a bunch of

money in mas­ter­ing time. Many en­gi­neers/pro­duc­ers have the mis- taken im­pres­sion that once the fi­nal mix is fin­ished, it’s off to the mas­ter­ing stu­dio. There should be one ad­di­tional ses­sion, how­ever, known as the se­quenc­ing ses­sion. This means that you take a day and do any edit­ing that is re­quired (it’s cheaper to do it here than dur­ing mas­ter­ing) and lis­ten to the var­i­ous se­quence pos­si­bil­i­ties. This is re­ally im­por­tant if you will be re­leas­ing in mul­ti­ple for­mats, such as CD and vinyl (yes, there are still some diehards), or in dif­fer­ent coun- tries or ter­ri­to­ries be­cause they will prob­a­bly re­quire a dif­fer­ent song or­der due to the two sides of the record.

•  Have Your Songs Timed Out This is im­por­tant for a cou­ple of rea- sons. First, you want to make sure that your project can eas­ily fit on a CD, if that’s your re­lease for­mat. Most CDs have a to­tal time of just un­der 80 min­utes (78:33, to be ex­act), al­though it is pos­si­ble to get

an ex­tended-time CD. (But be care­ful—you may have repli­ca­tion prob­lems.) Ob­vi­ously the avail­able time de­creases if you choose to in­clude ad­di­tional files on the ROM sec­tion of the disc.

•  Vinyl records may be around for a while (in lim­ited quan­ti­ties), so the fol­low­ing ap­plies if you in­tend to cut vinyl! Cu­mu­la­tive time is im­por­tant be­cause the mas­ter­ing en­gi­neer must know the

to­tal time per side be­fore he starts cut­ting, due to the phys­i­cal limita- tions of the disc. You are lim­ited to a max­i­mum of about 25 min­utes per side if you want the record to be nice and loud.




Be­cause you can only have 25 min­utes or less on a side, it’s im­por- tant to know the se­quence be­fore you get there. Cut­ting vinyl is a one-shot deal with no un­dos like on a work­sta­tion. It’ll cost you money ev­ery time you change your mind.
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In­ter­view with Gan­non Kashiwa
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This part of the chap­ter con­sists of an in­ter­view with Gan­non Kashiwa, Digidesign’s Pro­fes­sional Prod­ucts Mar­ket Man­ager. There has al­ways been a dif­fer­ence of opin­ion on the sound of DAWs, and since there are more Pro Tools sys­tems than any­thing else, I thought it would be a good idea to get some in­sight into DAW fi­delity di­rectly from the source. So I talked to Gan­non Kashiwa of Digidesign to pro­vide a man­u­fac­turer’s per­spec­tive.




What are the com­mon things that you see that cause a de­crease in fi­delity in the DAW?

GK: There’s a bunch of things that peo­ple do to de­grade their sound. One of the things is over-com­press­ing and us­ing way too much pro­cess­ing in or­der to get that CD sound too early in the process. I see mixes that are to­tally squashed and max­i­mized up to the top of the dig­i­tal word leav­ing the stu­dio, head­ing to mas­ter­ing. There’s noth­ing wrong with putting a mas­ter­ing chain on your mas­ter fader so you can check it out, but if you leave it on, you’re not giv­ing the mas­ter­ing en­gi­neer any choices to work with dy­nam­i­cally and son­i­cally. If you pack the word up into the fi­nal two bits of a 24-bit word (that’s any­thing hot­ter than –12 dB FS), there re­ally isn’t much left for those guys to do. You can’t un­com­press some­thing once it’s al­ready max­i­mized.


.


It seems to me that’s a holdover from the days of 16-bit, when you needed to

get as close to 0 dB FS to keep the sig­nal from get­ting noisy. That doesn’t seem needed to­day.

GK: Ex­actly. You’ve got 24 bits of au­dio dy­namic range to use. That’s 144 dB of dy­namic range that is avail­able to you. There’s no rea­son to record up in that top two bits (12 dB) and keep the mix there the whole time.




As a mat­ter of fact, if you record ev­ery­thing re­ally hot, then you’re go­ing to have to start pulling the chan­nel faders down and the mas­ter fader down in or­der to avoid clip­ping. I al­ways rec­om­mend for peo­ple to leave 3 to 6 dB of head­room or even more (de­pend­ing upon the kind of mu­sic) in their recorded files in their mix. Again, if you max­i­mize it out, you don’t have the dy­namic range later in the game.




Also if you’re al­ways work­ing to­ward 0 dB FS, with highly dy­namic ma­te­rial with a lot of fast tran­sients, there’s a chance that you’re go­ing to have in­ter-sam­ple clip­ping that you wouldn’t or­di­nar­ily see when the wave­form gets re­con­structed. If you have a cou­ple of sam­ples that are right at 0 dB FS, in be­tween those sam­ples you might have some­thing that’s an over­age.
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I hadn’t heard of that. It’s re­ally in be­tween the sam­ples?

GK: It’s what hap­pens with the re­con­struc­tion fil­ter. It’s only get­ting its in­for­ma­tion at the sam­ple points, but it’s pos­si­ble to clip the re­con­structed wave­form in be­tween those sam­ples.




Com­ing back to over-pro­cess­ing, do you have a rec­om­mended method for keep­ing ev­ery­thing as clean as pos­si­ble?

GK: As I said, part of the sound to­day is to make things com­pressed and loud, but I think what peo­ple do is over-com­press. They’re lis­ten­ing to a mas­tered fi­nal mix of a CD, which is al­ready mas­tered, and com­par­ing what they’re do­ing as they go along in the record­ing process. Peo­ple try to get to the fin­ished sound too quickly.




What I rec­om­mend is to mix in groups (drums in one group, vo­cals in an­other, and so on) and try to dis­trib­ute any EQ and com­pres­sion across a num­ber of stages so you’re not try­ing to get any one equal­izer or any one com­pres­sor to do a huge amount of work. If you dis­trib­ute it across a cou- ple of dif­fer­ent com­pres­sors or EQs where noth­ing is used to its ex­treme, you’ll get a much cleaner re­sult.




So use buss com­pres­sion and com­pres­sion on the in­stru­ments, but don’t work any one of them too hard un­less you want that real “ef­fect” kind of sound be­cause the non­lin­ear­i­ties of a com­pres­sor are go­ing to be­come more ex­treme and more au­di­ble as you push it harder. A lit­tle bit at a time is the key. Don’t work any of the pro­ces­sors or EQs too hard.




One other thing about mak­ing a cleaner mix: Fil­ter­ing makes a dif­fer- ence. Be­ing bright is some­times not your friend be­cause you have all this stuff that’s com­pet­ing for the air in your mix, so us­ing the low-pass fil­ters and re­mov­ing some of the high-fre­quency con­tent some­times cleans things up con­sid­er­ably. Some­times you have all this high-fre­quency garbage that you don’t need, and you have to make space for the stuff that re­ally be­longs up there.




How about the the­ory that you de­grade the sound if you move the faders off of unity gain?

GK: Ah, to­tal BS. Pro Tools cal­cu­lates all vol­ume and pan co­ef­fi­cients as 24- bit co­ef­fi­cients. It doesn’t mat­ter where your fader is. Whether your fader is down 5 dB or up 5 dB, there’s no math­e­mat­i­cal or sonic con­se­quence.




Does gain-stag­ing make a dif­fer­ence? Is it like ana­log, where you can’t have the chan­nel or group faders way above the mas­ter?

GK: Sure. Ex­tremes in any of those cases will af­fect the out­put. You still have to ob­serve good gain struc­ture through­out the sys­tem, es­pe­cially when you’re do­ing heavy pro­cess­ing. Good ana­log en­gi­neer­ing prac­tices are still good dig­i­tal en­gi­neer­ing prac­tices.
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CHAP­TER 6
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Mas­ter­ing for CD
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Mas­ter­ing for CD re­quires the mas­ter­ing en­gi­neer to know far more than the ba­sics of EQ, dy­nam­ics, and edit­ing. In fact, a proper and ef­fi­cient job en­tails aware­ness of many items, from deal­ing with in­sert­ing start/stop and iden­ti­fi­ca­tion codes, to un­der­stand­ing the dif­fer­ent choices for the mas­ter de­liv­ery medium, to check­ing that mas­ter medium for er­rors.



Dither
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Dither is a low-level noise sig­nal that is added to the pro­gram in or­der to trim a large dig­i­tal word into a smaller one. Since the Red Book speci­fica- tion (see Chap­ter 12, “In­ter­net De­liv­ery For­mats”) spec­i­fies that the word length for an au­dio CD must be 16 bits, a pro­gram with a longer word length (such as the usual 24 bits used in a DAW) must even­tu­ally be de­creased. Just lop­ping off the last 8 bits (called trun­ca­tion) de­grades the au­dio, so the dither sig­nal is used to gen­tly ac­com­plish this task. Since word lengths usu­ally ex­pand when a sig­nal un­der­goes dig­i­tal sig­nal pro- cess­ing (up to as many as 64 bits), even­tu­ally they must be re­duced to 16 bits to fit on a CD. An un­dithered mas­ter will have de­cay trails stop abruptly or a buzzing type of dis­tor­tion at the end of a fade­out.




All dither is not cre­ated equally. There are cur­rently many dif­fer­ent al­go­rithms to ac­com­plish this task, with each DAW man­u­fac­turer hav­ing ei­ther their own ver­sion or one sup­plied by a third party. Gen­er­ally speak- ing, dither comes in two ma­jor fla­vors—flat and noise-shaped—with the dif­fer­ence be­ing that flat sounds like white noise and there­fore makes what it’s ap­plied to a tiny bit nois­ier, while noise-shaped moves much of this in­jected noise to an au­dio band be­yond where we can hear. Al­though it seems like us­ing noise-shaped would be a no-brainer, many mas­ter­ing en­gi­neers con­tinue to use flat dither be­cause they claim that it tends to
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“pull to­gether” mixes. Plus, if it’s a loud track, you’ll be hard-pressed to hear it any­way.




One of the most pop­u­lar is the POW-r dither­ing tech­nique that has been pro­duced by the POW-r con­sor­tium. This con­sor­tium is com­posed of a num­ber of dig­i­tal au­dio pow­er­houses, in­clud­ing Weiss, SADiE, Mil­len­nia Me­dia, Z-Sys­tems, and Lake DSP. POW-r is short for Psy­choa­cous­ti­cally Op­ti­mized Wordlength Re­duc­tion and was cre­ated in an ef­fort to pro­duce the most son­i­cally trans­par­ent dither­ing al­go­rithm possi- ble. POW-r dither comes in three types that are in­tended for dif­fer­ent kinds of mu­sic.




The bot­tom line on dither is that each type can have a dif­fer­ent ef­fect on not only the mu­sic, but song to song in the same genre of mu­sic. It’s worth it to try what­ever se­lec­tion is avail­able be­fore set­tling on a choice.




For a more in-depth look at dither, check out the dither dis­cus­sion on Bob Katz’s Dig­i­tal Do­main web­site at http://www.digido.com/bob- katz/dither.html.
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•  Dither the sig­nal once and only once. Because dither is a noise sig­nal, it will have a cu­mu­la­tive ef­fect if ap­plied more than once. Plus, dither in­tro­duced too early in the sig­nal chain can have a very detri­men­tal ef­fect on any sub­se­quent DSP op­er­a­tions that oc­cur af­ter­ward.

[image: image][image: image]•  Dither only at the end of the sig­nal chain. The time to dither is just be­fore cut­ting a Red Book CD or mak­ing a DAT.




•  Try dif­fer­ent types. All dither sounds dif­fer­ent, and one may be bet­ter for a cer­tain type of mu­sic than oth­ers. The dif­fer­ences are usu­ally sub­tle, how­ever.



––––––––
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ISRC
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ISRC stands for In­ter­na­tional Stan­dard Record­ing Code and was de­vel­oped by ISO (In­ter­na­tional Or­ga­ni­za­tion for Stan­dard­iza­tion) to iden­tify sound and au­dio-vis­ual record­ings. It is of­fi­cially known as In­ter­na­tional Stan­dard ISO 3901. ISRC is a unique iden­ti­fier of each record­ing that makes up the al­bum. If a record­ing is changed in any way it re­quires a new ISRC, but oth­er­wise it will al­ways re­tain the same ISRC in­de­pen­dent of the com­pany or for­mat it is in. An ISRC code also may not be reused.



[image: image]



The ISRC is con­tained in the sub­code (Q-chan­nel) of a CD (see the fol­low­ing “PQ Sub­codes” sec­tion) and is unique to each track. Each ISRC is com­posed of 12 char­ac­ters, as shown in Ta­ble 6.1.
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Cer­tain cir­cum­stances can cause con­fu­sion about how to ap­ply the ISRC. Some of these unique sit­u­a­tions are clar­i­fied by the fol­low­ing:




►  Re-mixes—mul­ti­ple record­ings pro­duced even in the same record­ing ses­sion and even with­out any change in or­ches­tra­tion, ar­range­ment, or artist re­quire a new ISRC per record­ing.




►  Play­ing time changes re­quires a new ISRC.




►  Pro­cess­ing of his­tor­i­cal record­ings re­quires a new ISRC.




►  Back cat­a­log re­quires a new ISRC for the first re-re­lease.




►  Record­ings sold or dis­trib­uted un­der li­cense by an­other la­bel use the same IS­RCs.




►  Com­pi­la­tion with­out edit­ing of in­di­vid­ual tracks may use the same IS­RCs.



PQ Sub­codes
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PQ sub­codes con­trol the track lo­ca­tion and run­ning-time as­pects of CD tracks and en­able the CD player to know how many tracks are present, where they are, how long they are, and when to change from one track to an­other. The abil­ity to place PQs is a fun­da­men­tal and crit­i­cal part of a mas­ter­ing ses­sion and DAW soft­ware. Should a CD player move to the next track? Should it move in half a sec­ond or in two sec­onds? This is what the PQs con­trol. Plac­ing them cor­rectly is one of the main jobs in cre­at­ing a Red Book stan­dard mas­ter (see Chap­ter 12), which is what ev­ery replica- tion plant re­quires.
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When the CD was first de­vel­oped, there were a lot of CD sub­codes and a lot of uses in­tended for them in tak­ing con­trol of the disc. In ad­di­tion to the main data chan­nel of a CD (which con­tains au­dio or other data), there are eight sub­code chan­nels, la­beled P to W, in­ter­leaved with the main chan­nel on the disc and avail­able for use by CD au­dio and CD-ROM play­ers.
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Ex­cept in very spe­cial cir­cum­stances where the rare CD+G (graph­ics) disc is be­ing made, all sub­codes ex­cept the P and Q are ig­nored. How­ever,

wwwth.eSPQocolduestmioustnbeMsupaplineduwiath le.veirny mfoaster sent to the repli­ca­tor,

and there­fore they must be added and/or edited. Among the items that

might re­quire edit­ing are gen­eral off­sets of track ID num­bers to help with uni­ver­sal playa­bil­ity (some old play­ers take a few frames to un­mute the out­puts when start­ing to play a new track, so you need to have the ID mark hap­pen sev­eral frames ahead of first frame of au­dio), chang­ing song times, and IS­RCs. One of the rea­sons why the Sonic Stu­dio and SADiE DAWs are so pop­u­lar for mas­ter­ing is be­cause they have a built-in PQ ed­i­tor.




Usu­ally a PQ log is printed out and sent with the mas­ter to the replica- tor as a check to en­sure that the cor­rect songs and IS­RCs have been pro- vided (see Fig­ure 6.1). Also, when mak­ing any kind of mas­ter, the PQ info is put on the mas­ter some­where sep­a­rate from the au­dio so the plant can read it, check it against the PQ log you pro­vide, and use it to cut the glass mas­ter (see Fig­ure 6.2).
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[image: image]Fig­ure 6.1 A PQ log.

[image: image]Fig­ure 6.2

A glass mas­ter with a CD im­age in the cen­ter. (Im­age cour­tesy of DVD­Bits.com.)
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Repli­ca­tion Mas­ter For­mats
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Al­though press­ing plants will rou­tinely ac­cept a com­mon record­able CD as a mas­ter, this wasn’t al­ways the case, nor is it still the best way. For back- ground’s sake, here are a cou­ple of ob­so­lete for­mats along with the cur­rent in­dus­try stan­dard.




THE OB­SO­LETE FOR­MATS

These next two sec­tions cover the ob­so­lete for­mats.




The Sony PCM-1630

Time for a bit of his­tory. A long­time sta­ple of the mas­ter­ing scene (but now very ob­so­lete) is the Sony 1630, which is a dig­i­tal pro­ces­sor con­nected to a Sony DMR-4000 or a BVU-800 3/4” U-matic video ma­chine. Once the stan­dard for­mat for the mas­ter­ing fa­cil­ity to de­liver to the repli­ca­tor, the 1630’s 3/4” U-matic tape is noted for its low er­ror count.




The PCM-1630 (its pre­de­ces­sor was the 1610) is a mod­u­la­tion for­mat recorded to 3/4” video­tape. It was, for many years, the only way one could de­liver a dig­i­tal pro­gram and the an­cil­lary PQ in­for­ma­tion to the fac­tory for press­ing. At the repli­ca­tor, glass mas­ter­ing from U-matic can only be done at sin­gle speed, so it’s usual to trans­fer the au­dio data to an­other

wwwm.eSdiao(sulcuh atsiDoDnP EMxabayten) fuor ahiglh.eirn-spfeoed cut­ting (which is not nec-

es­sar­ily a good thing to do from an au­dio stand­point since the higher the

speed of cut­ting, the greater the er­ror rate).




When di­rectly mas­ter­ing from U-matic tape, the au­dio must be recorded at 44.1 kHz to the Sony 1610/1630 for­mat, and the PQ code must be recorded on Chan­nel-1 so that the ti­tle can be mas­tered di­rectly from the U-matic tape. This “PQ burst” (which sounds sim­i­lar to a mo­dem tone) is ba­si­cally just a data file placed on the tape be­fore start­ing the au­dio.
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The PMCD

An­other relic from the be­gin­nings of the CD age is the PMCD. PMCD stands for Pre-Mas­tered CD and is a pro­pri­etary for­mat jointly owned by Sonic So­lu­tions and Sony. It orig­i­nally was an ef­fort to re­place the Sony PCM-1630 as the stan­dard me­dia de­liv­ered to the repli­ca­tor. It dif­fers from a nor­mal CD-R in that a PQ log is writ­ten into the lead­out of the disc (see the “How CDs (and DVDs Work)” sec­tion later in this chap­ter). At read- back, this log is used to gen­er­ate the PQ data set dur­ing glass mas­ter­ing, which elim­i­nates a step dur­ing repli­ca­tion. A PMCD can only be writ­ten from a Sonic sys­tem.




Al­though a great idea at the time, PMCD never quite lived up to its in­ten­tions due to the fact that most mas­ters are now dig­i­tally copied to DDP for­mat (see the fol­low­ing sec­tion) at the repli­ca­tor for high-speed glass mas­ter cut­ting. Even though this high-speed cut is faster and more ef­fi­cient for the repli­ca­tor, most mas­ter­ing en­gi­neers agree that this high- speed cut some­times re­sults in an in­fe­rior end prod­uct thanks to the jit­ter in­duced in the process. Cur­rent CD-R mech­a­nisms are not ca­pa­ble of cre- at­ing this for­mat, and plants are no longer equipped to han­dle PMCD-for- mat­ted discs, so the PMCD for­mat has been re­placed by DDP.




THE CUR­RENT STAN­DARD FOR­MATS

The fol­low­ing sec­tions dis­cuss some cur­rent in­dus­try-stan­dard for­mats.




DDP

There are two ways to de­liver your mas­ter to a repli­ca­tion fa­cil­ity—au­dio CD or DDP file. While au­dio CDs work for this pur­pose, they are far from ideal be­cause no mat­ter how good the me­dia and the burner are, you’re go­ing to have a num­ber of er­rors in the data. Disc De­scrip­tion Pro­to­col (DDP) files, how­ever, are de­liv­ered as data on a CD-ROM, DVD-ROM, Ex­abyte tape, or FTP file trans­mis­sion, and they are the in­dus­try-stan­dard method for au­dio de­liv­ery files for repli­ca­tion. The er­ror cor­rec­tion em­ployed by DDP is de­signed to be more ro­bust than that of au­dio CDs and en­sures that the au­dio mas­ter re­ceived by the repli­ca­tor will have as few er­rors as pos­si­ble in the data.




DDP has quickly be­come a mas­ter medium of choice, and there are many rea­sons why:




►  DDP has far fewer er­rors of any mas­ter medium, thanks to com­puter data qual­ity er­ror cor­rec­tion. CD-Rs and PM­CDs have a lot less ro­bust er­ror cor­rec­tion and will out­put data re­gard­less of whether it’s bad. It’s there­fore pos­si­ble to get dif­fer­ent data each time a CD-R is played, and it re­quires a dili­gent plant to get an er­ror-free trans­fer from a CD-R. CD-DA discs, or au­dio CDs, do not pro­tect the au­dio data from er­rors since they as­sume that the CD player will hide or con­ceal any er­rors
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dur­ing play­back. This sit­u­a­tion leads to er­rors in repli­ca­tion when record­able CDs, for­mat­ted as Red Book au­dio discs, are used as replica- tion mas­ters.




►  It’s eas­ier and safer to go past the 74-minute bound­ary with DDP. Long CD-Rs are less re­li­able, al­though that does not mean they won’t work.




►  Many plants will trans­fer a CD-R to DDP be­fore send­ing it to the glass cut­ter so that they will be more ef­fi­cient and cut the glass mas­ter at high speed (ei­ther 2x or 4x). Al­though this is bet­ter for the plant, it may not sound as good as a sin­gle-speed cut.




►  It’s im­pos­si­ble to play back a DDP with­out the right equip­ment, which isn’t read­ily avail­able. This means that there’s less chance for an acci- den­tal play­back of the mas­ter, which may dam­age the medium. A CD- R can get smudged and scratched, but the DDP will stay in its bag­gie un­til it hits the plant.




CD-R

[image: image]Now that DVD/CD recorders are in­ex­pen­sive and wide­spread, it’s pos­si­ble to cut a mas­ter disc to send to the repli­ca­tor even with­out the help of an ex­pen­sive work­sta­tion or piece of soft­ware. Most plants now ac­cept com- mon CD-Rs for press­ing, but the dan­ger here is that some users may think that they can pre­pare their own mas­ters with­out the slight­est un­der­stand- ing of what the tech­ni­cal spec­i­fi­ca­tions are. There­fore, it’s im­por­tant that we dis­cuss some ar­eas of con­cern.




Disc-at-Once Mode

To cre­ate a disc suit­able for press­ing, it’s im­por­tant to use what’s known as disc-at-once mode. This means that the CD-R is cut in one com­plete pass with no stops where the laser is turned off. Us­ing the other cut­ting mode, track-at-once, is not per­mit­ted be­cause it stops the laser be­tween songs, which cre­ates un­read­able frames that will cause the disc to be re­jected at the plant.




Recorder Speed

High-speed (from 12x to 52x, mean­ing the recorder is cut­ting at 12 to 52 times real time) CD-R record­ing is gen­er­ally far less de­sir­able than 2x to 8x record­ing. This is be­cause high-speed record­ing gen­er­ally re­sults in greater disc er­rors and in­creased jit­ter. Also, record­ing power does not in­crease lin­early with speed; there­fore, higher-speed record­ing can re­duce the to­tal en­ergy re­quired for record­ing.




It’s also gen­er­ally ac­knowl­edged that discs cut at 1x usu­ally sound bet- ter as well. Al­though there are many the­o­ries as to why this oc­curs, it’s widely ac­cepted that the jit­ter be­gins to rise with the speed of the cut.
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Er­ror Check­ing
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Er­rors on any me­dia are ex­tremely crit­i­cal be­cause they could make the dif­fer­ence be­tween mak­ing a good cut on the glass mas­ter and mak­ing a re­ject. These er­rors can be in many forms, from tape dropouts, to scratches or dust on the tape or disc, to just plain bad me­dia. There­fore, most ma­jor mas­ter­ing fa­cil­i­ties use sev­eral ways to check whether er­rors have oc­curred. Way back when, the Sony DTA-2000 Er­ror Checker was nor- mally used for 1630 projects. For CD-R and PMCD, a mea­sure­ment unit like the StageTech EC2 is used. If a disk im­age is be­ing sent via FTP, the mas­ter­ing DAW usu­ally has a util­ity to ver­ify the file.




Er­ror rate mea­sure­ments for discs such as the E se­ries (E11, E21, E31, E12, E22, E32) and BLER pro­vide vi­tal in­for­ma­tion as to the gen­eral con- di­tion of a tape or disc. BLER, which is an ab­bre­vi­a­tion of BLock Er­ror Rate, rep­re­sents frame er­ror rate and is one of the most widely used er­ror mea­sure­ments. One frame rep­re­sents the small­est in­te­gral data pack­age on a disc and con­tains 24 bytes of data along with sync, sub­code, Q par­ity, and P par­ity. Data is read from a CD-ROM at the rate of 7,350 frames per sec­ond in a 1x player. BLER mea­sures the rate of bad frames that con­tain one or more read er­rors. If 1 per­cent of the frames con­tain er­rors, then BLER will be 73.5 per sec­ond at 1x. It is re­quired that a disc have a frame er­ror rate less than 3 per­cent, or a 1x BLER of 220 per sec­ond. High-qual- ity discs have much lower frame er­ror rates than this, usu­ally in the range of 20 to 30.



FTP Trans­mis­sion
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Al­most all repli­ca­tors will now ac­cept mas­ter files via FTP (File Trans­fer Pro­to­col). In fact, many pre­fer to re­ceive your mas­ter that way. When us­ing FTP, the best thing to send is a DDP file, since it al­ready con­tains the nec- es­sary er­ror cor­rec­tion to pro­tect against trans­mis­sion er­rors.




All repli­ca­tors will have a se­cure por­tion of their web­site ded­i­cated for FTP trans­fers. Af­ter you place your or­der, they’ll send you the host name, user ID, and pass­word.
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Parts Pro­duc­tion
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Al­though the more high-pro­file and doc­u­mented part of mas­ter­ing lies in the stu­dio with the mas­ter­ing en­gi­neer, the real bread and but­ter of the busi­ness hap­pens af­ter the fact, dur­ing what’s known as pro­duc­tion.

Pro­duc­tion is the time when the var­i­ous mas­ters are made, ver­i­fied, and sent to the repli­ca­tor. Al­though it’s not a very glam­orous por­tion of the busi­ness, it’s one of the most im­por­tant none­the­less, since a prob­lem here can negate a per­fect job done be­fore­hand.




Once upon a time, pro­duc­tion was a lot more ex­ten­sive than it is to­day. For in­stance, in the days of vinyl, a lot of mas­ters had to be made be­cause a pair (one for each side of the disc) had to be sent to a press­ing plant in each area of the coun­try, and over­seas if it was a ma­jor re­lease. When you con­sider that ev­ery mas­ter had to be cut sep­a­rately with ex­actly the same process, you can see that the bulk of the mas­ter­ing work was not in the orig­i­nal run­down, but in the ac­tual mak­ing of the mas­ters (which was very lu­cra­tive for the mas­ter­ing house). Over the years the parts pro­duc­tion has dwin­dled to the point that we’re at to­day, where dig­i­tal copies are a snap to make.
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Mul­ti­ple Mas­ters


.


[image: image]Gen­er­ally speak­ing ev­ery project will have a num­ber of mas­ters cut, de­pend­ing upon the mar­ket­ing plans and pol­icy of the la­bel. This usu­ally breaks down as fol­lows:




►  The CD mas­ter. This is the mas­ter from which the glass mas­ter at the plant will be cut; the glass mas­ter will, in turn, ul­ti­mately make the repli­cated CDs. If an artist is to have a world­wide re­lease, a sep­a­rate mas­ter is made for each re­gion of the world.




►  The cas­sette mas­ter. If the la­bel is go­ing to make cas­settes (sur­pris- in­gly, some still do), then a sep­a­rate mas­ter is re­quired be­cause the song se­quence is usu­ally dif­fer­ent from the CD due to the split sides of the cas­sette for­mat. This mas­ter is some­times just a CD with 30 sec- onds of dead space to in­di­cate a side switch.




►  The vinyl mas­ter. If a record is de­sired, once again a sep­a­rate mas­ter is re­quired due to the song se­quence of the two-sided for­mat.
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►  The on­line mas­ter. Be­cause the on­line por­tion of sales is now such a large part of the over­all sales pic­ture, a sep­a­rate MP3 and/or AAC mas- ter is made. This mas­ter is spe­cially tweaked to pro­vide the best fi­delity with the least amount of band­width.




►  Backup mas­ters. Most ma­jor la­bels will ask for a backup mas­ter that they will store in the com­pany vault. Many times the mas­ter­ing fa­cil­ity will make a “house” backup as well to save time should a new mas­ter be re­quired at a later date.



Client Refs
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Be­fore pro­duc­tion oc­curs, a ref­er­ence, or ref, is made for the client to ap­prove. In the vinyl days this was ac­tu­ally a record known as an ac­etate, but now it is more likely to be an MP3 or a CD-R. The client can then take the MP3 or CD to an en­vi­ron­ment that he’s com­fort­able with and ap­prove the ed­its, fades, EQ, com­pres­sion, se­quenc­ing, and gen­eral sound qual­ity. Any changes will be re­layed back to the mas­ter­ing en­gi­neer, who will make those changes and cut an­other ref for the client to ap­prove. As soon as the client is sat­is­fied, the process of pro­duc­tion be­gins.



Mas­ter Ver­i­fi­ca­tion
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Be­fore a mas­ter is sent to the repli­ca­tor, it is ver­i­fied sev­eral dif­fer­ent ways to en­sure sonic in­tegrity. If us­ing a CD-R, the disc may be tested us­ing a StageTech EC2. If the BLER rate ex­ceeds 220, the disc must be re­jected, al­though it is usu­ally re­jected far be­fore that rate. Ac­cept­able BLER rates usu­ally range from 20 to 30 per sec­ond.




Most ma­jor press­ing fa­cil­i­ties will also em­ploy some type of au­dio veri- fi­ca­tion as well, for which a pro­duc­tion en­gi­neer will lis­ten to the con­tents of the mas­ter (some­times with head­phones) to en­sure that it is free from pops, clicks, or glitches.




This at­ten­tion to de­tail, as well as the large num­ber of man hours re­quired to cre­ate and ver­ify a mas­ter, en­ables the mas­ter­ing house to charge a pre­mium for this ser­vice. A mas­ter sent to the repli­ca­tor can range any­where from $350 to $1,000, de­pend­ing on the mas­ter­ing fa­cil­ity.
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CD Repli­ca­tors
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►  Sono­press. 108 Mon­ti­cello, Weaverville, NC 28787. www.sono­press.com.




►  Cin­ram. 1600 Rich Road, Rich­mond, IN 47374. www.cin­ram.com.




►  Cin­ram. 4905 Moores Mill Rd, Huntsville, AL 35811-1511.




►  Cin­ram. 1400 East Lack­awanna Av­enue, Olyphant, PA 18448.




►  Sony DADC. (800) 358-7316. www.sdm.sony.com.




►  Amtech. 716 Golf Road, Nuns Is­land, QC Canada, H3E 1A8. (800) 777-1927.



How CDs (and DVDs) Work
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Ev­ery­thing in this sec­tion also ap­plies to DVDs, but I’ll just use CDs as an ex­am­ple. A CD is a plas­tic disc 1.2mm thick and 5 inches in di­am­e­ter that con­sists of sev­eral lay­ers. First, to pro­tect the mi­cro­scop­i­cally small pits

www(m.oSreothalnu8ttiriollionn Mof thaemn) augaainslt.diinrt afnod dam­age, the CD has a plas-

tic pro­tec­tive layer on which the la­bel is printed. Then there is an alu-

minum coat­ing that con­tains the ridges and re­flects laser light. Fi­nally, the disc has a trans­par­ent car­rier through which the ac­tual read­ing of the disc takes place. This plas­tic forms a part of the op­ti­cal sys­tem (see Fig­ure 6.3).



[image: image]Fig­ure 6.3

The CD has sev­eral lay­ers. No­tice how the ridges con­tain bi­nary in­for­ma­tion.

[image: image]



Me­chan­i­cally, the CD is less vul­ner­a­ble than a record, but that does not mean that it must not be treated with care. Since the pro­tec­tive layer on the la­bel side is very thin (only one ten-thou­sandth of an inch), care­less treat­ment or gran­u­lar dust can cause small scratches or hair cracks, en­abling the air to pen­e­trate the evap­o­rated alu­minum coat­ing. If this oc­curs, the coat­ing will be­gin to ox­i­dize.




The re­flect­ing side of the CD is the side that is read. Peo­ple tend to set the CD down with the re­flect­ing side up. How­ever, the more vul­ner­a­ble side is not the re­flect­ing side, but the la­bel side. On the la­bel side, the re­flect­ing layer with its ridges has been evap­o­rated. The sen­si­tive layer on the re­flect­ing side has been pro­tected bet­ter than the one on the la­bel side. It is there­fore bet­ter to store CDs with the re­flect­ing side down. It is best to store the CD back in the jewel case, where it is safely held by its in­side edge.




Never write on the la­bel side, even with a felt-tipped pen. The ink may pen­e­trate the thin pro­tec­tive coat­ing and af­fect the alu­minum layer.




CDs are eas­ily scratched and should only be cleaned with a soft cloth, which should be cleaned ra­di­ally—not along the grooves, but at right an­gles to the di­rec­tion of the grooves. If a smear, how­ever small, should re­main on the CD, run­ning along the di­rec­tion of the grooves, much in­for­ma­tion could be lost. It is ad­vis­able to use spe­cial CD cleaner that op­er­ates with a ro­tat­ing brush at right an­gles to the di­rec­tion of the grooves.




The area of the disc that con­tains data is di­vided into three ar­eas (see Fig­ure 6.4):




►  The lead-in con­tains the ta­ble of con­tents in the sub­code Q-chan­nel and al­lows the laser pickup head to fol­low the pits and syn­chro­nize to the au­dio or com­puter data be­fore the start of the pro­gram area. The length of the lead-in is de­ter­mined by the num­ber of tracks stored in the ta­ble of con­tents.




►  The pro­gram area con­tains up to about 76 min­utes of data di­vided into a max­i­mum of 99 tracks.




►  The lead-out con­tains dig­i­tal si­lence or zero data and de­fines the end of the CD pro­gram area.
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Fig­ure 6.4

The CD lay­out.

Scan­ning the Disc

––––––––
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Like vinyl records, the in­for­ma­tion on op­ti­cal discs is recorded on a spi­ral track in the form of minute in­den­ta­tions called pits. These pits are scanned from the re­verse side of the disc (this makes them to ap­pear as ridges to the laser) by a mi­cro­scop­i­cally thin red laser beam dur­ing play­back. The scan­ning be­gins at the in­side of the back of the disc and pro­ceeds out­ward. Dur­ing play­back, the num­ber of rev­o­lu­tions of the disc de­creases from 500 to 200 rpm (rev­o­lu­tions per minute) in or­der to main­tain a con­stant scan- ning speed. The disc data is con­verted into elec­tri­cal pulses (the bit stream) by re­flec­tions of the laser beam from a pho­to­elec­tric cell. When the beam strikes a land, the beam is re­flected onto a pho­to­elec­tric cell.

When it strikes a ridge, the pho­to­cell will re­ceive only a weak re­flec­tion. A D/A (dig­i­tal-to-ana­log) con­verter con­verts these se­ries of pulses to bi­nary cod­ing, then to dec­i­mal val­ues, and then back to an ana­log wave­form (see Fig­ure 6.5).




It should be noted that the ends of the ridges seen by the laser are ones, and all lands and ridges are ze­ros. Thus, turn­ing on and off the re­flec­tion is one, while a steady state is a string of ze­roes.


Fig­ure 6.5

The disc data is con­verted into elec­tri­cal pulses (the bit stream) by re­flec­tions of the laser beam off a pho­to­elec­tric cell.

––––––––
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Thanks to this op­ti­cal scan­ning sys­tem, there is no fric­tion be­tween the laser beam and the disc. As a re­sult, the discs don’t wear re­gard­less of how of­ten they’re played. Discs must be treated care­fully, how­ever, since scratches, grease stains, and dust could dif­fract the light and cause some data to be skipped or dis­torted. This prob­lem is solved by an er­ror-cor­rec- tion sys­tem that au­to­mat­i­cally in­serts any lost or dam­aged in­for­ma­tion.

With­out this er­ror-cor­rec­tion sys­tem op­ti­cal disc play­ers would not have ex­isted, be­cause even the slight­est vi­bra­tion would cause sound and im­age dis­tor­tions.

[image: image]

Fig­ure 6.6

A mi­cro­scope look at CD pits and land. (Im­age cour­tesy of Philips, in­ven­tors of the CD.)

––––––––
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The scan­ning must be very ac­cu­rate be­cause the track of ridges is 30 times nar­rower than a sin­gle hu­man hair. There are 20,000 tracks on one com­pact disc (re­fer to Fig­ure 6.3). The lens, which fo­cuses the laser beam on the disc, has a depth of field of about 1 mi­cron (mi­crom­e­ter = one- mil­lionth of a me­ter).

It is quite nor­mal for the disc to move back and forth 1mm dur­ing play­back. A flex­i­ble reg­u­la­tor keeps the lens at a dis­tance of +/–2 mi­crons from the ro­tat­ing disc. For the same rea­son, a per­fect track­ing sys­tem is



re­quired. The com­plex task of fol­low­ing the track is con­trolled by an elec- tronic servo sys­tem. The servo sys­tem en­sures the track is fol­lowed accu- rately by mea­sur­ing the sig­nal out­put. If the out­put de­creases, the sys­tem rec­og­nizes this as be­ing “off track” and re­turns the track­ing sys­tem to its op­ti­mum state.




Many CD play­ers use three-beam scan­ning for cor­rect track­ing. The three beams come from one laser. A po­lar­ized prism projects three spots of light on the track. It shines the mid­dle one ex­actly on the track, and the two other “con­trol” beams gen­er­ate a sig­nal to cor­rect the laser beam im­me­di­ately, should it de­flect from the mid­dle track.



How CDs Are Made
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Data is copied onto the CD in a “pit-and-land” pat­tern that be­gins at the in­ner hub of the disc and spi­rals to­ward the outer edge in a coun­ter­clock- wise di­rec­tion. For the typ­i­cal 700 megabytes of data, the con­tin­u­ous track is more than four miles long.




The data is rep­re­sented by a se­ries of pits and lands that are so small that the width of a hu­man hair would cover more than 40 tracks. More
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STEP 1

The first step, glass mas­ter­ing, is com­posed of a num­ber of stages that are re­quired to cre­ate a met­al­lized glass mas­ter from which CD stam­pers are pro­duced. All of the pro­cesses are car­ried out in a clean room, where the mas­ter­ing tech­ni­cians must wear spe­cial cloth­ing, such as face­masks and footwear, to min­i­mize any stray par­ti­cles.




The 8” di­am­e­ter, 6mm thick glass blanks can be re­cy­cled, so glass mas- ter prepa­ra­tion be­gins by strip­ping the old photo-re­sist from its sur­face, which is then fol­lowed by a wash­ing with de-ion­ized wa­ter and then a care­ful dry­ing. The sur­face of the clean glass mas­ter is then coated with a photo-re­sist layer a scant 150 mi­crons thick with the uni­for­mity of the layer mea­sured with an in­frared laser. The photo-re­sist coated glass mas­ter is then baked at about 176 de­grees for 30 min­utes, which hard­ens the photo-re­sist layer and makes it ready for ex­pos­ing by laser light.




Laser-beam record­ing is where the photo-re­sist layer is ex­posed to a blue gas laser fed di­rectly from the source au­dio of a DDP mas­ter tape or file. The photo-re­sist is ex­posed where pits are to be pressed in the fi­nal disc. The photo-re­sist sur­face is then chem­i­cally de­vel­oped to re­move the photo-re­sist ex­posed by the laser and there­fore cre­ate pits in the sur­face.



[image: image]



These pits then ex­tend right through the photo-re­sist to the glass un­der- neath to achieve the right pit ge­om­e­try. The glass it­self is un­af­fected by this process (see Fig­ure 6.7).



Fig­ure 6.7

Mak­ing the glass mas­ter.

––––––––
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STEP 2

The sur­face of this glass mas­ter, which is called the metal mas­ter or fa­ther, is then coated with ei­ther a sil­ver or a nickel metal layer. The glass mas­ter is then played on a disc mas­ter player (DMP) to check for any er­rors.

Au­dio mas­ters are ac­tu­ally lis­tened to at this stage.

STEP 3

The next stage is to make the re­verse im­age stam­per, or mother (a pos­i­tive im­age of the fi­nal disc pit and land ori­en­ta­tion). The mother is then form pressed onto the ex­truded “chil­dren” mem­branes, which ul­ti­mately con- tain all the bi­nary in­for­ma­tion used to play the disc.

STEP 4

Stam­pers are then made from the mother (neg­a­tive im­age) and se­cured into the mold­ing ma­chines that ac­tu­ally stamp the CD discs (see Fig­ure 6.8).

STEP 5

Af­ter a CD disc has been molded from clear poly­car­bon­ate, a thin layer of re­flec­tive metal is bonded onto the pit and land sur­face, and a clear pro­tec- tive coat­ing is ap­plied.

[image: image]

[image: image]Fig­ure 6.8

Mak­ing the stam­per. (Di­a­gram cour­tesy of Sony Disc Man­u­fac­tur­ing.)




STEP 6

The disc la­bel is printed on the non-read sur­face of the disc, and the

CD is in­serted into a pack­age, such as a jewel case with tray, book­let, and
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A sin­gle unit called a Mono­liner (see Fig­ures 6.9 and 6.10) is ac­tu­ally used to repli­cate CDs af­ter the stam­per has been cre­ated. The Mono­liner con­sists of a com­plete repli­ca­tion line com­posed of a mold­ing ma­chine, a met­al­izer, a lac­quer unit, a printer (nor­mally three-color), and in­spec­tion. Good and bad discs are trans­ferred to dif­fer­ent spin­dles. Fin­ished discs are re­moved on spin­dles for pack­ing. It’s also pos­si­ble for the Mono­liner to not in­clude a printer so a new job can con­tinue with­out be­ing stopped while the printer is be­ing set up.




A Duo­line is a repli­ca­tion line com­posed of two mold­ing ma­chines, a met­al­izer, a lac­quer unit, and in­spec­tion. Each mold­ing ma­chine can run dif­fer­ent ti­tles, with the discs be­ing sep­a­rated af­ter in­spec­tion and placed on dif­fer­ent spin­dles.
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[image: image]Fig­ure 6.9

A Mono­liner.

[image: image]Fig­ure 6.10

A Mono­liner in ac­tion.

Of Ad­di­tional In­ter­est
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If you need even more in­for­ma­tion about CDs, go to Chap­ter 12 or take a look at the fol­low­ing web­sites.




►  Andy Mc­Fad­den’s CD Record­able FAQ: www.cdr­faq.org




►  The CD In­for­ma­tion Cen­ter: www.cd-info.com




►  Doug Car­son As­so­ciates: www.dcainc.com
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CHAP­TER 7
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Mas­ter­ing for Vinyl
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Al­though it seems like al­most an an­cient tech­nol­ogy in these days of ones and ze­roes, the vinyl record seems to be at least hold­ing its own in the mar­ket­place, and even mak­ing a bit of a resur­gence. This is in no small part due to the high de­mand from DJs, but also from an au­dio­phile com- mu­nity that still in­sists that vinyl packs a sonic punch sec­ond to none.




Al­though it’s pretty cer­tain that most en­gi­neers won’t be get­ting the gear to do vinyl any­time soon, it’s still pretty im­por­tant to know what makes the for­mat tick in or­der to get the best per­for­mance if you de­cide to make some records along with the CDs. But be­fore we get into the mas­ter- ing re­quire­ments for vinyl, let’s take a look at the sys­tem it­self and the physics re­quired to make a record. Al­though this is by no means a com- plete de­scrip­tion of the en­tire process of cut­ting a record, it is a pretty good over­view.




DAVID CHEPPA:  If you just want to cut a medi­ocre record, you don’t need to know a lot of any- thing. If you want to cut a bet­ter record, it’s good to know some­thing. If you want to cut an in­cred­i­ble record, you need to have an un­der­stand­ing of the phys­i­cal world and the phys­i­cal laws that gov­ern it. You have to know what the lim­its re­ally are, phys­i­cally and elec­tron­i­cally. So I think it’s a bal­ance of art, sci­ence, and tech­nol­ogy.



––––––––
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A Brief His­tory of Vinyl
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It’s im­por­tant to look at the his­tory of the record be­cause in some ways it is the his­tory of mas­ter­ing it­self. Un­til 1948, all records were 10” and played at 78 RPM. When Co­lum­bia Records in­tro­duced the 12” 33 1/3rd RPM in 1948, the age of high-fi­delity ac­tu­ally be­gan, since the sonic qual- ity took a quan­tum leap over the pre­vi­ous gen­er­a­tion of disk. How­ever,
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records of that time had a se­vere lim­i­ta­tion of only about 10 min­utes of play­ing time per side be­cause the grooves were all rel­a­tively wide in or­der to fit the low fre­quen­cies on the record.




To over­come this time lim­i­ta­tion, two re­fine­ments oc­curred. First, the Record­ing In­dus­try As­so­ci­a­tion of Amer­ica (RIAA) in­sti­tuted an equal­iza- tion curve in 1953 that nar­rowed the grooves, thereby al­low­ing more of them to be cut on the record, which in­creased the play­ing time and de­creased the noise. This was done by boost­ing the high fre­quen­cies by about 17 dB at 15 kHz and cut­ting the lows by 17 dB at 50 Hz when the record was cut. The op­po­site curve is then ap­plied dur­ing play­back. This is what’s known as the RIAA curve. It’s also the rea­son why your turntable sounds so bad when you plug it di­rectly into a mic or line in­put of a con- sole. With­out the RIAA curve, the re­sult­ing sound is thin and tinny due to the overem­pha­sized high fre­quen­cies and at­ten­u­ated low fre­quen­cies.




The sec­ond re­fine­ment was the im­ple­men­ta­tion of vari­able pitch, which al­lowed the mas­ter­ing en­gi­neer to change the num­ber of grooves per inch ac­cord­ing to the pro­gram ma­te­rial. In cut­ting par­lance, pitch is the rate at which the cut­ter head and sty­lus travel across the disk. By vary- ing this ve­loc­ity, you can vary the num­ber of grooves as well. These two ad­vances in­creased the play­ing time to the cur­rent 25 min­utes or so per



[image: image]

wwwsid.eS.


olu­tion­Man­ual.info


In 1957 the stereo record be­came com­mer­cially avail­able and re­ally pushed the in­dus­try to the sonic heights that it has reached to­day.



The Physics of Vinyl
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To un­der­stand how a record works, you re­ally must un­der­stand what hap- pens within a groove. If you were to cut a mono 1-kHz tone, the cut­ting sty­lus would swing side to side in the groove 1,000 times per sec­ond (see Fig­ures 7.1 through 7.14). The louder you want the sig­nal, the deeper you have to cut the groove.




Al­though this works great in mono, it doesn’t do a thing for you in stereo, and in fact this was a prob­lem for many years. As stated be­fore, stereo records were in­tro­duced in 1957, but the fact of the mat­ter is that the stereo record-cut­ting tech­nique was ac­tu­ally pro­posed in 1931 by famed au­dio sci­en­tist Alan Blum­lein. His tech­nique, called the 45/45 sys- tem, was re­vis­ited some 25 years later by the Westrex Cor­po­ra­tion (who were the big guns in record equip­ment man­u­fac­tur­ing at the time) and re­sulted in the even­tual in­tro­duc­tion of the stereo disk.
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Es­sen­tially, a stereo disk com­bines the side-to-side (lat­eral) mo­tion of the sty­lus with an up-and-down (ver­ti­cal) mo­tion. The 45/45 sys­tem ro­tated the axis 45 de­grees to the plane of the cut. This method ac­tu­ally has sev­eral ad­van­tages. First, mono and stereo disks and play­ers be­come to­tally com­pat­i­ble, and, sec­ond, the rum­ble (low-fre­quency noise from the turntable) is de­creased by 3 dB.




The fol­low­ing fig­ures and ac­com­pa­ny­ing in­for­ma­tion are cour­tesy of Clete Baker at Stu­dio B in Lin­coln, Ne­braska, and de­tail what the record grooves can look like un­der dif­fer­ent sig­nal con­di­tions.



[image: image]Fig­ure 7.1

A silent groove with no au­dio in­for­ma­tion. The groove width across the top of the “vee” from land to land is 2 mils (.002 inch) as mea­sured with the mi­cro­scope’s gratic­ule, which had to be re­moved for the cam­era mount. Groove depth is ap­prox­i­mately the same as the width for this par­tic­u­lar sty­lus (Capps).
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[image: image]Fig­ure 7.2

From the out­side di­am­e­ter in: A low-fre­quency sine wave, a mid- fre­quency sine wave, and a high- fre­quency sine wave, all in mono (lat­eral ex­cur­sion). All fre­quen­cies were at the same level at the head end of the sys­tem (in other words, prior to ap­pli­ca­tion of the RIAA curve). This demon­strates that for any given level, a lower fre­quency will cre­ate a greater ex­cur­sion than a high fre­quency, and thus will re­quire greater pitch to avoid in­ter­cuts.

Fig­ure 7.3


.

[image: image]This is a sine wave ap­plied to left chan­nel only to­ward the outer part of the record, summed to mono in the cen­ter of the view, and ap­plied to right chan­nel only to­ward the in­ner part of the record. One can eas­ily see the dif­fer­ence be­tween the purely lat­eral mod­u­la­tion of the mono sig­nal and the ver­ti­cal of the left and right chan­nel sig­nals.

[image: image]Fig­ure 7.4

A hu­man hair laid across the groove of­fers a point of ref­er­ence for size.

[image: image]Fig­ure 7.5

Again, lower-fre­quency and higher- fre­quency sine waves demon­strate that more land is re­quired to ac­com­mo­date the ex­cur­sion of lows than of highs.
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[image: image]Fig­ure 7.6

To al­low for the ac­com­mo­da­tion of low-fre­quency ex­cur­sions with­out wast­ing vast amounts of disk real es­tate, vari­able pitch is em­ployed to spread the groove in an­tic­i­pa­tion of large ex­cur­sions and nar­row the groove in the ab­sence of ma­te­rial that doesn’t re­quire it. This fig­ure shows vari­able pitch in ac­tion on pro­gram au­dio.

Fig­ure 7.7


.

[image: image]When vari­able pitch goes bad. Oops…a lat­eral in­ter­cut caused by in­suf­fi­cient ap­pli­ca­tion of vari­able pitch for a wide lat­eral ex­cur­sion. To­ward the bot­tom cen­ter of the slide the out­side wall of the loud low fre­quency has “kissed” the ad­ja­cent wall of the pre­vi­ous rev­o­lu­tion, but the wall has not bro­ken down; at least 2 mils of depth sep­a­rates the two, which is a safe mar­gin. How­ever, on the next rev­o­lu­tion a chance ex­cur­sion to­ward the out­side of the disk has all but over­writ­ten its ear­lier neigh­bor; less than half a mil sep­a­rates the bot­tom of the grooves there, which is cer­tain to cause mis­track­ing down the line.

[image: image]Fig­ure 7.8

Lat­eral ex­cur­sions aren’t the only source of in­ter­cuts. This fig­ure shows a large low-fre­quency ver­ti­cal ex­cur­sion, caused by out- of-phase in­for­ma­tion, which has been en­croached upon by its neigh­bor dur­ing the next rev­o­lu­tion. The wall of the later rev­o­lu­tion is com­pro­mised down to about 0.5 mil. This is not se­vere enough to cause mis­track­ing; how­ever, some dis­tor­tion will be heard from the de­for­mity. Since this type of prob­lem arises ex­clu­sively from out-of-phase low- fre­quency in­for­ma­tion that would be acous­ti­cally can­celled upon play­back any­way, mono sum­ming is gen­er­ally per­formed at low fre­quen­cies to elim­i­nate such large ver­ti­cal ex­cur­sions.

––––––––
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[image: image]Fig­ure 7.9

Large ver­ti­cal ex­cur­sions can cause prob­lems not only by carv­ing out deep, and con­se­quently wide, swaths that re­sult in in­ter­cuts, but by caus­ing the cut­ting sty­lus to lit­er­ally lift right off the disk sur­face for the other half of the wave­form. Ob­vi­ously, a lift such as this would in­evitably cause a record to skip and is al­ways un­ac­cept­able.

[image: image]

[image: image]Fig­ure 7.10

Here a near lift (only a tenth of a mil re­mains of the groove walls) is ac­com­pa­nied on the fol­low­ing rev­o­lu­tions by lat­eral in­ter­cut. The de­for­mity along the in­side wall of the new groove as the out­side wall en­coun­ters the pre­vi­ous rev­o­lu­tion is clearly vis­i­ble op­po­site the breach.

This will re­sult in au­di­ble dis­tor­tion. The mas­ter­ing en­gi­neer has sev­eral tools at his dis­posal to solve prob­lems such as these. Among them are in­creas­ing groove pitch and/or depth, low­er­ing the over­all level at which the record is cut, re­duc­ing low-fre­quency in­for­ma­tion, sum­ming low fre­quen­cies at a higher cross­over point, or adding ex­ter­nal pro­cess­ing, such as a peak lim­iter. Each of these can be used alone or in com­bi­na­tion to achieve a sat­is­fac­tory mas­ter, but

[image: image]none can be em­ployed without ex­act­ing a price.
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[image: image]Fig­ure 7.11

Here is the same au­dio viewed in Fig­ure 7.10, only af­ter pro­cess­ing. In this case a lim­iter was em­ployed to re­duce dy­namic range (the sur­round­ing ma­te­rial is no­tice­ably louder as well) and rein in the peaks, which were caus­ing in­ter­cuts and lifts. This sec­tion is cut more deeply, av­er­ag­ing per­haps 3 to 4 mils in­stead of the more com­mon 2 mils, in or­der to give ver­ti­cal ex­cur­sions plenty of breath­ing room. Pitch, too, has had to be in­creased over­all in or­der to ac­com­mo­date the slightly wider groove, de­spite the re­duced need for dra­matic dy­namic in­creases in pitch due to the re­duc­tion of peaks by the lim­iter.
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[image: image]Fig­ure 7.12

Among the tru­isms of disk cut­ting: High-fre­quency in­for­ma­tion suf­fers ter­ri­bly as the groove winds closer to the in­ner di­am­e­ter. Here is HF- rich pro­gram ma­te­rial near the outer di­am­e­ter of the disk.

[image: image]Fig­ure 7.13

Here is the same au­dio in­for­ma­tion as in Fig­ure 7.8, only nearer the in­side di­am­e­ter of the disk.

[image: image]Fig­ure 7.14

The ideal: nor­mal, healthy-look­ing pro­gram au­dio.

.

The Vinyl Sig­nal Chain
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Al­though the sig­nal chain for vinyl is sim­i­lar to that of CD, there are some im­por­tant dis­tinc­tions and unique pieces in­volved. Let’s look at the chain from the mas­ter lac­quer (the record that we cut to send to the press­ing plant) on back.




THE MAS­TER LAC­QUER

The mas­ter lac­quer is the record that we cut to send to the press­ing plant. It con­sists of a mir­ror-smooth sub­strate of alu­minum coated with cellu- lose ni­trate (a dis­tant cousin to ni­tro­glyc­er­ine), along with some resins and pig­ments to keep it soft and help with vis­ual in­spec­tion. The lac­quer is ex­tremely soft as com­pared to the fin­ished record and can never be played af­ter it is cut. In or­der to au­di­tion the mas­ter­ing job be­fore a lac­quer is cut, a ref­er­ence disk called a ref or ac­etate is made. Be­cause this is made of the same soft ma­te­rial as on the mas­ter lac­quer, it can only be played five or six times (at most) be­fore the qual­ity has been sig­nif­i­cantly de­graded. There is a sep­a­rate mas­ter lac­quer for each side of the record. The lac­quer is al­ways larger than the fi­nal record (a 12” record has a 14” lac­quer), so re­peated han­dling does not dam­age the grooves.
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THE CUT­TING STY­LUS AND CUT­TER HEAD

The cut­ting sty­lus, which is made of sap­phire, sits in­side the cut­ter head, which con­sists of sev­eral large drive coils. The drive coils are pow­ered by a set of very high-pow­ered (typ­i­cally 1,000- to 3,500-watt) am­pli­fiers. The cut­ting sty­lus is heated for an eas­ier and qui­eter cut.




THE LATHE

The lathe con­tains a pre­ci­sion turntable and the car­riage that holds the cut­ter head as­sem­bly, as well as a mi­cro­scope to in­spect the grooves and ad­just­ments that de­ter­mine the num­ber of grooves and the depth of cut. No lathes are cur­rently be­ing man­u­fac­tured, but mod­els by Scully and Neu­mann were once among the most de­sir­able (see Fig­ure 7.15).



[image: image]Fig­ure 7.15

Neu­mann VMS-80 with SX 84 cut­ter head from 1984. (Im­age cour­tesy of Neu­mann.)




DAVID CHEPPA: We’ve ac­tu­ally de­vel­oped it quite a lot. In the old days, way, way back in the ’50s, the first cut­ting sys­tems weren’t very pow­er­ful. They only had maybe 10 or 12 watts of power. Then in the ’60s Neu­mann de­vel­oped a sys­tem that brought it up to about 75 watts per chan­nel, which was con­sid­ered pretty cool. Then in the ’70s, the high-pow­ered cut­ting sys­tems came into be­ing, which were about 500 watts. That was pretty much it for a while. I mean, it made no sense be­yond that be­cause the cut­ter heads re­ally weren’t de­signed to han- dle that kind of power any­way. Even the last cut­ting sys­tem that came off the line in about 1990 at Neu­mann in Berlin hadn’t re­ally changed other than it had newer pan­els and pret­tier elec­tron­ics. It wasn’t re­ally a big dif­fer­ence.




In the phys­i­cal world with sound sys­tems, all the en­ergy is in the low end. But in cut­ting, it’s the ex­act op­po­site. All of the en­ergy is in the up­per spec- trum, so ev­ery­thing from about 5,000 cy­cles up be­gins to re­quire a great amount of en­ergy. This is why our cut­ting sys­tems are so pow­er­ful. One lathe has 3,600 watts of power, and our least pow­er­ful one is about 2,200 watts. It’s
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dev­as­tat­ing if some­thing goes wrong at that power. If I get a mas­ter that’s raw and hasn’t been han­dled at all and there is some­thing that just tweaks out of nowhere, it can take the cut­ter head out.




THE MAS­TER­ING CON­SOLE

The mas­ter­ing con­sole (see Fig­ure 7.16) for a disk sys­tem is equal to that used to­day for mas­ter­ing in sound qual­ity and short sig­nal path, but that’s where the sim­i­lar­ity ends. Be­cause of the unique re­quire­ments of cut­ting a disk and the man­ual na­ture of the task (thanks to the lack of com­put­er­ized gear at the time), there are sev­eral fea­tures found on this type of desk that have fallen by the way­side in the mod­ern era of mas­ter­ing.



[image: image]Fig­ure 7.16

A Neu­mann SP-75 vinyl mas­ter­ing con­sole.

.




The Pre­view Sys­tem

Chief among those fea­tures is the pre­view sys­tem, which is an ad­di­tional mon­i­tor path made nec­es­sary by the volatile na­ture of cut­ting a disk.

Here’s the prob­lem: Disk cut­ting is es­sen­tially a non-stop op­er­a­tion. Once you start to cut, you must make all your changes on the fly, with­out stop- ping un­til the end of the side. If a por­tion of the pro­gram had ex­ces­sive bass in­for­ma­tion, a loud peak, or some­thing out of phase, the cut­ter head would cut right through the lac­quer to the alu­minum sub­strate. Not only would this de­stroy the lac­quer, but maybe an ex­pen­sive sty­lus as well.

Hence the need for the mas­ter­ing en­gi­neer to hear the prob­lem and make the nec­es­sary ad­just­ments be­fore any harm came to the disk.




En­ter the pre­view sys­tem. Es­sen­tially, the pro­gram go­ing to the disk was de­layed. Since dig­i­tal de­lays weren’t in­vented yet, an in­ge­nious dedi- cated mas­ter­ing tape ma­chine with two sep­a­rate head stacks (pro­gram and pre­view) and an ex­tended tape path (see Fig­ures 7.17 and 7.18) was used. This gave the mas­ter­ing en­gi­neer enough time to make the nec­es­sary ad­just­ments be­fore any dam­age was done to the disk or sys­tem.
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[image: image]Fig­ure 7.17

MCI tape ma­chine with pre­view head.

[image: image]Fig­ure 7.18

Studer tape ma­chine with pre­view head.
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Equal­iza­tion

Since a disk had to be cut on the fly and com­puter au­to­ma­tion was still years away, a sys­tem had to be cre­ated in or­der to make EQ ad­just­ments from song to song quickly, eas­ily, and—most nec­es­sar­ily—man­u­ally. This was ac­com­plished by hav­ing two of each unit and hav­ing the con­trols of each stepped so that ad­just­ments could be re­peat­able.




The mas­ter­ing en­gi­neer would then run down all the songs of a side (one side of the LP) and mark down the EQ set­tings re­quired. Then, as the first song was be­ing cut through the A equal­izer, he would pre­set the B equal­izer. As song 2 was play­ing through the B equal­izer, he would pre­set equal­izer A for song 3, and so on (re­fer to Fig­ure 7.16).




Al­though this method was crude, it was ef­fec­tive. Nat­u­rally, to­day it’s much eas­ier now that all EQ and com­pres­sion pre­sets can be re­called with only the touch of a but­ton.




The El­lip­ti­cal Equal­izer

[image: image]One of the more in­ter­est­ing relics of the record days is the el­lip­ti­cal equal- izer or low-fre­quency cross­over. What this unit does is move all low fre- quen­cies be­low a pre­set fre­quency (usu­ally 250, 150, 70, and 30 Hz) to the cen­ter. This is done to stop ex­ces­sive lat­eral move­ment of the cut­ting sty­lus be­cause of ex­ces­sive low-fre­quency en­ergy on one side only or ex­ces­sive out-of-phase ma­te­rial. Ob­vi­ously, use of this device could neg­a­tively af­fect the sound of a record, so it must be used ju­di­ciously.



How Records Are Pressed
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Press­ing records is such a prim­i­tive process by to­day’s stan­dards that it’s pretty amaz­ing that they sound as good as they do. This is a multi-step op­er­a­tion that’s vir­tu­ally en­tirely me­chan­i­cal and man­ual, with a host of ar­eas that could in­flu­ence the end prod­uct in a mostly neg­a­tive way.




STEP 1

The mas­ter lac­quer is used as the first of sev­eral metal molds from which the plas­tic records are pressed. The lac­quer is first coated with a layer of tin and sil­ver ni­trate, then dropped in a nickel sulfa­mate bath and elec­tro- plated. The lac­quer is re­moved from the bath, and the nickel coat­ing is peeled away. The sep­a­rated nickel is what’s known as the metal mas­ter and is a neg­a­tive of the lac­quer.
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STEP 2

The metal mas­ter is dropped back into the nickel bath and elec­tro­plated again. The re­sul­tant sep­a­rated metal part is known as the mother and is a pos­i­tive copy that can be played since it has grooves (al­though it won’t be be­cause to do so would de­stroy the disc).




STEP 3

The mother is dropped back into the nickel bath and elec­tro­plated again. The re­sul­tant sep­a­rated metal part is known as the stam­per and is a nega- tive copy that is bolted into the record presser to ac­tu­ally stamp out the plas­tic records.




It should be noted that, just like tape, each re­sul­tant copy is a gen­era- tion down and will re­sult in 6 dB worse sig­nal-to-noise ra­tio. Also, great care must be used when peel­ing off the elec­tro­plat­ing, since any ma­te­rial left be­hind will re­sult in a pop or click on the fin­ished prod­uct.




STEP 4

The vinyl used to make records ac­tu­ally comes in a gran­u­lated form called vinylite and isn’t black, but honey col­ored. Be­fore be­ing pressed, it is heated into the form of mod­el­ing clay and col­ored with pig­ment. At this point it is known as a bis­cuit. The bis­cuit is then placed in the press, which re­sem­bles a large waf­fle iron and is heated to about 300 de­grees.

Tem­per­a­ture is im­por­tant be­cause if the press if too hot, then the record will warp; if it is too cold, then the noise will in­crease. Af­ter press­ing, ex­cess vinyl is trimmed with a hot knife, and the records are put on a spin- dle to cool at room tem­per­a­ture.




All of these metal parts wear out. A stam­per will go dull af­ter about 70,000 press­ings. Be­cause of that, sev­eral sets of metal parts would have to be made for a large or­der, and in the case of a large-sell­ing record, even sev­eral lac­quers.




For some nice lathe pic­tures, go to http://www.aard­vark­mas­ter­ing.com/ his­tory.htm.
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Mas­ter­ing for In­ter­net Dis­tri­bu­tion
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En­cod­ing an MP3 of your mix may seem easy, but to make it sound great re­quires a bit of thought, some knowl­edge, and some ex­per­i­men­ta­tion. The idea is to en­code the small­est file with the high­est qual­ity, which is, of course, the tricky part. Here are some tips to get you started in the right di­rec­tion so you won’t have to try ev­ery pos­si­ble pa­ram­e­ter com­bi­na­tion. Re­mem­ber, though, that the set­tings that might work on one par­tic­u­lar song or type of mu­sic might not work on an­other.



The Source File

[image: image]


Lossy cod­ing, such as MP3 (check out Chap­ter 12, “In­ter­net De­liv­ery For­mats,” for more info), makes the qual­ity of the mas­ter mix more of an is­sue be­cause high-qual­ity au­dio will be dam­aged much less by this type of en­cod­ing than low-qual­ity au­dio will. There­fore, it’s vi­tally im­por­tant that you start with the best au­dio qual­ity (the high­est sam­ple rate and the most bits) pos­si­ble.




It’s also im­por­tant to lis­ten to your en­code and per­haps even try a num­ber of dif­fer­ent pa­ram­e­ter set­tings be­fore set­tling on the fi­nal prod- uct. Lis­ten to the en­code, A/B it to the orig­i­nal, and make any ad­di­tional changes you feel nec­es­sary. Some­times a big, thick wall of sound en­codes ter­ri­bly, and you need to ease back on the com­pres­sion and lim­it­ing of the source track. Other times, heavy com­pres­sion can make it through bet­ter than a mix with more dy­nam­ics. There are a few pre­dic­tions one can make af­ter do­ing it for a while, but you can never be cer­tain, so lis­ten­ing and ad­just­ing is the only sure way.



[image: image]


[image: image]MP3 EN­COD­ING TIPS


Here are some things to con­sider if your mix is in­tended for MP3 en­cod­ing:




•  Start with the high­est-qual­ity au­dio file pos­si­ble.

•  Fil­ter out the top end at what­ever fre­quency works best (judge by ear). MP3 has the most dif­fi­culty with high fre­quen­cies—cut­ting them out lib­er­ates lots of bits (lit­er­ally) for en­cod­ing the lower and mid fre­quen­cies. You trade some top end for bet­ter qual­ity in the rest

of the spec­trum.

•  A real busy mix can lose punch af­ter en­cod­ing. Sparse mixes, such as acous­tic jazz trios, seem to re­tain more of the orig­i­nal au­dio oomph.

•  Make sure your level is rea­son­ably hot. Use the “tips for hot level” (re­fer to Chap­ter 4) or even nor­mal­ize if you must, but it’s far bet­ter to record at a good level in the first place.

•  Don’t squan­der band­width. Your en­code might ac­tu­ally sound bet­ter at 32 kHz than at 44.1 kHz be­cause the en­cod­ing al­go­rithm can con- cen­trate on the more crit­i­cal midrange.

[image: image]•  Don’t squash ev­ery­thing with a com­pressor/lim­iter. Leave some dy­namic range so the en­cod­ing al­go­rithm has some­thing to look at.

•  Use multi-band com­pres­sion (such as a TC Elec­tronic Fi­nal­izer) or other dy­namic spec­tral ef­fects very spar­ingly. They just con­fuse the en­cod­ing al­go­rithm.

•  Set your en­coder for max­i­mum qual­ity, which al­lows it to process for best re­sults. It takes longer, but it’s worth it.

•  Re­mem­ber, MP3 en­cod­ing al­most al­ways re­sults in the post-en­coded ma­te­rial be­ing slightly hot­ter than the orig­i­nal ma­te­rial. Limit the out­put of the ma­te­rial in­tended for MP3 to –1 dB, in­stead of the com­monly used –.1 or –.2 dB, so you don’t get dig­i­tal overs.


––––––––
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[image: image]The En­coder


Un­for­tu­nately, all MP3 en­coders are not cre­ated equal, and there­fore they don’t pro­vide the same qual­ity out­put, so us­ing a good en­coder is the big­gest ad­van­tage you can give your­self.
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An MP3 en­coder to con­sider is LAME, which is an open-source ap­pli- cation. LAME is an acro­nym for LAME Ain’t an MP3 En­coder, al­though the cur­rent ver­sion re­ally is a stand-alone en­coder. The con­sen­sus (as of 2007) seems to be that LAME pro­duces the high­est-qual­ity MP3 files for av­er­age bit rates of 128 kbps and higher. An­other good MP3 en­coder is the one found in iTunes.



Bit Rate
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Re­gard­less of the en­coder, there’s re­ally only one pa­ram­e­ter that mat­ters most in de­ter­min­ing the qual­ity of the en­code, and that’s bit rate, which is the num­ber of bits of en­coded data that are used to rep­re­sent each sec­ond of au­dio. Lossy en­coders like MP3 pro­vide a num­ber of dif­fer­ent op­tions for their bit rate. Typ­i­cally the rates cho­sen are be­tween 128 and 320 kilo- bits per sec­ond. By con­trast, un­com­pressed au­dio as stored on a com­pact disc has a bit rate of about 1400 kbps.




MP3 files en­coded with a lower bit rate re­sult in smaller files and there- fore faster down­loads, but they gen­er­ally play back at a lower qual­ity. With a bit rate too low, com­pres­sion ar­ti­facts (sounds that were not present in the orig­i­nal record­ing) may ap­pear in the re­pro­duc­tion. A good demon­stra­tion of com­pres­sion ar­ti­facts is pro­vided by the sound of ap­plause, which is hard to data-com­press be­cause it is ran­dom. As a re­sult, the fail­ings of an en­coder are more ob­vi­ous and be­come au­di­ble as a slight ring­ing.




Con­versely, a high bit rate en­code will al­most al­ways pro­duce a bet­ter sound­ing file, but also will re­sult in a larger file, which may take an unac- cept­able amount of time to down­load.




BIT RATE SET­TINGS

For av­er­age sig­nals with good en­coders, many lis­ten­ers con­sider a bit rate of 128 kbps, pro­vid­ing a com­pres­sion ra­tio of ap­prox­i­mately 11:1, to be near enough to com­pact disc qual­ity. How­ever, lis­ten­ing tests show that with a bit of prac­tice, many lis­ten­ers can re­li­ably dis­tin­guish 128 kbps MP3s from CD orig­i­nals. When that hap­pens, many times they re­con­sider and then deem the 128 kbps MP3 au­dio to be of un­ac­cept­ably low qual­ity. Yet other lis­ten­ers, and the same lis­ten­ers in other en­vi­ron­ments (such as in a noisy mov­ing ve­hi­cle or at a party), will con­sider the qual­ity quite ac­cept­able.




►  128 kbps. This is the low­est ac­cept­able bit rate, but may have mar­ginal qual­ity de­pend­ing upon the en­coder. This re­sults in some ar­ti­facts but small file sizes.
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►  160 kbps. This is the low­est bit rate con­sid­ered us­able for a high-qual- ity file.




►  320 kbps. This is the high­est qual­ity with a large file size, but it may be in­dis­tin­guish­able from CD.




CON­STANT VER­SUS AV­ER­AGE VER­SUS VARI­ABLE BIT RATE

There are three modes cou­pled to bit rate that have a bear­ing on the fi­nal sound qual­ity of the en­code.




►  Vari­able Bit Rate mode (VBR). This main­tains a con­stant qual­ity while rais­ing and low­er­ing the bit rate de­pend­ing upon how com­plex the pro­gram is. Size is less pre­dictable than with ABR (see be­low), but the qual­ity is usu­ally bet­ter.




►  Av­er­age Bit Rate mode (ABR). This varies the bit rate around a speci- fied tar­get bit rate.




►  Con­stant Bit Rate mode (CBR). This main­tains a steady bit rate re­gard­less of the com­plex­ity of the pro­gram. CBR mode usu­ally pro- vides the low­est-qual­ity en­code, but the file size is very pre­dictable.




[image: image]At a given bit rate range, VBR will pro­vide higher qual­ity than ABR, which will pro­vide higher qual­ity than CBR. The ex­cep­tion to this is when you choose the high­est pos­si­ble bit rate of 320 kbps where, de­pend­ing upon the en­coder, the mode may have lit­tle bear­ing on the fi­nal sound qual­ity.



Other Set­tings
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There are some ad­di­tional pa­ram­e­ter set­tings that can have a huge in­flu- ence on the qual­ity of the fi­nal en­code. These in­clude:




►  Mid-Side Joint Stereo (some­times called MS Joint Stereo). This en­codes all of the com­mon au­dio on one chan­nel and the dif­fer­ence au­dio (stereo mi­nus the mono in­for­ma­tion) on the other chan­nel. This is in­tended for low bit-rate ma­te­rial and to re­tain sur­round in­forma- tion from a sur­round mix source. It is not needed or de­sired for stereo source files. Do not se­lect this un­der nor­mal cir­cum­stances.
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►  In­ten­sity Joint Stereo. Again in­tended for lower bit rates, In­ten­sity Joint Stereo com­bines the left and right chan­nels by sav­ing some fre- quen­cies as mono and plac­ing them in the stereo field based on the in­ten­sity of the sound. This should not be used if the stereo au­dio con- tains sur­round-en­coded ma­te­rial.




►  Stereo Nar­row­ing. Again in­tended for lower bit rates, this al­lows nar- row­ing of the stereo sig­nal to in­crease over­all sound qual­ity.




It’s bet­ter not to check any of the above pa­ram­e­ters when en­cod­ing stereo files that orig­i­nate at 16 bits or above. With these dis­abled, the en­cod­ing will re­main in true stereo, with all of the in­for­ma­tion from the orig­i­nal left chan­nel go­ing to the left side and the same for the right chan­nel.
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Mas­ter­ing in Sur­round
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With sur­round sound pro­duc­tion now more or less com­mon­place, pro- duc­ers now find they need the same fin­ish­ing touches of mas­ter­ing a sur- round mix that they’ve long been ac­cus­tomed to in stereo. As a re­sult, mas­ter­ing fa­cil­i­ties world­wide have up­graded to the brave new world of mul­ti­chan­nel. Per­haps even more than in record­ing and mix­ing, mas­ter­ing in this en­vi­ron­ment re­quires greater thought, plan­ning, and skill than other au­dio fa­cil­i­ties face. In sur­round mas­ter­ing, it’s not just a ques­tion of adding four chan­nels of ad­di­tional equip­ment and car­ry­ing on as be­fore. The ques­tion re­ally is, will the client ex­pect other ser­vices as well?




Here are some of the con­cerns faced by the mas­ter­ing en­gi­neer con- tem­plat­ing sur­round sound.



First a Bit of His­tory
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Sur­round sound in one form or an­other has ac­tu­ally been with us for more than 50 years. Film has al­ways used the three-chan­nel “cur­tain of sound” de­vel­oped by Bell Labs in the early 1930s. This was be­cause it was dis­cov­ered that a cen­ter chan­nel pro­vided the sig­nif­i­cant ben­e­fits of an­chor­ing the cen­ter by elim­i­nat­ing “phan­tom” im­ages (in stereo the cen- ter im­ages shift as you move around the room) and bet­ter fre­quency re­sponse match­ing across the sound field.




The ad­di­tion of a rear ef­fects chan­nel to the front three chan­nels dates as far back as 1941, with the Fan­ta­sound four-chan­nel sys­tem uti­lized by Dis­ney for the film Fan­ta­sia, and in the 1950s, with Fox’s Cin­e­maS­cope. Still, the rear chan­nel didn’t come into wide­spread use un­til the 1960s, when Dolby Stereo be­came the de facto sur­round stan­dard. This pop­u­lar
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film for­mat uses four chan­nels (left, cen­ter, right, and a mono sur­round— some­times called LCRS) and is en­coded onto two tracks. Al­most all ma­jor tele­vi­sion shows and the­atri­cal re­leases are pre­sented in Dolby Stereo be­cause it has the added ad­van­tage of play­ing back prop­erly in stereo or mono if no de­coder is present.




With the ad­vent of dig­i­tal de­liv­ery for­mats ca­pa­ble of sup­ply­ing more chan­nels in the 1980s, the num­ber of sur­round chan­nels was in­creased to two, and the low-fre­quency ef­fects chan­nel was added to make up the six- chan­nel 5.1, which soon be­came the mod­ern stan­dard for most films, mu­sic, and DTV. The Star Wars pre­quel Episode I—The Phan­tom Men­ace in­tro­duced the Dolby Dig­i­tal Sur­round EX 6.1 for­mat (DTS soon fol­lowed with their ES ver­sion), in which a cen­ter rear chan­nel is used. And Sony Dy­namic Dig­i­tal Sound, or SDDS, of­fers a 7.1 with two ad­di­tional screen chan­nels called Left Cen­ter and Right Cen­ter.




And of course, there’s al­ways Quad from the 1970s, the mu­sic in­dus- try’s at­tempt at mul­ti­chan­nel mu­sic that killed it­self as a re­sult of two non- com­pat­i­ble com­pet­ing sys­tems (a pre­view of the Beta ver­sus VHS war) and a poor psy­choa­cous­tic ren­der­ing that suf­fered from an ex­tremely small sweet spot.
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Types of Sur­round Swouwnwd
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The for­mat known as 5.1 is the mostly widely used sur­round for­mat to­day, be­ing used in mo­tion pic­tures, mu­sic, and dig­i­tal tele­vi­sion. The for­mat con­sists of six dis­crete speaker sources—three across the front (left, cen­ter, and right) and two in the rear (left sur­round, right sur­round), plus a sub- woofer known as the low-fre­quency ef­fects chan­nel, or LFE, which is the .1 of the 5.1 (see Fig­ure 9.1). This is the same con­fig­u­ra­tion that you hear in most movie the­atres be­cause 5.1 is the speaker spec­i­fi­ca­tion used not only by THX, but also by pop­u­lar mo­tion-pic­ture re­lease for­mats such as Dolby Dig­i­tal and DTS.




Fig­ure 9.1 shows what’s known as ITU Spec­i­fi­ca­tion 775, which was an early at­tempt to stan­dard­ize the setup of sur­round speaker sys­tems. This setup, though still fre­quently used, was used pri­mar­ily for lis­ten­ing to clas- sical mu­sic, rather than any­thing mod­ern. Al­though it still can work for rock, R&B, and so on, most sur­round mix­ers have set­tled on a setup of equidis­tant speak­ers al­most in a tri­an­gle. In prac­tice, the lo­ca­tion of the speak­ers (even though not ideal) is very for­giv­ing as long as the sys­tem is cal­i­brated prop­erly.
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A ITU 5.1
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The LFE Chan­nel
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LFE is some­times re­ferred to in film-pro­duc­tion cir­cles as the Boom chan- nel be­cause that’s what it’s there for—to en­hance the low fre­quen­cies of a film so you get the ex­tra boom out of an earth­quake, plane crash, ex­plo- sion, or other such dra­matic scene re­quir­ing lots of low fre­quen­cies.




The LFE, which has a fre­quency re­sponse from about 25 Hz to 120 Hz, is unique in that it has an ad­di­tional 10 dB of head­room built into it. This is needed to ac­com­mo­date the ex­tra power re­quired to re­pro­duce the low- fre­quency con­tent with­out dis­tor­tion.



Bass Man­age­ment
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The bass man­ager (some­times called bass re­di­rect­ion) is a cir­cuit that takes all the fre­quen­cies be­low 80 Hz from the main chan­nels (ac­cord­ing to the Dolby spec) and the sig­nal from the LFE chan­nel and mixes them to­gether into the sub­woofer (see Fig­ure 9.2). The rea­son why this is done is to make
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use of the sub­woofer for more than the oc­ca­sional low-fre­quency ef­fect, since it’s in the sys­tem al­ready. This en­ables the ef­fec­tive re­sponse of the sys­tem to be low­ered to about 25 Hz.




Be­cause the over­whelm­ing ma­jor­ity of con­sumer home-the­ater sys- tems (es­pe­cially the av­er­age low-end ones) con­tain a bass man­age­ment cir­cuit, there’s a school of thought that says you should use one in the stu- dio in or­der to hear things the way the peo­ple at home hear them.

Oth­er­wise, con­sumers may ac­tu­ally be hear­ing things (such as un­wanted rum­bles) that you can’t hear be­cause the bass man­ager gives a low-fre- quency ex­ten­sion be­low that of the vast ma­jor­ity of stu­dio mon­i­tors. That be­ing said, it’s not un­com­mon for a bass man­age­ment cir­cuit not to be used dur­ing mix­ing and mas­ter­ing, or to just be oc­ca­sion­ally switched in and out for a quick check.



Other Types of Sur­round

[image: image]


There are many other widely used sur­round for­mats. Three-chan­nel (stereo front speak­ers with a mono sur­round); four-chan­nel (three front speak­ers with a mono sur­round), such as Dolby Pro Logic; five-chan­nel (three front speak­ers with a stereo sur­round but no LFE chan­nel), such as Dolby Pro Logic II; and seven-chan­nel (the Sony SDDS for­mat with five front speak­ers) all abound. It’s im­por­tant to note that very few A/V re­ceivers are able to re­pro­duce 7.1 (they au­to­mat­i­cally down­mix to 5.1), and only Blu-ray and HD-DVD discs are even ca­pa­ble of uti­liz­ing the for- mat. What’s more, it still hasn’t been de­ter­mined whether the ex­tra two speak­ers will be used on the sides or in the front, as in SDDS.




There are other non-stan­dard for­mats that use as many as 10 chan­nels for height and ex­tra rear and side chan­nels as well. Dolby Dig­i­tal EX and DTS-ES take film sound to a new level by adding a cen­ter rear chan­nel, some­thing that film mix­ers have been ask­ing for more and more. And many amuse­ment rides and Las Ve­gas show­rooms now use as many as 30 chan­nels to en­hance the sur­round ex­pe­ri­ence.




Ta­ble 9.1 lists a num­ber of dif­fer­ent sur­round types.



[image: image]



[image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image]


[image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image]

[image: image][image: image][image: image][image: image]

[image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image]ww

[image: image][image: image][image: image][image: image][image: image][image: image]
[image: image][image: image][image: image][image: image]

The Dif­fer­ences be­tween Sur­round and Stereo
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When you lis­ten to a good sur­round-sound mix, you’ll no­tice quite a few dif­fer­ences (some might say im­prove­ments) over stereo:




►  The sonic clar­ity is en­hanced be­cause the cen­ter chan­nel an­chors the sound and elim­i­nates any “phan­tom” im­age shifts that we take for granted in stereo.



[image: image]



►  There is no sweet spot per se. Ac­tu­ally, the whole room be­comes a sweet spot in that you can move around freely and never lose the sense of clar­ity, di­men­sion, and spa­tial con­ti­nu­ity. One lis­tener de­scribed it per­fectly as an “au­dio sculp­ture” in that, just like when you walk around a piece of art­work and get a dif­fer­ent per­spec­tive of the art, when you walk around the 5.1 room you just get a dif­fer­ent per­spec­tive of the mix. You might get closer to the gui­tar player, for in­stance, if you walk to the left of the room. Walk to the right, and you’re closer to the pi­ano. In­deed, you don’t have to even be in the speaker field to get a sense of the depth of the mix. Even peo­ple sit­ting out­side the sound- scape of­ten de­scribe an en­hanced ex­pe­ri­ence.




►  Speaker place­ment is very for­giv­ing. Yes, there are stan­dards for place- ment, but these tend to be very non-crit­i­cal. The sense of spa­cious­ness re­mains the same re­gard­less of how hap­haz­ardly the speak­ers are dis- trib­uted around the room. In fact, stereo is far more crit­i­cal place­ment- wise than sur­round sound.



Dif­fer­ences be­tween Sur­round Mixes for Pic­ture and for Mu­sic
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Nor­mally in the the­ater, all of the pri­mary sound in­for­ma­tion comes from the front speak­ers, and the sur­round speak­ers are uti­lized only for ambi- ence info, in or­der to keep your at­ten­tion on the screen. The LFE is in­tended to be used just for spe­cial ef­fects such as ex­plo­sions and earth- quakes, and it is there­fore used in­fre­quently. One of the rea­sons that the sur­round speak­ers don’t con­tain more source in­for­ma­tion is a phe­nome- non known as the exit-sign ef­fect, which means that your at­ten­tion is drawn away from the screen to the exit sign when the in­for­ma­tion from the sur­rounds is too loud.




But mu­sic-only sur­round sound has no screen to fo­cus on and there- fore no exit-sign ef­fect to worry about. Take away the screen, and it’s now pos­si­ble to uti­lize the sur­round speak­ers for more cre­ative pur­poses.



Dif­fer­ent Per­spec­tives: Au­di­ence ver­sus On­stage
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There are two schools of thought about how sur­round sound for mu­sic should be mixed. The au­di­ence or clas­si­cal per­spec­tive puts the mu­sic in the front speak­ers and the hall am­bi­ence in the sur­rounds, just as if you were sit­ting in the au­di­ence of a club or con­cert hall. This method may not uti­lize the LFE chan­nel at all and is meant to re­pro­duce an au­di­ence per- spec­tive of the mu­si­cal ex­pe­ri­ence.
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The sec­ond is the on­stage per­spec­tive. In this case the band is spread all over the room via the five main speak­ers, and that puts the lis­tener in the cen­ter of the band and en­velops him with sound. This method usu­ally re­sults in a much more dra­matic sound­stage that is far larger-sound­ing than the stereo that we’re used to. This may not be as au­then­tic a sound- scape as some mu­sic (any kind of live mu­sic where the lis­ten­ers’ per­spec- tive is from the au­di­ence) might re­quire, how­ever.



The Cen­ter Chan­nel
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In film mix­ing, the cen­ter chan­nel is used pri­mar­ily for di­a­logue so the lis- tener doesn’t get dis­tracted by sonic move­ment. In mu­sic, how­ever, its use prompts de­bate among mix­ers.




NO CEN­TER CHAN­NEL

Many vet­eran en­gi­neers who have mixed in stereo all their lives have trou- ble break­ing the stereo par­a­digm to make use of the cen­ter chan­nel. These mix­ers con­tinue to use a phan­tom cen­ter from the left and right front speak­ers and pre­fer not use cen­ter chan­nel at all.




ISO­LATED EL­E­MENTS IN THE CEN­TER CHAN­NEL

wwwM.aSny moixleurst­piroe­fenr to­Muse­athne cue­naterlc.hi­annn­feol to iso­late cer­tain el­e­ments, such as lead vo­cals, so­los, and bass. Al­though this might work in some

cases, many times the iso­lated el­e­ments seem dis­con­nected from the rest of the sound­scape.




THE CEN­TER AS PART OF THE WHOLE

Mix­ers who use the cen­ter chan­nel to its fullest find that it acts to an­chor the sound and elim­i­nates any drift­ing phan­tom im­ages. In this case, all five speak­ers have equal im­por­tance, with the bal­ance chang­ing the sound ele- ments placed in the sound­scape.




THE LFE (SUB­WOOFER) CHAN­NEL

Any­thing that re­quires some low-fre­quency bass ex­ten­sion can be put into the sub­woofer via the LFE chan­nel. Many mix­ers put a lit­tle kick and/or bass there if it’s used at all. Re­mem­ber that the fre­quency re­sponse only goes up to 120 Hz, so the def­i­ni­tion from the in­stru­ment ac­tu­ally comes from the main chan­nels.
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Sur­round Mas­ter Me­dia Prep

[image: image]


Sur­round sound brings a new level of com­plex­ity not nor­mally found in stereo. There­fore, it’s im­per­a­tive to in­di­cate as much in­for­ma­tion about the project as pos­si­ble. You can avoid many po­ten­tial prob­lems as long as the mas­ter is prepped and the items dis­cussed in the fol­low­ing sec­tions are noted.




These items ap­ply not only to the mas­ter­ing en­gi­neer be­fore send­ing a project to au­thor­ing, but even more so to the mix­ing en­gi­neer be­fore send­ing the fi­nal mixes to mas­ter­ing. There­fore, it’s im­por­tant for the mas- ter­ing en­gi­neer to com­mu­ni­cate their im­por­tance to the mixer prior to get­ting a project.




SLATE THE MAS­TER

More than ever be­fore, it’s im­por­tant to not only prop­erly doc­u­ment the mas­ter tape or disc, but to prep the mas­ter to make sure that there are no ques­tions as to the ac­tual track as­sign­ments. Even an en­gi­neer who has mixed the tracks some­times has a hard time de­ter­min­ing which is the cen- ter chan­nel and which is the left sur­round, so it’s quite nec­es­sary to take any guess­work out of the process.




The best way to avoid con­fu­sion is to go back to the ad­mit­tedly low- tech but fool­proof method of us­ing an au­dio slate on each chan­nel indi- cat­ing the chan­nel as­sign­ment (such as “Chan­nel One - Left Front,” “Chan­nel Six - Right Sur­round,” and so on).




Mas­ter Tape Track As­sign­ments

Sooner or later the ques­tion of chan­nel as­sign­ment on the mas­ter recorder (be it tape or hard disc) al­ways arises. What is the cor­rect track as­sign- ment? Ac­tu­ally there are sev­eral gen­er­ally ac­cepted chan­nel as­sign­ment for­mats for sur­round, al­though the first (see Ta­ble 9.2) is fast be­com­ing the de facto stan­dard.
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A ded­i­cated stereo mix, or Lt/Rt (Left To­tal/Right To­tal), or en­coded AC3 can be recorded onto Tracks 7 and 8.
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This for­mat is the SMPTE and ITU stan­dard, as well as the as­sign­ment ma­trix sug­gested by Dolby, and trans­fers eas­ily to the cor­re­spond­ing four au­dio tracks (L, R, C, LFE) of the most widely used video for­mats to­day, such as Di­gi­Beta or D5. It is also the rec­om­mended for­mat by Dolby as it is the com­mon pair­ing of chan­nels in Dolby Dig­i­tal en­cod­ing (al­though the AC-3 en­coder can ac­tu­ally be con­fig­ured to any track con­fig­u­ra­tion).




The fol­low­ing two as­sign­ment meth­ods (see Ta­bles 9.3 and 9.4) are also used, but less and less as the SMPTE/ITU stan­dard be­comes more and more wide­spread.
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The Ta­ble 9.3 con­fig­u­ra­tion is what many film stu­dios use, al­though it’s seen in some mu­sic pro­duc­tion as well. It seems to make sense in that it’s a some­what vis­ual rep­re­sen­ta­tion of the way the speak­ers are laid out, but it falls short when it comes to log­i­cal track pair­ings.




[image: image]Ta­ble 9.4 shows the chan­nel as­sign­ments preferred by DTS. Again, the pair­ings are log­i­cal, but the place­ment is dif­ferent from the SMPTE/ITU stan­dard. Tracks 7 and 8 usu­ally con­tain the stereo ver­sion of the mix, if one is needed.
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SDDS (Sony Dy­namic Dig­i­tal Sound) is a spe­cial case in that it’s a 7.1 for­mat. SDDS uses a track as­sign­ment that dif­fers from the norm, but again makes sense be­cause it gives you a vis­ual rep­re­sen­ta­tion of the way that the speak­ers are laid out (see Ta­ble 9.5).
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There are ob­vi­ously other as­sign­ment per­mu­ta­tions that are oc­ca­sion- ally used, but all seem to be fall­ing quickly by the way­side as the SMPTE/ITU track as­sign­ment method takes hold.
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PRINT A TEST TONE

If the mas­ter de­liv­ery is on tape (most likely a DA-88 for­mat), be sure to print at least 30 sec­onds of 1-kHz tone at –20 dBFS, which is the SMPTE stan­dard ref­er­ence level, across all tracks. A 1k tone is a pretty good way to dis­cover whether there are any clock dis­crep­an­cies since the pu­rity of the sig­nal will suf­fer as a re­sult of clicks and war­bles that might not be heard dur­ing the ac­tual pro­gram ma­te­rial.




Also keep in mind that any pro­gram on tape me­dia should start no ear­lier than two min­utes into the tape, since that’s where most er­rors and dropouts usu­ally oc­cur.




PRINT TIME CODE

If the au­dio pro­gram is in­tended for DVD in any form, time code is neces- sary to main­tain sync when it is au­thored. Gen­er­ally speak­ing, it’s safest to use 29.97-Drop Frame SMPTE on au­dio-only pro­gram be­cause it is the NTSC color tele­vi­sion stan­dard. If a mu­sic video is later added to the pro- gram (which can cause a mul­ti­tude of ad­di­tional prob­lems), it’s highly likely that the pic­ture will be at that frame rate. Au­dio that must be synched to ex­ist­ing pic­ture must use the ex­ist­ing pic­ture time-code frame rate, how­ever.




SUR­ROUND-TO-STEREO COM­PAT­I­BIL­ITY

Al­though it’s pos­si­ble to have the sur­round mix au­to­mat­i­cally down­mixed to stereo by se­lect­ing the down­mix pa­ram­e­ters on the Dolby Dig­i­tal en­coder, the re­sults are of­ten un­pre­dictable and many times un­sat­is­fac­tory. Be­cause many sur­round mixes will de­fault to stereo if only two speak­ers are present (such as when played in the DVD drive of a com­puter), it’s as im­por­tant to check the sur­round-to-stereo com­pat­i­bil­ity as it is to check the stereo-to-mono com­pat­i­bil­ity.




DOC­U­MENT THE DE­TAILS

Once again, you must in­di­cate the fol­low­ing de­tails to avoid con­fu­sion later dur­ing the au­thor­ing process.




►  Is the LFE chan­nel fil­tered, and at what fre­quency? This is im­por­tant if for no other rea­son than it’s easy to fig­ure out which is the sub­woofer chan­nel if the as­sign­ment doc­u­men­ta­tion is lost. The LFE should have a low-pass fil­ter that cuts off at 120 Hz.




►  What is the ref­er­ence level in SPL? This helps to bet­ter ap­prox­i­mate what you were hear­ing if the pro­gram should re­quire re­mas­ter­ing. Typ­i­cal ref­er­ence lev­els are 85 dB SPL (the film ref­er­ence) or 79 dB SPL (the tele­vi­sion ref­er­ence).
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►  What is the sam­pling rate? This helps to avoid any clock or sync is­sues that may arise dur­ing au­thor­ing. De­pend­ing upon the ul­ti­mate dis­tri- bu­tion me­dia, the sam­ple rate can be any num­ber of stan­dard rates.

For in­stance, take a look at Ta­ble 9.6.
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►  What is the bit res­o­lu­tion? Once again, the type of dis­tri­bu­tion me­dia will de­ter­mine the bit res­o­lu­tion (see Ta­ble 9.7).
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[image: image][image: image][image: image]►  What is the time code for­mat? As stated be­fore, if the au­dio pro­gram is linked to pic­ture or in­tended for DVD in any form, time code is nec- es­sary to main­tain sync. The frame rate cho­sen must be in­di­cated to avoid later con­fu­sion.



►  Are the sur­round chan­nels cal­i­brated equal to the front chan­nels or


–3 dB? In film-style mix­ing, the sur­round chan­nels are cal­i­brated 3 dB down from the screen chan­nels. Mu­sic-style mix­ing has the sur­rounds equal in level to the front speak­ers.




►  What is the me­dia for­mat and how many pieces are there? The mas­ter el­e­ments may be on sev­eral pieces of me­dia across sev­eral dif­fer­ent for- mats. A warn­ing here about which piece of me­dia con­tains the au­dio mas­ter can elim­i­nate the con­fu­sion of an in­com­plete au­thor­ing job later.




►  How long is the pro­gram? This is nec­es­sary be­cause it de­ter­mines whether data com­pres­sion must be used dur­ing au­thor­ing and helps with man­ag­ing the to­tal bit bud­get for the en­tire DVD, Blu-ray, or HD- DVD disc.
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CHAP­TER 10
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Sur­round Tools
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Al­though there are many sim­i­lar­i­ties be­tween stereo and sur­round mas­ter- ing gear, the unique re­quire­ments for sur­round mas­ter­ing are more than just some ad­di­tional chan­nels.



Mon­i­tor­ing
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To any mas­ter­ing fa­cil­ity, its mon­i­tor res­o­lu­tion is its ma­jor sell­ing point. It is the gold stan­dard, sec­ond only to its en­gi­neers, by which its clients per­ceive the fa­cil­ity. While the mon­i­tors used in mas­ter­ing have long been largely a per­sonal choice (even more so than in record­ing stu­dios), more vari­ables than ever lay ahead when choos­ing a sur­round sys­tem for the mas­ter­ing stu­dio.




Up un­til about 2003, a ma­jor ques­tion fac­ing any­one get­ting into sur- round was, “Should the mon­i­tor choice be five iden­ti­cal di­rect ra­di­a­tor- type (front-fir­ing) speak­ers, or should the sur­rounds be dipoles (speak­ers in which the sound em­anates from the sides in­stead of from the front)?” Many of the orig­i­nal sur­round record­ings were or­ches­tral mu­sic, and it was felt that dipoles pro­vided a more ac­cu­rate sound of the hall. Dipoles have fallen by the way­side in fa­vor of the com­mon di­rect ra­di­a­tor, how- ever, and the type of sur­round speaker is no longer an is­sue.




The is­sues that do come up fre­quently are whether to use bass man­age- ment (see the fol­low­ing sec­tion) and whether it’s ben­e­fi­cial to use a con- sumer mul­ti­chan­nel re­ceiver as a ref­er­ence.
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Bass Man­age­ment
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Bass man­age­ment is an area of both great im­por­tance and great con­fu­sion. It’s im­per­a­tive that the mas­ter­ing en­gi­neer not only hear at the high­est res- olu­tion pos­si­ble, but also know that what he’s hear­ing will trans­late cor- rectly to the con­sumer in the home. Once again, vir­tu­ally all of the 50 mil­lion home sur­round sys­tems cur­rently em­ploy some sort of bass man- ager. There­fore, bass man­age­ment (some­times also re­ferred to as bass redi- rec­tion) must be prop­erly im­ple­mented in the mas­ter­ing stu­dio in or­der for low-end com­pat­i­bil­ity to oc­cur, even if it’s only used for the oc­ca­sional check. If bass man­age­ment isn’t em­ployed, it’s en­tirely pos­si­ble that the con­sumer with a high-qual­ity home the­ater sys­tem will hear things in the sub­woofer (be­cause of the low-fre­quency ex­ten­sion of the sys­tem) that the mas­ter­ing en­gi­neer can­not.



Test Equip­ment
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With speaker align­ment more crit­i­cal than ever, it is of ut­most im­por­tance for the mas­ter­ing fa­cil­ity to have the proper test gear avail­able to keep the sys­tem prop­erly ad­justed. Gone are the days when a Sonopulse or a Ra­dio Shack SPL me­ter and some wide-band pink noise kept things merely close

wwwen.oSugho. AlumutlitoichnanMnel taestndisuc (asulch.ians Tfoomlin­son Hol­man’s Test and

Mea­sure­ment Se­ries, dis­trib­uted by Hol­ly­wood Edge) along with a spec-

trum an­a­lyzer or an Au­dio Tool­box (see Fig­ure 10.1) is now a must in or­der to ad­just the level of the sub­woofer to the re­quired pre­ci­sion, al­though some of the newer 5.1 speak­ers sys­tems from JBL (LSR 4000 se­ries) and Gen­elec (8200 se­ries) are now self-cal­i­brat­ing.



[image: image]Fig­ure 10.1

Ter­ra­Sonde Dig­i­tal Au­dio Tool­box. (Im­age cour­tesy of Ter­ra­Sonde.)
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The Mon­i­tor Con­troller
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While most mas­ter­ing con­soles have al­ways been a some­what cus­tom item, a sur­round mas­ter­ing con­sole re­quires fea­tures that are no triv­ial mat­ter. Be­sides the min­i­mum six chan­nels, the ma­jor com­po­nent of the sur­round con­sole is mon­i­tor level con­trol, which must be pre­cisely cali- brated to in­crease or de­crease the vol­ume level as needed with­out dis­turb- ing the bal­ance be­tween the main mon­i­tors and the sub­woofer, or the front speak­ers and the sur­rounds. The abil­ity to switch be­tween sev­eral sur­round sys­tems (A/B switch­ing), lis­ten through a de­coder, lis­ten to sur- round for­mats other than 5.1, as well as per­form stereo and mono moni- tor­ing, is vi­tal to the fi­nal prod­uct, and these ca­pa­bil­i­ties must be in­cluded as well. Many ex­cel­lent af­ter­mar­ket mon­i­tor con­trol prod­ucts are presently avail­able, in­clud­ing the Mar­tin­sound Mul­ti­MAX, EMM Labs Switch­man MKII, and Grace De­sign m906 (see Fig­ure 10.2).



[image: image]Fig­ure 10.2

Mar­tin­sound Mul­ti­MAX sur­round con­troller.

Con­vert­ers
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Al­though it’s a given that much of the pro­gram ma­te­rial will be de­liv­ered in the dig­i­tal do­main, that doesn’t pre­clude the need for at least six chan- nels (prefer­ably eight) of high-qual­ity A/D and D/A con­ver­sion (re­fer to Chap­ter 3). Many items in the mas­ter­ing en­gi­neer’s bag of tricks are still ana­log, and the abil­ity to jump do­mains must be read­ily avail­able. Also, some pro­duc­ers mix to 1” or even 2” eight-track ana­log both for the sound and for archival pur­poses, mak­ing these ad­di­tional con­vert­ers an im­medi- ate ne­ces­sity.
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Out­board Gear
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Not as sim­ple as just adding ex­tra chan­nels, proper er­gonomics must ac­com­pany any mul­ti­chan­nel out­board unit to make its op­er­a­tion fast and easy for the mas­ter­ing en­gi­neer. Com­pres­sors and equal­iz­ers must have the added ca­pa­bil­ity of not only be­ing ganged for mul­ti­chan­nel op­er­a­tion in mul­ti­ple con­fig­u­ra­tions (two, three, four, five, and six chan­nels), but must also have the abil­ity to have each chan­nel in­di­vid­u­ally tweaked as well (see Fig­ure 10.3).



[image: image]Fig­ure 10.3

Z-Sys­tems six-chan­nel equal­izer and com­pres­sor.

.




Er­gonomics of these de­vices must be ex­tremely user friendly (a highly overused but all too ap­pro­pri­ate term) be­cause the mas­ter­ing en­gi­neer by na­ture does many re­peat­able op­er­a­tions (such as equal­iza­tion) very quickly. These op­er­a­tions now in­crease with the ad­di­tion of at least four chan­nels. With the many new vari­ables now fac­ing en­gi­neers, great pains must be taken to avoid mul­ti­ple pages and deep menus that slow the process down.



Soft­ware Tools
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Al­though hard­ware for sur­round mas­ter­ing was once not only scarce but ex­pen­sive, there is now a va­ri­ety of soft­ware tools that can ac­com­plish al­most any task right in the box (and fairly in­ex­pen­sively, too). Most DAWs now come with ei­ther 5.1 plug-ins or the means to con­fig­ure the
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ex­ist­ing plug-ins for sur­round. There are some third-party sur­round plug- ins that are very use­ful, though.




WAVES 360° SUR­ROUND

This bun­dle of sur­round tools has al­most ev­ery­thing you need to suc­cess- fully mas­ter 5.1. In­cluded are a sur­round pan­ner, im­ager, re­verb, com­pres- sor, lim­iter, bass man­ager, and con­troller mod­ules. I must ad­mit that I’m par­tial to this bun­dle since I con­sulted on it and wrote parts of the man- ual. This is also the only pack­age with a sep­a­rate lim­iter and com­pres­sor, both of which are nec­es­sary for a com­plete mas­ter job.




STEREO-TO-5.1 CON­VER­SION

There are many times when a full sur­round mix is not pos­si­ble, and a 5.1 mix must be de­rived from a stereo pro­gram. Be­lieve it or not, there are sev­eral plug-ins on the mar­ket that can do a pretty good job of this. You still need ears and a lit­tle ex­per­tise to re­ally get a con­vinc­ing prod­uct, but un­der the right cir­cum­stances, the re­sults can be re­mark­able.




Two of the best plug-ins for this are TC Elec­tronic’s Un­Wrap and Cy­cling ’74’s Up­Mix. Un­Wrap (see Fig­ure 10.4) has a lot of pa­ram­e­ters to tweak, but if the mix is wide with a lot of cen­ter in­for­ma­tion, you’ll get some sur­pris­ing re­sults (good enough to fool a lot of pros). Up­Mix, the brain­child of the ex­cel­lent sur­round en­gi­neer Ron MacLeod (who also pro­duces a set of great ef­fects li­braries) has a few more pa­ram­e­ters (Fold­Down, LFE Gen­er­a­tor, and Ro­ta­tor) that come in handy when ex­tra ad­just­ment is nec­es­sary.



[image: image]Fig­ure 10.4

TC Elec­tronic Un­Wrap Stereo-to-


5.1  up­mix.
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96/24 AND BE­YOND

With DVD-Au­dio, Blu-Ray, and HD-DVD discs now a re­al­ity, the de­mand for at least some form of 96-kHz/24-bit—and even 192-kHz/24-bit— au­dio is grow­ing rapidly. With the in­creased sam­ple rate and bit depth come the ob­vi­ous prob­lems of stor­age and backup, which, al­though vora- cious enough in stereo, be­comes hu­mon­gous in 96/24.




Con­sider this: We all know that a 48/16 stereo minute needs ap­proxi- mately 11.5 MB of stor­age (ac­tu­ally 11.52 MB). A minute of true 96/24 stereo needs 34.56 MB, and a minute of dis­crete 5.1 sur­round at 96/24 re­quires a whop­ping 104 MB! This means that a 60-minute pro­gram will need 6.24 GB just to get it into the DAW. With the ca­pac­ity of a ba­sic DVD 5 at 4.32 GB, now it’s easy to see why some form of data com­pres­sion is nec­es­sary to get it to the pub­lic.




But 96/24 op­er­a­tion doesn’t stop just at stor­age. All equip­ment in the dig­i­tal sig­nal chain, in­clud­ing com­pres­sors, equal­iz­ers, A/D and D/A con- vert­ers, sam­ple rate con­vert­ers, and work­sta­tions must now be able to process at least 96/24 as well. And since the DVD-Au­dio, Blu-ray, and HD- DVD for­mats can also store pro­grams at 192 kHz/24 bit, ex­pect a grow­ing de­mand for that ca­pa­bil­ity to arise as well.




[image: image]SUR­ROUND EN­CODERS/DE­CODERS (CODECS)

In the be­gin­ning of sur­round for mu­sic (about 1999 or so), most of us thought that we’d have to have a hard­ware sur­round en­coder hang­ing around dur­ing ei­ther the mix or mas­ter­ing so we could hear ex­actly what the en­coder was do­ing to the au­dio. Be­cause there are a lot of pa­ram­e­ters that can be tweaked dur­ing en­cod­ing that can af­fect the sound (we’ll check these out in the next sec­tion), we fig­ured that we bet­ter take a lis­ten in case some­thing un­pleas­ant hap­pened to the au­dio that couldn’t be fixed later.




The re­al­ity of the sit­u­a­tion is that en­cod­ing took so much time (in the be­gin­ning it was at least real time or longer) that it was just im­prac­ti­cal to lis­ten to the en­code dur­ing a mix or even a mas­ter­ing ses­sion. En­cod­ing soon be­came the do­main of the au­thor­ing house, and it was usu­ally rele- gated to the low­est man on the cor­po­rate totem pole. As a re­sult, you’ll hear many discs with mashed au­dio (most au­thor­ing houses just use the de­fault set­tings), wrong chan­nel as­sign­ments, and a va­ri­ety of hor­rors that vex ev­ery­one in­volved in the project as long as the disc is avail­able.




This no longer has to be the case, though, since soft­ware en­coders that pro­vide speed­ier re­sults are now avail­able for a rea­son­able price. Let’s bring this process back to where it be­longs—the au­dio peo­ple!
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So al­though it’s not im­per­a­tive that an en­coder be present dur­ing mas- ter­ing, it does help to hear what the codec (be it some form of Dolby or DTS, SRS, or MLP com­pres­sor/de­com­pres­sor) will do to the fi­nal prod­uct be­cause codecs can change the sound con­sid­er­ably. There are also quite a few pa­ram­e­ters that the pro­ducer might like to tweak rather than leav­ing them for some­one else down the pro­duc­tion chain.



Data Rate
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The big­gest change to the au­dio comes from the data rate se­lec­tion. In gen­eral, the higher the data rate, the closer the en­coded sig­nal will be to the source au­dio (and there­fore the bet­ter the sound), re­gard­less of the codec that’s used. (This only ap­plies to lossy codecs, such as Dolby and DTS.) For Dolby Dig­i­tal, this means 448 kbps. (Even though 640 kbps is pos­si­ble, many play­ers won’t sup­port it.) For DTS, a data rate of 1,509 kbps is pre­ferred.




The new for­mats of DTS-HD and Dolby Dig­i­tal Plus (DD+), TrueHD, and DTS-HD Mas­ter Au­dio blow those data rates away, how­ever. DD+ ex­tends the peak data rate from 640 kbps to 3 Mbps (3,000 kbps), while TrueHD ex­tends it to 18 Mbps (al­though it is a loss­less codec). DTS-HD Mas­ter Au­dio pro­vides a data rate as high as 24.5 Mbps, so it’s pretty evi- dent that soon the data rate will be in­con­se­quen­tial to the over­all sound qual­ity.



Di­al­norm
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The pur­pose of Di­al­norm (which stands for di­a­log nor­mal­iza­tion) is to main­tain a con­sis­tent di­a­log level from pro­gram to pro­gram for the lis- tener. Ever no­tice how the level changes be­tween the com­mer­cials and the pro­gram on TV? Or the dif­fer­ence in level from chan­nel to chan­nel (espe- cially ca­ble chan­nels)? This is what Di­al­norm was de­signed to fix, but the idea just never caught on, prob­a­bly be­cause it wasn’t widely un­der­stood.




The Di­al­norm pa­ram­e­ter (know as a meta­data pa­ram­e­ter) is set while en­cod­ing and ranges from –31 dB to –1. Be­lieve it or not, the –31 is actu- ally louder than –1 (–31 is the loud­est set­ting), and the de­fault set­ting is

–27! With­out get­ting into the tech­ni­cal rea­sons why –31 is louder than –1 (it doesn’t re­ally mat­ter any­way), if you’re en­cod­ing mu­sic, set it to –31 for the loud­est en­code, or your client will ask, “Why is the mu­sic on my DVD so quiet?”
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Data Com­pres­sion
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Data com­pres­sion is the process of us­ing psy­choa­cous­tic prin­ci­ples to re­duce the num­ber of bits re­quired to rep­re­sent the sig­nal. This is needed with sur­round sound so more data can be squeezed onto a fi­nite stor­age space, such as a CD or DVD, and also be­cause the bit rate of six chan­nels of 96/24 LPCM, for ex­am­ple, is too large to fit through the small data pipe of a DVD.



Lossy and Loss­less Codecs

[image: image]


As stated pre­vi­ously, lossy com­pres­sion (such as Dolby Dig­i­tal or DTS) is built around per­cep­tional al­go­rithms that re­move sig­nal data that is be­ing masked or cov­ered up by other sig­nal data that is louder. Be­cause this data is thrown away and never re­trieved, it’s what’s known as lossy. This is done not only to fit all the data on a disc, but more im­por­tantly to fit a lot of data through a small data pipe, es­pe­cially if it ac­com­pa­nies video (which is a data-rate hog). Think of an in­ner tube filled up with air. When you let the air out of the tube, it takes up less space. Yet the same amount of rub- ber re­mains, and it can fit into a smaller space. This is the same idea be­hind lossy data com­pres­sion.


.


De­pend­ing upon the source ma­te­rial, lossy com­pres­sion can be ei­ther

com­pletely in­audi­ble or some­what no­tice­able. It should be noted that even when it is au­di­ble, lossy com­pres­sion still does a re­mark­able job of re­cov- er­ing the au­dio sig­nal, and it still sounds quite good.




Loss­less com­pres­sion (such as MLP) never dis­cards any data and re­cov- ers it com­pletely dur­ing de­cod­ing and play­back.




LOSSY CODECS

There are now a num­ber of lossy com­pres­sion schemes used pri­mar­ily for DVD en­cod­ing from Dolby Dig­i­tal and DTS (Dig­i­tal The­ater Sys­tems).




In gen­eral, Dolby Dig­i­tal (also called AC-3, which is ac­tu­ally the file for­mat of the process) com­presses the au­dio data at about an 11:1 ra­tio to a max­i­mum bit rate of 640 kbps, al­though 448 kbps is the av­er­age data rate used. DTS com­presses at about a 3:1 ra­tio at an av­er­age data rate of

1.509 Mbps. Be­cause there is less data com­pres­sion and there­fore less au­dio data thrown away, many au­dio pro­fes­sion­als pre­fer the sound of a DTS-en­coded prod­uct.
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Here are all the lossy codecs used on mul­ti­chan­nel op­ti­cal discs (DVD, Blu-ray, HD-DVD) avail­able to­day:




►  Dolby Dig­i­tal (.AC3). Dolby Dig­i­tal is the stan­dard au­dio codec for the DVD-Video disc. It’s used not so much to save disc space (al­though it does that nicely), but to send a lot of data when the band­width is lim- ited and to leave room for the larger video band­width. Dolby Dig­i­tal (some­times called AC-3, which is the name of the dig­i­tal file) takes up to 6 chan­nels (5.1) of 48-kHz/24-bit in­for­ma­tion.




►  Dolby-EX or DTS-ES. These are the Dolby and DTS seven-chan­nel,

6.1 au­dio en­cod­ing for­mats that in­clude a rear cen­ter speaker.




►  Dolby Dig­i­tal Plus. This is a new au­dio codec based on Dolby Dig­i­tal and de­signed to be back­ward-com­pat­i­ble with the ex­ist­ing Dolby Dig­i­tal codec in use to­day. Dolby Dig­i­tal Plus is ca­pa­ble of 14 chan­nels (13.1) at a data rate of up to 6 Mbps. Dolby Dig­i­tal Plus is a stan­dard au­dio for­mat for HD-DVD video and also an op­tional for­mat for the Blu-ray disc.




►  DTS Dig­i­tal Sur­round. This is the full name for the au­dio for­mat stan- dard usu­ally known as just DTS. It of­fers vari­able com­pres­sion ra­tios tar­get­ing a wide va­ri­ety of bit rates and has a base spec­i­fi­ca­tion that al­lows for up to 5.1 chan­nels of au­dio with a 48-kHz sam­pling rate.

DTS is an op­tional for­mat for the DVD-Video disc and com­presses at about a 3:1 ra­tio at an av­er­age data rate of 1.509 Mbps. Be­cause there is less data com­pres­sion, many pre­fer the sound of a DTS-en­coded prod- uct to Dolby Dig­i­tal, but any dif­fer­ences are greatly de­pen­dant upon the pro­gram ma­te­rial.




The com­pany that cre­ated the DTS codec, Dig­i­tal The­ater Sys­tems, is co-owned and was co-founded by film di­rec­tor Steven Spiel­berg, who wasn’t sat­is­fied by state of the art in cin­ema au­dio when the com­pany was founded. Work on the for­mat started in 1991, but Spiel­berg de­buted the for­mat with his 1993 pro­duc­tion of Juras­sic Park.




The ex­ten­sions used for a DTS-en­coded file are .cpt, .dts, and .wav. Gen­er­ally speak­ing, most newer pro­fes­sional DVD-au­thor­ing work­sta- tions pre­fer the .cpt file type, which is some­what com­pacted com­pared to the .dts file. The .cpt file has a marker for the start time of the proj- ect. The .wav files are pri­mar­ily in­tended for stand-alone au­dio discs to be used as 5.1 mu­sic discs or mix­ing or mas­ter­ing check discs.
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►  DTS Dig­i­tal Sur­round 96/24. This al­lows 5.1 chan­nels of 96/24 au­dio to be de­liv­ered on a DVD and has the same bit rate of 1.509 Mbps as DTS Dig­i­tal Sur­round. It’s also an op­tional for­mat on both Blu-ray and HD-DVD.




►  DTS Dig­i­tal-HD is an ex­ten­sion on the orig­i­nal DTS Dig­i­tal Sur­round cre­ated for Blu-ray and HD-DVD. It al­lows for 7.1 chan­nels of 96/24 au­dio at a bit rate of up to 6.0 Mbps. It’s thought to be an op­tion to the loss­less DTS Dig­i­tal-HD Mas­ter Au­dio when space is at a pre­mium.




LOSS­LESS CODECS

Loss­less au­dio for­mats pro­vide com­pres­sion of about 2 to 1, but no data or fi­delity is dis­carded dur­ing com­pres­sion (which is why it’s “loss­less”).

When un­com­pressed, the data will be iden­ti­cal to the orig­i­nal.




►  Merid­ian Loss­less Pack­ing. Merid­ian Loss­less Pack­ing, or MLP, is the com­pres­sion stan­dard used on the DVD-Au­dio disc in or­der to store up to six chan­nels of high-res­o­lu­tion 96/24 au­dio or two chan­nels of 192/24. MLP pro­vides a com­pres­sion ra­tio of about 1.85:1 (about 45 per­cent), and its li­cens­ing is ad­min­is­tered by Dolby Lab­o­ra­to­ries.




[image: image]►  DTS-HD Mas­ter Au­dio. This is a set of ex­ten­sions to the DTS Dig­i­tal Sur­round au­dio cod­ing sys­tem de­signed specif­i­cally for HD-DVD and Blu-ray. It’s ca­pa­ble of up to eight chan­nels of 96/24 or six chan­nels of 192/24 at a bit rate of up to 24.5 Mbps.
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►  Dolby TrueHD. This is Dolby’s next-gen­er­a­tion loss­less tech­nol­ogy de­vel­oped for high-def­i­ni­tion disc-based me­dia. Dolby TrueHD can sup­port more than eight au­dio chan­nels of 96/24 au­dio at up to 18 Mbps bit rate, al­though HD DVD and Blu-ray disc stan­dards cur­rently limit their max­i­mum num­ber of au­dio chan­nels to eight.



Sur­round Soft­ware En­coders
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To pro­vide an au­thor­ing house with an en­coded mas­ter ready for use on a DVD, HD-DVD, or Blu-ray disc, there are a num­ber of soft­ware en­coders now avail­able.




MIN­NETONKA SUR­CODE

Sur­Code pro­vides a stand-alone ap­pli­ca­tion for en­cod­ing Dolby Dig­i­tal, MLP, and DTS.




NEYRINCK SOUND­CODE

Neyrinck Au­dio’s Sound­Code is a plug-in suite of en­coders and de­coders for the Pro Tools DAW. They mar­ket plug-ins for Dolby Dig­i­tal (in­clud­ing Dolby EX), and DTS Sur­round, DTS-ES, and DTS-HD.




DTS MAS­TER AU­DIO SUITE

The DTS Mas­ter Au­dio Suite con­sists of DTS-HD En­coder, Sound­Code DTS-HD Stream­Player, and DTS-HD Stream­Tools. The En­coder cre­ates all forms of DTS dig­i­tal au­dio streams, while the Stream­Player sup­ports all forms of DTS play­back. Stream­Tools is a tool set de­signed for en­code- stream edit­ing, ver­i­fi­ca­tion, and bit-stream man­age­ment.




DOLBY ME­DIA PRO­DUCER

Much like the DTS Mas­ter Au­dio Suite, Dolby Me­dia Pro­ducer con­sists of three very in­tu­itive Mac OS X soft­ware ap­pli­ca­tions—the Dolby Me­dia En­coder, the Dolby Me­dia De­coder, and the Dolby Me­dia Tools util­ity.

Each ap­pli­ca­tion is stand-alone and very spe­cific in its func­tion, yet sup- ports the full spec­trum of Dolby of­fer­ings, in­clud­ing Dolby Dig­i­tal, Dolby Dig­i­tal Plus, Dolby TrueHD, and MLP Loss­less tech­nolo­gies. What’s more, Me­dia Pro­ducer has the net­worked fa­cil­ity squarely in mind by pro­vid­ing a com­plete set of project and file man­age­ment ca­pa­bil­i­ties.




Me­dia En­coder works with any ex­ist­ing time code or per­mits em­bed- ding new, user-de­fin­able code if needed. This means that pre­vi­ously en­coded con­tent can be up­dated us­ing the Punch-In over­dub abil­ity that al­lows you to fix or change time code only in the parts needed, with­out hav­ing to re-en­code the whole file. The Me­dia Tools ap­pli­ca­tion al­lows you to re­pair and up­date pre­vi­ously en­coded files with­out hav­ing to re-en­code
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them, which re­ally saves a lot of time and dead­line anx­i­ety. Among its list of fea­tures are file trim­ming, con­cate­na­tion (ap­pend­ing files), time-code strip­ing, and the all-im­por­tant meta­data edit­ing.



A New Way of Work­ing
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Whereas to­day’s stereo mas­ter­ing en­gi­neers are now used to deal­ing with the en­tire mix in terms of adding equal­iza­tion or com­pres­sion, sur­round mas­ter­ing en­gi­neers need more time and ex­per­tise to work their magic. For in­stance, when tweak­ing the low end (at, say, 60 Hz) the en­gi­neer may need to only ad­just the LFE chan­nel if that’s where the in­stru­ments (such as a kick drum) con­tain­ing that info were as­signed. How­ever, it’s just as likely that all five main chan­nels, as well as the LFE, will have to be ad­justed be­cause the fre­quency steer­ing by the bass man­ager to the sub- woofer causes that fre­quency to ap­pear there from mul­ti­ple sources. This means that whereas the en­gi­neer had just one set of stereo ad­just­ments be­fore, mul­ti­ple ad­just­ments are now needed to ac­com­plish the same thing dur­ing for a sur­round mix.




[image: image]Sur­round mas­ter­ing now also means that the fi­nal bal­ance of a mix in terms of level shifts be­tween front and rear speak­ers and cen­ter chan­nel lev­els are nec­es­sary. Out-of-whack LFE lev­els due to mis­aligned sub- woofers or mon­i­tor­ing with­out bass man­age­ment while mix­ing some­times re­quire se­vere ad­just­ment, and, as a re­sult, mas­ter­ing en­gi­neers now re­quire an un­prece­dented level of con­trol over the fi­nal prod­uct com­pared to yes­ter­day’s stan­dards.




Other times the mas­ter­ing en­gi­neer might be called upon to cre­ate a cen­ter chan­nel or LFE chan­nel from the ex­ist­ing pro­gram. Or the mas­ter- ing en­gi­neer may be sup­plied stems and asked to per­form a fi­nal mix him- self. Stems are parts of a fi­nal mix de­liv­ered as sep­a­rate el­e­ments. For in­stance, a mix of only the rhythm sec­tion by it­self, the vo­cals by them- selves (com­plete with ef­fects), and strings or lead el­e­ments by them­selves would make up three stems that would be mixed to­gether to form the en­tire mix.



What the Heck Is Au­thor­ing?
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A DVD, HD-DVD, or Blu-ray disc has a much greater pos­si­ble level of built-in in­tel­li­gence than an or­di­nary CD. Au­thor­ing is the process of tak- ing ad­van­tage of this in­tel­li­gence by pro­gram­ming not only the in­ter­ac­tiv- ity into the disc, but also adding ad­di­tional ma­te­rial, such as liner notes, mu­sic videos, artist and pro­ducer bios, and pro­mos for other prod­ucts.
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Be­cause most en­gi­neers (and mas­ter­ing fa­cil­i­ties, for that mat­ter) are used to do­ing the fi­nal prep of au­dio ma­te­rial be­fore ei­ther burn­ing a disc them­selves or send­ing it to the repli­ca­tor, they as­sume that they will be re­quired to do the same for DVD too. How­ever, this is an area fraught with po­ten­tial pit­falls that must be ap­proached with cau­tion. Au­thor­ing for DVD is a very dis­tant cousin to CD prep, and it is not a triv­ial mat­ter.




Per­haps the best anal­ogy to DVD (and HD-DVD and Blu-ray) au­thor- ing is de­sign­ing a web­site. An au­dio CD is very much like text that you want to send via email. You learn the email pro­gram in no time, and soon you’re send­ing mail (burn­ing CDs) world­wide. DVD is more like the World Wide Web. To even put up the most rudi­men­tary site us­ing only text, you’ve got to pro­gram it us­ing HTML. Now if you add pic­tures, you’ve got to learn some­thing about graph­ics or hire a graphic de­signer to pro­duce some­thing spiffy. If you want to add movies, then you’ve got to learn about shoot­ing video and video edit­ing and com­pres­sion, or use an ex­pert.




Nowa­days you can buy an in­ex­pen­sive ap­pli­ca­tion that pro­grams HTML for you, but what you get is a very ba­sic, generic site that doesn’t com­pete too well with the big sites that use great graphic de­sign­ers with in­ti­mate cod­ing knowl­edge to make those ad­vanced web de­sign pro­grams re­ally sing.




As with most pro­fes­sional gear, just buy­ing the au­thor­ing work­sta­tion does not im­me­di­ately put you in the au­thor­ing game. There is a very high cost of en­try for the top-of-the-line sys­tems (you can eas­ily pay well over

$50,000 for a work­sta­tion with all the nec­es­sary pe­riph­er­als) and a steep learn­ing curve (about six months) be­fore you can get any­thing out the door in a timely fash­ion. This is one case where it re­ally is rocket sci­ence at the mo­ment, be­cause all of the au­thor­ing tools out there have ei­ther un­doc­u­mented or hid­den traits that you sim­ply can’t learn from a tu­to­rial.




The bot­tom line is that mas­ter­ing is not au­thor­ing and vice versa.

Au­thor­ing is com­puter pro­gram­ming that uses the vis­ual, not au­ral, sense. Un­less you have ac­cess to de­sign ex­per­tise for the graph­ics, video ex­per­tise for video shoot­ing and edit­ing, and pro­gram­ming ex­per­tise for the au­thor­ing, you’re bet­ter off leav­ing the au­thor­ing to a fa­cil­ity that spe­cial- izes in it. Be­sides, they still need your ex­per­tise to sup­ply the best au­dio pos­si­ble.
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En­ter (and Exit) DLT
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The cur­rent stan­dard, but fad­ing, me­dia used as a DVD pro­duc­tion mas­ter for de­liv­ery to the repli­ca­tor is DLT (Dig­i­tal Lin­ear Tape), a tape for­mat sim­i­lar to Ex­abyte, but with a lot faster trans­fer rate and greater stor­age ca­pac­ity. Since DLT’s orig­i­nal use was as a backup medium (with stor­age of up to 70 GB on a tape), you ac­tu­ally catch a break be­cause the same DLT unit can pull dou­ble duty. That is, it can be used for both pro­duc­tion mas­ter and backup.




DLT is quickly be­ing sup­planted by a DVD-R con­tain­ing a DDP disc im­age as the repli­ca­tion mas­ter.




As we en­ter this brave new sur­round mas­ter­ing uni­verse, it’s be­come ob­vi­ous that things get pretty com­plex pretty quickly. As with ev­ery­thing else in record­ing, only time and ex­pe­ri­ence even­tu­ally an­swer all the ques- tions.




For more in­for­ma­tion about sur­round sound pro­duc­tion, de­liv­ery meth­ods, and cal­i­bra­tion, visit the Sur­round Sound FAQ at www.sur- roundas­so­ci­ates.com/fq­main.html.


.
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Mas­ter­ing for Film and Tele­vi­sion
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Mas­ter­ing for film and tele­vi­sion is the one area of au­dio where the loud- est fi­nal au­dio is not re­quired, or even wanted. In fact, if you de­liver au­dio that is out­side the de­sired spec­i­fi­ca­tions (each TV net­work is a lit­tle dif­fer- ent), they will kick it back and ask you to do it again.




Al­though there’s not of lot of mas­ter­ing done specif­i­cally for film or tele­vi­sion, a mas­ter­ing en­gi­neer may oc­ca­sion­ally be asked to sup­ply the fi­nal au­dio for ei­ther medium, so it’s best to have at least some idea of what those re­quire­ments might be. Let’s take a look.



Mas­ter­ing Mu­sic for Film
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Ex­cept on rare oc­ca­sions, the only thing that gets mas­tered for film is the mu­si­cal score or any songs in­tended for the movie, be­cause the film stu­dio or the pro­duc­tion com­pany usu­ally does di­a­logue and ef­fects. In fact, most of the time the stu­dio does the mu­sic as well, but oc­ca­sion­ally a record­ing artist is asked to record the score or songs specif­i­cally for a movie, and since the artist feels com­fort­able con­tin­u­ing his or her nor­mal way of work­ing, the score or songs get mas­tered.




So the mu­sic is mas­tered as nor­mal and de­liv­ered to the dub­bing stage, where the dub­bing mixer lays it into the movie at the re­quired level. The need for the hottest level doesn’t re­ally ex­ist be­cause it will al­ways get ad­justed any­way.
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On a side note, one of the rea­sons why the mu­sic score for a movie is not nor­mally mas­tered is that the movie pow­ers-that-be (pro­ducer, di­rec- tor, mu­sic ed­i­tor, dub­bing mixer) usu­ally ask for the score to be de­liv­ered as a 5.1 sur­round mix with stems. Stems are in­di­vid­ual sub­mixes of the fi­nal mix that al­low the dub­bing mixer to weave the mu­sic around the ef­fects and di­a­logue so all can be prop­erly heard. Stems are usu­ally de­liv- ered as a 5.0 (no LFE chan­nel) mix of the mu­sic bed mi­nus the bass, any lead in­stru­ment or vo­cals, and any in­stru­ments with a lot of high-fre- quency in­for­ma­tion. The bass is then de­liv­ered on a sep­a­rate track, and the lead in­stru­ment or vo­cal and in­stru­ments with high-fre­quency info are each de­liv­ered as sep­a­rate 5.0 mixes (which in­clude all re­verbs and ambi- ence). The dub­bing mixer then com­pletes the mu­sic mix with the rest of the movie.



Mas­ter­ing for Tele­vi­sion
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[image: image]Mas­ter­ing for tele­vi­sion, al­though not usu­ally re­quested, is con­sid­er­ably more tricky than mas­ter­ing for film. Once again, the ma­jor­ity of the time any mas­tered mu­sic au­dio is de­liv­ered to the post-pro­duc­tion fa­cil­ity, where it is mixed in against the video. The video ed­i­tor then de­ter­mines the cor­rect level against the ef­fects and di­a­logue, just as in film.




But on the rare oc­ca­sion when the tele­vi­sion au­dio is com­ing from the mas­ter­ing en­gi­neer (such as for a con­cert), the first thing you must do is ob­tain a tech­ni­cal spec­i­fi­ca­tion from the en­gi­neer­ing de­part­ment of the net­work on which it will be shown. This will tell you ex­actly what they want and how they want it.




Among the types of things that the net­work specs will con­tain are all the video re­quire­ments (frame size, video lev­els, video blank­ing sig­nal, fla- vor of time­code, color bars, and count­down), as well as the au­dio re­quire- ments. Read and fol­low these care­fully, or you’ll end up re­do­ing the project to their lik­ing!



Here’s what to watch for:


►  The op­er­at­ing level for a ref­er­ence tone, how long they want the tone, and, if laid back to tape, how far in on the tape it be­gins. The op­er­at­ing level will usu­ally be –20 dB FS, but some­times it might be –18 or –16, so check this closely.




►  The peak au­dio lev­els. (More about this later in the chap­ter.)
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►  The ac­cept­able au­dio qual­ity. (This is ac­tu­ally what they con­sider unac- cept­able in terms of dis­tor­tion and noise.)




►  Phas­ing. (Make sure you lis­ten in mono, be­cause they will.)




►  Au­dio/video syn­chro­niza­tion or lip-sync­ing. A max of usu­ally one frame of lead and a lag of two can be ac­cept­able.




►  The de­sired au­dio track as­sign­ment on the de­liv­ery medium.




Of all the above, the peak au­dio lev­els are the most im­por­tant and are usu­ally stated like this: “Pro­grams must have au­dio lev­els that reg­u­larly peak near but not above –10 dB FS us­ing a peak-read­ing me­ter.” This means that any peak that goes just a tick be­yond –10 will be kicked back for a redo. Keep in mind that the rea­son that you have to get a spec sheet from each net­work is that they’re all 1 or 2 dB dif­fer­ent in this re­spect, which doesn’t seem like a lot un­til you’re spend­ing time re­do­ing it again.




So a mas­ter­ing job for a movie or a tele­vi­sion pro­gram is some­thing that hap­pens on a reg­u­lar ba­sis, but on the rare oc­ca­sions when you’re asked for tele­vi­sion de­liv­ery, pay­ing close at­ten­tion to the de­tails will pay off in a lot less has­sle.
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In­ter­net De­liv­ery For­mats
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Since au­dio files are very large in their na­tive state, some method of mak- ing them smaller must be used in or­der to send and re­ceive them over the In­ter­net. This method is called data com­pres­sion. At some point in the fu­ture when ev­ery­one is con­nected to very high-band­width In­ter­net providers, large data files won’t be an is­sue, but for now data com­pres­sion is the only way for suc­cess­ful on­line trans­mis­sion.



Data Com­pres­sion
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Data com­pres­sion isn’t at all like the au­dio com­pres­sion that we’ve talked about pre­vi­ously in the book. Data com­pres­sion is the process of us­ing psy­choa­cous­tic prin­ci­ples to re­duce the num­ber of bits re­quired to repre- sent the sig­nal. This is sim­i­lar to let­ting the air out of a bi­cy­cle tire. It’s still a tire, yet you can now fit it into a lit­tle box that it couldn’t pos­si­bly fit into when it was in­flated.




Data com­pres­sion is cur­rently used be­cause the nor­mal LPCM files are so big that they’re not easy to trans­fer or store on­line. Data com­pres­sion re­duces the amount of phys­i­cal stor­age space and mem­ory re­quired to store a sound and there­fore re­duces the time re­quired to trans­fer a file.




Data com­pres­sion can be lossy, mean­ing the sound qual­ity will be neg- atively af­fected by com­pres­sion, or loss­less, mean­ing there will be no change in sound qual­ity when de­coded. Data com­pres­sion uses a va­ri­ety of codecs (which stands for com­pres­sor/de­com­pres­sor), all with a dif­fer­ent sound and a dif­fer­ent pur­pose.
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Lossy Codecs
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Lossy com­pres­sion is built around per­cep­tional al­go­rithms that re­move sig­nal data that is be­ing masked or cov­ered up by louder sig­nal data.

Be­cause this data is thrown away and never re­trieved, it’s what’s known as

lossy.




De­pend­ing upon the source ma­te­rial and the codec pa­ram­e­ter set­tings, lossy com­pres­sion can be ei­ther com­pletely in­audi­ble or some­what no­tice- able and ob­jec­tion­able. It should be noted that even when it is au­di­ble, lossy com­pres­sion still does a re­mark­able job of re­cov­er­ing the au­dio sig- nal and can still sound quite good.




►  MP3 (of­fi­cially known as MPEG-1 Au­dio Layer 3). The MP3 file (.mp3) is a com­mon com­pressed WAV file. MPEG-1 files are about one-twelfth the size of WAV files. This is why MP3 play­ers can ac­com- mo­date thou­sands of songs on a tiny chunk of stor­age space.




►  AAC. This stands for Ad­vanced Au­dio Cod­ing; it was de­vel­oped by the MPEG group that in­cludes Dolby, Fraun­hofer (FhG), AT&T, Sony, and Nokia—com­pa­nies that have also been in­volved in the de­vel­op­ment of au­dio codecs such as MP3 and AC3 (see Dolby Dig­i­tal). For a num­ber

www.Sof yoeal­rus, mtainoy ncellM­phoa­nens furo­matlh.eib­nig fmoan­u­fac­tur­ers, such as Nokia, Mo­torola, and Sony Er­ic­s­son, have sup­ported AAC play­back. Sony has

also added sup­port for play­ing back AAC files on its PSP player as well.




AAC can have bet­ter au­dio qual­ity than MP3 at equiv­a­lent or slightly lower bit rates. Here is a list of just some of the ad­van­tages AAC has over MP3 (even when the MP3 is en­coded with the lat­est LAME en­coder):




►  Sam­ple fre­quen­cies from 8 Hz to 96 kHz. (MP3 is 6 Hz to 48 kHz.)




►  Up to 48 chan­nels.




►  Higher cod­ing ef­fi­ciency, which means bet­ter qual­ity at a lower bit rate.




►  Much bet­ter han­dling of fre­quen­cies above 16 kHz.




►  Bet­ter han­dling of tran­sients.




AAC is wrapped in the MPEG-4 con­tainer (.mp4, .m4a, and so on) and is rapidly gain­ing sup­port. The Ap­ple iPod is fully com­pat­i­ble with AAC in MPEG-4.
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►  MPEG-4. First, it’s im­por­tant to un­der­stand that MPEG-4 is a new stan­dard and has noth­ing to do with MP3. The MPEG-4 tech­nol­ogy works by split­ting con­tent into its in­di­vid­ual el­e­ments. A small movie, for in­stance, can be seen as au­dio, video, ti­tles, and sub­ti­tles—four dif- fer­ent el­e­ments that to­gether form the com­plete movie. If you want the best qual­ity us­ing the least amount of disc space, you need to an­a­lyze each of these el­e­ments and choose the ap­pro­pri­ate com­pres­sion for­mat for each. For ex­am­ple, if in the movie some­one is only mak­ing a phone call, you could use an au­dio com­pres­sion for­mat that needs less qual­ity than when you see an or­ches­tra play­ing in an opera house in the same movie. If the per­son is mak­ing a phone call and he only moves his lips, you need less movie qual­ity than when you’re show­ing an en­tire mov- ing or­ches­tra play­ing a pow­er­ful song.




MPEG-4 has sev­eral dif­fer­ent ex­ten­sions:




►  .mp4 The of­fi­cial ex­ten­sion for both au­dio and video files.




►  .m4a In­tro­duced by Ap­ple for Ap­ple Loss­less Au­dio Cod­ing files, m4a can safely be re­named to .mp4.




►  .m4p Dig­i­tal Rights Man­age­ment (DRM)–pro­tected files sold on iTunes.




►  .m4e Re­named .sdp files used by En­vivio for stream­ing.




►  .m4v, .mp4v, .cmp, .divx, .xvid Video-only, raw MPEG-4 video streams.




►  .3gp, .3g2 Used by mo­bile phones. Also stores con­tent not de­fined in .mp4.




►  Win­dows Me­dia Au­dio. Win­dows Me­dia Au­dio (.wma) is a pro­pri- etary com­pressed au­dio file for­mat de­vel­oped by Mi­cro­soft. It was ini- tially de­vel­oped as a com­peti­tor to the MP3 for­mat, but with the in­tro­duc­tion of Ap­ple’s iTunes Mu­sic Store, it has po­si­tioned it­self as a com­peti­tor to the Ad­vanced Au­dio Cod­ing for­mat used by Ap­ple. A large num­ber of con­sumer de­vices, rang­ing from por­ta­ble hand­held mu­sic play­ers to por­ta­ble CD play­ers and set-top DVD play­ers, sup­port the play­back of WMA files.




The most cur­rent ver­sion of the for­mat (WMA9) in­cludes spe­cific codecs for loss­less, mul­ti­chan­nel sur­round sound, and voice en­cod­ing in ad­di­tion to the main lossy codec. Both con­stant and vari­able bit rate en­cod­ing are sup­ported.
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A WMA file is al­most al­ways en­cap­su­lated in an Ad­vanced Sys­tems For­mat (ASF) file. The re­sult­ing file may have the file ex­ten­sion .wma or .asf, with the .wma ex­ten­sion be­ing used only if the file is strictly au­dio. The ASF file for­mat spec­i­fies how meta­data about the file is to be en­coded, which is sim­i­lar to the ID3 tags used by MP3 files. ASF is also patented in the United States.




►  Ogg Vor­bis. Ogg Vor­bis (.ogg) is an­other com­pressed source code simi- lar to MP3, but like WMA it is more ef­fi­cient at data com­pres­sion, so the files are smaller. Ogg Vor­bis is also open source (free to all, unli- censed, no strings at­tached). While most MP3 en­coders com­press data at a con­stant bit rate, Ogg uses a vari­able bit rate. This means that if you are copy­ing chunks of si­lence into MP3 for­mat us­ing a con­stant bit rate, the com­pres­sion bit rate stays the same as if you were com­press­ing the sound of an en­tire or­ches­tra. But if you are copy­ing chunks of si­lence into Ogg, the rate varies with the need, and your data rate will drop to noth­ing.




[image: image]►  μ-law. The μ-law (pro­nounced mu-law) file for­mat is an in­ter­na­tional stan­dard for com­press­ing voice-qual­ity au­dio. It has a com­pres­sion ra­tio of 2:1. Be­cause it’s op­ti­mized for speech, in the United States it is a stan­dard com­pres­sion tech­nique for tele­phone sys­tems. (In Eu­rope its cousin A-law is used.) On the In­ter­net it uses the .au file for­mats, al­ter- nately know as Sun au­dio for­mats. The A-law al­go­rithm pro­vides a slightly larger dy­namic range than the μ-law at the cost of worse pro- por­tional dis­tor­tion for small sig­nals. By con­ven­tion, A-law is used for an in­ter­na­tional con­nec­tion if at least one coun­try uses it.



Loss­less Codecs
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Un­like lossy codecs, loss­less codecs don’t throw away data to make the file smaller, and, as a re­sult, they sound a lot bet­ter. They’re gen­er­ally larger than lossy codecs, though, and take longer to en­code.




►  Ap­ple Loss­less. Ap­ple Loss­less (also known as Ap­ple Loss­less En­coder, ALE, or Ap­ple Loss­less Au­dio Codec, ALAC) is an au­dio codec de­vel­oped by Ap­ple Com­puter for loss­less en­cod­ing of dig­i­tal mu­sic. Ap­ple Loss­less data is stored within an MP4 con­tainer with the file­name ex­ten­sion .m4a. ALAC-com­pressed files are about 60 per­cent of the size of the orig­i­nals, sim­i­lar to other loss­less for­mats. Com­pared to most other for­mats, Ap­ple Loss­less is not as dif­fi­cult to de­code, mak­ing it prac­ti­cal for a lim­ited-power de­vice, such as an iPod. The Ap­ple Loss­less En­coder was in­tro­duced as a com­po­nent of both Quick­Time and iTunes.
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►  FLAC. FLAC (Free Loss­less Au­dio Codec) sup­ports lin­ear PCM sam­ples with res­o­lu­tions be­tween 4 and 32 bits, sam­ple rates from 1 Hz to 1,048,570 Hz in 1-Hz in­cre­ments, and from one to eight chan­nels per stream sep­a­rately or, if re­quired, mul­ti­plexed to­gether in a suit­able file con­tainer.




With FLAC, you do not spec­ify a bit rate as you do with some lossy codecs. The re­sult­ing bit rate is roughly pro­por­tional to the amount of in­for­ma­tion in the orig­i­nal sig­nal, and the re­sult can be from around 100 per­cent of the in­put rate (if you’re en­cod­ing a spec­trally dense sound, such as noise) down to al­most 0 when you are en­cod­ing si­lence. FLAC is stored with a .flac ex­ten­sion.



Stream­ing Au­dio
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Stream­ing au­dio avoids many of the prob­lems of large au­dio files. In­stead of hav­ing to wait for the en­tire file to down­load, you can lis­ten to the sound as the data ar­rives at your com­puter. It’s also a very se­cure method of trans­mis­sion for the artist and the record la­bel be­cause the file is never down­loaded.




Stream­ing au­dio play­ers store sev­eral sec­onds of data in a buf­fer be­fore be­gin­ning play­back. The buf­fer ab­sorbs the bursts of data as they are de­liv­ered by the In­ter­net and re­leases them at a con­stant rate for smooth play­back.




Many dig­i­tal au­dio for­mats can be streamed by wrap­ping them in a stream­ing for­mat, such as Mi­cro­soft’s ASF (Ac­tive Stream­ing For­mat), which can be used to stream MS Au­dio, MP3, and other for­mats.




Ta­ble 12.1 shows sev­eral stream­ing au­dio for­mats.
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Op­ti­cal Discs: CDs
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When CDs were first in­tro­duced, nei­ther the disc nor the player had the in­tel­li­gence that the later DVD, Blu-ray, and HD-DVD for­mats have. So, in or­der to pro­vide a disc ca­pa­ble of many uses, a num­ber of CD for­mats known as Books were cre­ated. Some of these never caught on, and some are only oc­ca­sion­ally used to­day, but it helps to have the in­for­ma­tion in one spot if you ever need it. So here it is—ev­ery­thing you ever wanted to know about CDs, plus a ref­er­ence list to find out even more at the end.



The Books
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When it comes to the tech­ni­cal talk about CDs, sooner or later the mat­ter of Books comes up. The Books are sim­ply sets of tech­ni­cal spec­i­fi­ca­tions that CDs must fol­low to be com­pat­i­ble with each other and there­fore to be able to play on any player. Be­cause quite a large num­ber of books ex­ist, it’s easy to get over­whelmed and con­fused, but they’re re­ally quite sim­ple once you get rid of the tech­ni­cal jar­gon.




RED BOOK

Red Book is the pre­re­corded CD au­dio stan­dard that you find in mu­sic stores to­day. Be­cause of this stan­dard, any au­dio CD will play in any au­dio com­pact disc player, and this has been a ma­jor fac­tor in the growth of the CD in­dus­try. Spec­i­fied are the sam­ple rate (44.1 kHz), bit depth (16), type of er­ror de­tec­tion and cor­rec­tion, and how the data is stored on the disc, among other things.




Also de­fined is a way to add graph­ics in­for­ma­tion to the CD for a CD+G (CD plus Graph­ics) disc, which was weakly tried by the ma­jor record la­bels in the mid ’80s and is not gen­er­ally avail­able to­day. Ap­prox­i­mately 16 MB of graph­ics data can be stored on a disc. Each Red Book disc can have up to 99 au­dio tracks and can be 74:33 min­utes in length (al­though it’s pos­si­ble to reach 80 min­utes un­der spe­cial cir­cum­stances).
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OR­ANGE BOOK

The Or­ange Book de­fines the stan­dard for writable or record­able me­dia, such as CD-Rs, rewritable CD-Rs (CD-RW), and Mag­neto Op­ti­cal discs (an­other disc for­mat that never caught on). It de­fines where the data can be writ­ten and, in the case of the MO, how it is erased and rewrit­ten.




BLUE BOOK

This is a hy­brid disc that is part Red Book and part Yel­low Book. A Blue Book CD is also some­times re­ferred to as CD Plus or CD Ex­tra.




An off­shoot of a Blue Book/CD Ex­tra disc is an en­hanced CD. The dif- fer­ence is the or­der in which the files are writ­ten, which is data first (the Yel­low Book info), then au­dio in the CD Ex­tra.




GREEN BOOK

A pre­cur­sor to DVD in terms of flex­i­bil­ity, the Com­pact Disc In­ter­ac­tive (CD-I) stan­dard was re­leased by Philips in 1987 and al­lows for full-mo­tion video on a stan­dard 5” disc. Now de­funct, it re­quires a ded­i­cated CD-I player and is not com­pat­i­ble with a stan­dard au­dio CD player.




YEL­LOW BOOK

[image: image]This is the CD-ROM stan­dard for com­puter data. It also adds two addi- tional track types that dif­fer from the Red Book au­dio disc—Mode 1, which is usu­ally com­puter data, and Mode 2, which is usu­ally com­pressed au­dio data or video/pic­ture data.




WHITE BOOK

Some­times known as Karaoke CD, White Book CDs are used in ap­plica- tions in which the com­bi­na­tion of lim­ited full-mo­tion video and au­dio is needed. These were orig­i­nally called Video CDs, but they were soon re­named due to the more wide­spread use in karaoke ap­pli­ca­tions. White Book CDs uti­lize MPEG 1 and 2 com­pres­sion schemes in or­der to com- press au­dio and video down to a us­able size. The for­mat was orig­i­nally writ­ten by Philips in con­junc­tion with the Ja­pa­nese Vic­tor Com­pany (JVC) and is also sup­ported by Sony and Mat­sushita.




PHOTO CD

De­vel­oped by East­man Ko­dak and Philips, Photo CD is a way of cata- loging pho­to­graphs on a CD. The pho­tos can be read in a num­ber of ways—from a ded­i­cated photo CD player, from CD-I play­ers (now obso- lete), from CD-ROM on a com­puter with a Photo CD driver set, and from 3DO play­ers.




SCAR­LET BOOK

Ba­si­cally an ex­ten­sion of the Red Book, Scar­let Book is the of­fi­cial specifi- cation of the Su­per Au­dio CD (see the “The Su­per Au­dio CD (SA-CD)” sec­tion in Chap­ter 14) and was the last Book spec­i­fi­ca­tion cre­ated.
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Op­ti­cal Discs: Mul­ti­chan­nel De­liv­ery
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Now that the DVD-Video disc has been around for a while and the HD- DVD and Blu-ray for­mats are be­com­ing com­mon­place on the shelves of the lo­cal elec­tron­ics su­per­store, there are a few au­dio spe­cialty for­mats that, while quickly fad­ing from view, are still avail­able. The DVD-Au­dio disc, Su­per Au­dio CD (SACD), and, prior to that, the DTS Mu­sic Disc were once touted as the sav­iors for mu­sic. While they were some­what ac­cepted by au­dio­philes, the con­sumer pub­lic met them with a col­lec­tive shrug of in­dif­fer­ence. And al­though the au­dio qual­ity with these discs can be su­pe­rior to other for­mats, the pri­mary at­trac­tion has been the fact that they pro­vide mul­ti­chan­nel de­liv­ery (sur­round sound). This chap­ter pres- ents a quick but thor­ough over­view of each for­mat.



DVD Ba­sics
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Most of the for­mats that I’ll be dis­cussing are in some way based upon the DVD (some­times mis­tak­enly but ap­pro­pri­ately named Dig­i­tal Ver­sa­tile Disc) con­cept, so some DVD ba­sics are in or­der. A DVD dis­tin­guishes it­self from a CD in two ways—stor­age ca­pac­ity and file for­mat.




STOR­AGE CA­PAC­ITY

While the stor­age ca­pac­ity of a typ­i­cal CD is 700 MB (with 800 MB avail- able but rarely used), the ca­pac­ity of a DVD can ac­tu­ally be one of four lev­els, all far ex­ceed­ing the CD. This is ac­com­plished by hav­ing more and smaller pits on the sub­strate than those on a CD. Add to this the fact that DVD can have two lay­ers and be dou­ble-sided, and the power of DVD
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be­comes read­ily ap­par­ent (see Ta­ble 14.1). Be­cause a laser with a smaller wave­length is re­quired, a CD player can­not read a DVD. A DVD player can read a CD, though.
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FILE FOR­MAT

To­day’s CD can be thought of as es­sen­tially a “bit bucket” in that there is no in­tel­li­gence built into the dif­fer­ent file for­mats re­quired for au­dio CD, CD-ROM, CD-R, and so on. DVD dif­fers in that the var­i­ous types use ba­si­cally the same DVD-ROM-like for­mat with a bit of in­tel­li­gence built
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DVD uses a file for­mat known as Uni­ver­sal Disc For­mat, or UDF, which was de­signed specif­i­cally for use with op­ti­cal me­dia and avoids the prob- lems and con­fu­sion that CD-ROMs had be­cause of the many dif­fer­ent com­pet­ing file for­mats used. In fact, UDF per­mits the use of a DVD by DOS, OS/2, Mac­in­tosh, Win­dows, and UNIX op­er­at­ing sys­tems, as well as ded­i­cated play­ers. What’s in­ter­est­ing is that a ded­i­cated DVD player will ac­cess only the in­for­ma­tion that it re­quires, and all other files will re­main in­vis­i­ble. It also means that the file sys­tem for use with com­put­ers is al­ready built into the for­mat, which widens the po­ten­tial mar­ket with­out you hav­ing to jump through pro­gram­ming hoops.



The DVD-Video Disc

[image: image]


DVD-Video burst onto the scene in 1998 pri­mar­ily as a high-qual­ity movie de­liv­ery sys­tem, but the au­dio por­tion of the for­mat is still quite an im­prove­ment over the Red Book CD stan­dard. And be­cause there are au­to­matic pro­vi­sions for mul­ti­chan­nel au­dio and a built-in (but lim­ited) 96/24 op­tion, DVD-V is oc­ca­sion­ally used as a de­liv­ery for­mat for au­dio.
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DVD-V AU­DIO SPECS

The au­dio por­tion of a DVD-V can have up to eight bit streams (au­dio tracks). These can be one to eight chan­nels of com­mon lin­ear PCM (LPCM), one to six chan­nels (5.1) of Dolby Dig­i­tal, or one to eight chan- nels (5.1 or 7.1) of MPEG-2 au­dio (see Ta­ble 14.2). Also, there are provi- sions for op­tional DTS or SDDS en­cod­ing.
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The LPCM bit stream, which is the same un­com­pressed for­mat as the typ­i­cal Red Book CD (which is stan­dard­ized at 44.1 kHz and 16 bits), can use ei­ther a 48- or 96-kHz sam­ple rate with a bit depth of ei­ther 16, 20, or 24 bits. Now on the sur­face this seems great and makes you won­der why an­other for­mat for mul­ti­chan­nel au­dio is even con­sid­ered, but then you re­al­ize that the bit rate for the au­dio data is capped at 6.144 mil­lion bits per sec­ond (Mbps).




The bit rate (the sam­ple rate times the num­ber of bits times the num- ber of chan­nels) is equiv­a­lent to the size of the pipe that the au­dio data has to flow through, and in this case the pipe isn’t big enough to fit six chan- nels of 96/24 au­dio. In fact, all you can squeeze through is two chan­nels of 96/24. If you want mul­ti­chan­nel, you’re back at 48k, but at least the bit depth is raised to 20 bits for six chan­nels (re­fer to Ta­ble 14.2). So now you have to use some sort of data com­pres­sion scheme to fit all of the chan­nels down the pipe at a higher au­dio qual­ity.




The stan­dard com­pres­sion scheme for DVD-V is Dolby Dig­i­tal (some- times called AC-3, which is ac­tu­ally the name of the file for­mat af­ter it has been com­pressed), which com­presses six chan­nels (5.1) of up to 24-bit au­dio to fit through the DVD-V au­dio pipe, but is lim­ited to only a 48- kHz sam­pling rate. Plus it’s a lossy com­pres­sion al­go­rithm with a maxi- mum bit rate of 640 kbps (al­though 448 kbps is mostly used), which
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means that some data is thrown away in the en­cod­ing process (al­though the goal is to only throw away the data that you won’t miss). MPEG-2 Au­dio, which can be con­fig­ured ei­ther six-chan­nel (5.1) or eight-chan­nel (7.1) at 48/16, is also an op­tional com­pres­sion scheme, but it is hardly ever used (es­pe­cially in the U.S.) due to a lack of de­coders in the mar­ket­place. Even though MPEG-2 does have a higher bit rate at 912 kbps, the algo- rithm has its share of in­her­ent cod­ing prob­lems, which ef­fec­tively negates its lower data com­pres­sion ra­tio.




While Dolby Dig­i­tal is the de­fault en­cod­ing process of the DVD-Video disc and at least one track must use it (a short menu will do), DTS can also prove to be an in­ter­est­ing choice be­cause it can en­code up to six chan­nels with less data com­pres­sion than ei­ther Dolby Dig­i­tal or MPEG. (See “The DTS Mu­sic Disc” sec­tion later in this chap­ter for more de­tails.)




DVD-V VIDEO SPECS

DVD-Video uses the MPEG2 codec to sup­port a 720×480i video res­olu- tion. MPEG1 is also al­lowed, but rarely used.
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•  In­stalled base of play­ers. DVD-V au­dio can cur­rently play on all DVD play­ers in the mar­ket­place and all com­puter DVD-ROM drives as well, pro­vided that the PC has the ap­pro­pri­ate de­cod­ing hard­ware/soft­ware.

[image: image][image: image]•  Com­pat­i­bil­ity with the great­est num­ber of play­ers. Un­like DVD-A, which re­quires a player with spe­cific play­back ca­pa­bil­ity, DVD-V au­dio is uni­ver­sally com­pat­i­ble with ex­ist­ing and fu­ture play­ers, such as HD-DVD.
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The DTS Mu­sic Disc
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There’s some con­fu­sion in the mar­ket­place as to ex­actly what DTS (Dig­i­tal The­ater Sys­tems) is. Is it a com­pany? Is it a tech­nol­ogy? Is it for movies? Is it for mu­sic? The an­swer is re­ally yes to all of the above.




DTS the com­pany was started in 1994, pri­mar­ily with the in­ten­tion of bring­ing higher qual­ity au­dio in sur­round sound to mo­tion pic­tures than what was avail­able at the time. This was done by way of the DTS data com- pres­sion process, which is a lossy data com­pres­sion that re­duces the data less and with a dif­fer­ent method than its com­peti­tor, Dolby Dig­i­tal. The DTS com­pres­sion scheme sup­pos­edly sounds bet­ter as a re­sult. To pre­vent con­fu­sion, the codec is now called DTS Dig­i­tal Sur­round.




This data-com­pressed film au­dio was then burned to a CD, synced to the film, and trans­lated back into ana­log 5.1 au­dio in the the­ater via a hard­ware de­coder. Since putting au­dio on a disc was al­ready be­ing done by DTS for film sound, the next log­i­cal step was to make a CD strictly for com­mer­cial dis­tri­bu­tion of sur­round-sound mu­sic. Hence the DTS mu­sic disc was born.




The DTS mu­sic disc is ac­tu­ally the only mul­ti­chan­nel de­liv­ery sys­tem of the six dis­cussed that isn’t based in some way on the DVD spec. In fact, the DTS-com­pressed bit stream is en­coded onto what amounts to a CD- ROM. This can then be played back on any CD player, laser disc player, or DVD player that has a dig­i­tal out­put and passes the dig­i­tal bit stream to a DTS de­coder that sep­a­rates the chan­nels back out to 5.1.




To pro­mote their tech­nol­ogy, DTS started their own record com­pany called DTS En­ter­tain­ment to li­cense pre­vi­ously re­leased and new record- ings remixed in sur­round, which would help pro­mote the for­mat.




The prob­lem with the DTS mu­sic disc, how­ever, was that peo­ple bought the discs think­ing that they were buy­ing a nor­mal CD, and when they tried to play them back, they got a hail of white noise out of their speak­ers. This was be­cause the dig­i­tal stream on the disc (the DTS en­code) needed to be played out via the dig­i­tal out­put of the player and de­coded by a re­ceiver. When you played it out the ana­log out­puts (as most con­sumers are used to do­ing), all you heard was this hor­ri­ble noise. As a re­sult, most re­tail­ers pulled the disc from their shelves be­cause they weren’t able to ed­u­cate po­ten­tial buy­ers as to what the disc ac­tu­ally was.




Al­though the discs are still re­leased to­day, they are rel­e­gated to the au­dio­phile out­lets where the buyer has a bet­ter un­der­stand­ing of the tech- nol­ogy. It’s also a nice for­mat to use as a check disc for a sur­round mix.
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DTS MU­SIC DISC AU­DIO SPECS

The DTS mu­sic disc pro­vides up to 74 min­utes of 5.1 au­dio at a sam­ple rate of 44.1 kHz or stereo at 88.2 kHz. It will only ac­cept a 20-bit source, but at the rel­a­tively high bit rate of 1.4 Mbps. As stated be­fore, the big at­trac­tion to DTS is the fact that the com­pres­sion al­go­rithm uses a gen­tle 3:1 ra­tio, which many claim sounds bet­ter as a re­sult.




Later disc re­leases also use the DTS Dig­i­tal Sur­round 96/24 codec to get the full 24 bits on the disc.




DTS MU­SIC DISC VIDEO SPECS

The DTS mu­sic disc does not sup­port video.
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•  Sonic su­pe­ri­or­ity. Thanks to its low com­pres­sion ra­tio and high bit rate, many au­dio pro­fes­sion­als (but not all) feel that the DTS en­cod­ing sys­tem sounds the best of the cur­rent lossy com­pres­sion sys­tems.

[image: image]•  A siz­able cat­a­log. A wide li­brary (sev­eral hun­dred discs in all musi- cal gen­res al­ready re­leased) of DTS mu­sic discs can be found both on­line and at spe­cialty au­dio re­tail­ers.
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The DVD-Au­dio Disc
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In­tro­duced in mid-2000 af­ter sev­eral years of prepa­ra­tion, the DVD-Au­dio disc (DVD-A) pro­vides sig­nif­i­cantly higher au­dio qual­ity than its video cousin. Just hav­ing the abil­ity to do so doesn’t nec­es­sar­ily mean that the high­est fi­delity au­dio will au­to­mat­i­cally hap­pen, though, be­cause for bet- ter or for worse, the fi­nal de­ci­sion as to the sonic qual­ity is largely in the hands of the con­tent pro­ducer.




DVD-A AU­DIO SPECS

DVD-A dif­fers from the au­dio por­tion of DVD-V in that the data pipe is a much larger 9.6 Mbps com­pared to DVD-V’s 6.144 Mbps. Even with the wider au­dio pipe, six chan­nels of 96/24 LPCM au­dio still ex­ceeds the al­lot- ted band­width. (Mul­ti­ply 96k by 24 bits by six chan­nels to get the re­sul­tant 13.824-Mbps band­width.) There­fore, there needs to be some type of data com­pres­sion to not only fit the re­quired amount of data through the pipe, but to in­crease the play­ing time as well.




For this re­quire­ment, Merid­ian Loss­less Pack­ing (MLP) was se­lected as the stan­dard data com­pres­sion for DVD-A. MLP, which pro­vides about a 1.85:1 com­pres­sion ra­tio, is loss­less, mean­ing that no data is thrown away dur­ing the com­pres­sion process. Dolby Dig­i­tal is listed as a lossy com­pres- sion op­tion. Also pos­si­ble is the use of other cod­ing tech­nolo­gies be­sides LPCM, such as DTS.




SCAL­A­BIL­ITY

One of the more in­ter­est­ing, but pos­si­bly con­fus­ing, traits about DVD-A is what’s known as scal­a­bil­ity, which sim­ply means “lots of op­tions.” Au­dio- wise those op­tions are ex­ten­sive. The pro­gram pro­ducer is able to choose the num­ber of chan­nels (one to six), the bit depth (16, 20, 24), and the sam­ple rate (44.1, 48, 88.2, 96, 176.4, or 192 kHz). See Ta­ble 14.3.


[image: image][image: image]
––––––––
[image: image]


	




[image: image][image: image][image: image][image: image]


	[image: image][image: image][image: image][image: image]


	




[image: image]

	




[image: image]

	




[image: image][image: image]

	




[image: image][image: image][image: image]


	




[image: image]

	




[image: image]

	




[image: image][image: image][image: image]

	






	




[image: image]

	




[image: image][image: image]

	




[image: image][image: image]

	




[image: image][image: image][image: image]



[image: image]



In the­ory, the pro­ducer can also mix and match dif­fer­ent sam­ple rates with dif­fer­ent bit depths on dif­fer­ent chan­nel fam­i­lies. For ex­am­ple, the front three chan­nels (fam­ily 1) can be set to 96/24, while the rear (fam­ily 2) and sub chan­nels are set to 48/16. Al­though this might be im­por­tant for more ef­fi­cient bit bud­get­ing if ad­di­tional space for videos or stereo mixes is re­quired, the fea­ture isn’t used much in ev­ery­day prac­tice.




PLAY­BACK TIME

Even with DVD-A’s in­creased stor­age ca­pac­ity, there’s still not enough room to con­tain 74 min­utes of dis­crete mul­ti­chan­nel lin­ear PCM (LPCM) pro­gram at the high sam­ple rates and bit depths. So the op­tion ex­ists to com­press the au­dio data in sev­eral ways.




As stated be­fore, for the high sam­ple rates and bit depths (88.2, 96, 176.4, or 192 kHz/24 bit), Merid­ian Loss­less Pack­ing, or MLP, is pro­vided. This method is at­trac­tive in that it al­most dou­bles the play­ing time with no loss in data and there­fore au­dio qual­ity. For the lower sam­ple rates and bit depth (48k/20 bit), Dolby Dig­i­tal (AC-3) is also pro­vided as an op­tion.




COPY PRO­TEC­TION AND WA­TER­MARK­ING

[image: image]Of pri­mary con­cern to all the com­mit­tees and groups work­ing on DVD-A was the in­clu­sion of strong anti-piracy mea­sures and copy­right iden­ti­fica- tion. In fact, the en­cryp­tion and wa­ter­mark­ing is­sues ac­tu­ally took the long­est to re­solve and held up the re­lease of the for­mat longer than any other tech­ni­cal as­pect. This proved to be an al­most fa­tal blow, since by

the time DVD-A was fi­nally re­leased en masse, DVD-Video had taken over the con­sumer con­scious­ness, and the MP3 boom was just around the bend. In the end, wa­ter­mark­ing was never in­cor­po­rated, and copy pro­tec- tion was lit­tle used.




VALUE-ADDED CON­TENT

One of the at­trac­tive fea­tures of DVD-A is the abil­ity to add ad­di­tional con­tent, such as liner notes, mu­sic videos, and ad­di­tional video fea­tures. This could prove an­other im­me­di­ate ad­van­tage be­cause con­sumers have al­ways com­plained about the lack of in­for­ma­tion found on CDs. Cou­ple this with ad­di­tional artist com­men­tary, discogra­phies pro­mot­ing back cat- alog ti­tles, bios, links to web­sites (and there­fore af­ter­mar­ket sales), and even a place to fi­nally put those videos that MTV never played, and the value-added ma­te­rial brings the for­mat to life.




Each track (song) has the abil­ity to dis­play up to 99 still im­ages that can run like a slideshow in an au­to­matic or man­ual mode. This can be ei­ther a great way to dis­play artist or song in­for­ma­tion or a lame at­tempt to add some info that no one wants to see, de­pend­ing on how it’s im­ple- mented. Videos can also be added in the video por­tion of DVD-A (there is al­ways a video zone) pro­vided that there’s suf­fi­cient room left on the disc.
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DVD-A VIDEO SPECS

There is a video zone avail­able on a DVD-A that uses the ex­act same video spec as a DVD-V, which is MPEG2 at a res­o­lu­tion of 720×480i.
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The Su­per Au­dio CD (SA-CD)
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Al­though the prom­ise of vastly im­proved sonic per­for­mance as well as back­ward and for­ward com­pat­i­bil­ity make the Su­per Au­dio CD (SA-CD) an in­trigu­ing prospect in the mul­ti­chan­nel de­liv­ery wars, it be­came yet an­other failed for­mat with about the same mar­ket pen­e­tra­tion as the DVD-A. Even with the mas­sive cor­po­rate mus­cles of Sony and Philips be­hind this for­mat, SA-CD was never se­ri­ously con­sid­ered as a re­place- ment for the CD by the mar­ket­place, and the prod­uct that was re­leased was scaled back in terms of fea­tures from what was orig­i­nally an­nounced.
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The SA-CD can be made as a dual-layer disc (ba­si­cally a DVD-9, known as a hy­brid) with one layer ded­i­cated to nor­mal Red Book CD–type au­dio and the sec­ond to a high-den­sity layer for a six-chan­nel sur­round mix or a high-res­o­lu­tion two-chan­nel stereo mix. What made this in­ter­est- ing to the record la­bels is the abil­ity to be both back­ward and for­ward com­pat­i­ble, mean­ing that con­sumers can play an SA-CD on their cur­rent CD player as if it were a nor­mal CD, and also play a cur­rent CD on an SA- CD player as well. SA-CD discs are not playable in ex­ist­ing DVD-ROM drives, how­ever.




SA-CDs are ac­tu­ally an ex­ten­sion of the Red Book CD known as the Scar­let Book (al­though some­times called the Crim­son or Bur­gundy Book). Many are shipped in a dis­tinc­tive pack­age called a Su­per Jewel Box that is larger than a nor­mal CD jewel box and has rounded edges.




SA-CD AU­DIO SPECS

[image: image]SA-CD touts an im­prove­ment in sonic qual­ity due to a record­ing process known as Di­rect Stream Dig­i­tal (DSD). DSD uses es­sen­tially the same delta-sigma over­sam­pling method used in most mod­ern high-qual­ity ana- log-to-dig­i­tal con­ver­sion sys­tems, where a sin­gle bit mea­sures whether a wave­form is ris­ing or fall­ing rather than mea­sur­ing an ana­log wave­form at dis­crete points in time. In cur­rent sys­tems, this one bit is then dec­i­mated into LPCM, caus­ing a vary­ing amount (depend­ing upon the sys­tem) of un­wanted au­dio side ef­fects (such as quan­ti­za­tion er­rors and ring­ing from the nec­es­sary brick-wall fil­ter). DSD sim­pli­fies the record­ing chain by record­ing the one bit di­rectly, thereby re­duc­ing the un­wanted side ef­fects.




In­deed, on pa­per SA-CD with DSD looks im­pres­sive. A sam­pling rate of 2.8224 MHz (which is 64 times 44.1k, in case you’re won­der­ing) yields a fre­quency re­sponse from DC to 100 kHz with a dy­namic range of 120 dB. Most of the quan­ti­za­tion er­ror is moved out of the au­dio band­width, and the brick-wall fil­ter, which haunts cur­rent LPCM sys­tems, is re­moved. To en­able a full 74 min­utes of mul­ti­chan­nel record­ing, Philips has also de­vel- oped a loss­less cod­ing method called Di­rect Stream Trans­fer that pro­vides a 50-per­cent data re­duc­tion. DSD is a closed sys­tem that has shown lit­tle room for im­prove­ment in that both the fre­quency re­sponse and dy­namic range have not im­proved much be­yond the ini­tial specs, and there are few in­ter­faces, DSP chips, and sup­port­ing soft­ware com­pared to their LPCM coun­ter­parts.




SA-CD VIDEO SPECS

The SA-CD for­mat does not sup­port video.




For more in­for­ma­tion about SA-CD, go to SA-CD.net.
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CHAP­TER 15
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Op­ti­cal Discs: The High-Res­o­lu­tion Discs
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So how do the HD-DVD and Blu-ray (also known as BD) for­mats dif­fer from the com­mon DVD? All the high-res­o­lu­tion, high-def­i­ni­tion fea­tures are the re­sult of one thing—the pits that con­tain the en­coded data are a lot smaller than on a DVD, and the laser (a blue-vi­o­let one as op­posed to a red one) is a shorter wave­length that makes it pos­si­ble to fo­cus with greater pre­ci­sion. This al­lows data to be packed more tightly and stored in less space, so it’s pos­si­ble to have more stor­age ca­pac­ity on the disc even though it’s the same phys­i­cal size as a CD or a DVD. This also pro­vides the in­creased band­width and data rate needed for high-def­i­ni­tion video and the re­sult­ing high-sam­ple-rate mul­ti­chan­nel au­dio.




Al­though Blu-ray and HD-DVD are sim­i­lar in many as­pects, there are some im­por­tant dif­fer­ences be­tween them. Blu-ray holds up to 25 GB per layer (50 GB on a dual-layer disc), whereas HD-DVD holds up to 15 GB and 30 GB on a dual-layer disc. Blu-ray has also adopted a higher trans­fer rate for video and au­dio (54 Mbps ver­sus 36.55 Mbps), but HD-DVD has stan­dard fea­tures such as in­ter­ac­tiv­ity, net­work ac­ces­si­bil­ity, and a sec­ond- ary codec that Blu-ray is only now about to in­cor­po­rate as an op­tion.
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HD-DVD
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The High-Def­i­ni­tion DVD, or HD-DVD, is a high-ca­pac­ity op­ti­cal disc specif­i­cally de­signed to be the suc­ces­sor to the stan­dard DVD. It was jointly de­vel­oped by NEC and Toshiba, and the stan­dard was ap­proved by the DVD Fo­rum, the same as­so­ci­a­tion of com­pa­nies that set the stan­dards for the DVD.




HD-DVD OVER­VIEW

HD-DVD holds up to 15 GB on a sin­gle-layer disc and 30 GB on a dual- layer disc, and it has a data rate of 36.55 Mbps (com­pared to DVD’s 9.8 Mbps). This means that both high-def­i­ni­tion au­dio and video are pos­si­ble at the same time. Like the DVD, HD-DVD uti­lizes the Uni­ver­sal Disc For­mat (UDF) file sys­tem. Be­cause HD-DVD was built around the stan- dard DVD specs, the play­ers are rel­a­tively sim­ple and in­ex­pen­sive to build (and re­tail cheaper as a re­sult), and the discs are easy to repli­cate. Also, HD-DVD play­ers are back­ward com­pat­i­ble, so stan­dard DVDs can play in them. HD-DVD can pro­vide a play­back time of up to four hours of high- def pro­gram on a 15-GB disc and eight hours on a 30-GB disc.




HD-DVD burn­ers and discs are said to be avail­able, but not in large quan­ti­ties. As a re­sult, wide­spread use by com­puter man­u­fac­tur­ers has not

wwwta.kSen polacleu. Ptrieo-rencorMdedatitnles uareaavla.ilianblefion abun­dance, al­though not as

many as Blu-ray at this time (late 2007).




HD-DVD AU­DIO SPECS

HD-DVD sup­ports al­most ev­ery au­dio codec for­mat, but be­cause of the high data rate, it’s now pos­si­ble to store up to eight chan­nels of 96/24 LPCM au­dio with­out data com­pres­sion. Al­most all codecs, lossy and loss- less, can be used, es­pe­cially if video is present on the disc.




Ta­ble 15.1 presents a list of the manda­tory and op­tional au­dio for­mats. Manda­tory means that all HD-DVD play­ers are re­quired to de­code the for- mat. A sec­ondary au­dio track, if present, can use any of the manda­tory for­mats or one of the op­tional codecs.




HD-DVD VIDEO SPECS

HD-DVD sup­ports the 720×480i video res­o­lu­tion of the DVD-Video stan- dard, and uses the MPEG2 codec for this func­tion. But it re­ally shines with the new, more ef­fi­cient SMPTE VC-1 (which is based on Mi­cro­soft’s Win­dows Me­dia 9 codec) and MPEG4-AVC video high-def codecs, with res­o­lu­tions of 720P, 1080i, and 1080p.
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[image: image][image: image]HD-DVD AD­DI­TIONAL FEA­TURES

HD-DVD of­fers many ad­di­tional fea­tures that tower over DVD-Video. All of these fea­tures are manda­tory for HD-DVD play­ers. Some of these are:




►  The abil­ity to net­work play­ers. Play­ers can be con­nected to a net­work for firmware up­dates and web-en­abled con­tent.




►  A sec­ondary video de­coder. A sec­ondary video de­coder al­lows for two si­mul­ta­ne­ous video streams that make pic­ture-in-pic­ture pos­si­ble. This can also be used for things such as di­rec­tors’ com­men­taries that can be watched dur­ing the movie it­self, or it can be used to show the dif­fer- ence be­tween HD and SD (Stan­dard Def­i­ni­tion) side by side.




►  Per­sis­tent stor­age. This al­lows ti­tles to save in­for­ma­tion in the player (such as book­marks) and user pref­er­ences (such as lan­guage choice).




►  In­ter­ac­tiv­ity. This pro­vides you with the abil­ity to in­ter­act with a ti­tle via pic­ture-in-pic­ture, games, menus, un­lock­ing disc con­tent, or ac­cess- ing web con­tent. HD-DVDs use what’s called HDi In­ter­ac­tive For­mat to au­thor in­ter­ac­tive con­tent, which is based on fa­mil­iar web pro­gram­ming lan­guages such as HTML, XML, and CSS. This makes for an easy learn- ing curve for a web de­vel­oper versed in those script­ing en­vi­ron­ments.
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•  Less in­dus­try sup­port. Be­cause stand-alone burn­ers have been

[image: image][image: image]slow to mar­ket, com­puter com­pa­nies (except the Toshiba, one of its cre­ators) have been slow to pick up on HD-DVD. Pre-recorded ti­tles also lag be­hind Blu-ray.

•  Lower band­width than Blu-ray. Be­cause the band­width is lower, it is ar­gued that the re­sul­tant qual­ity of the high-def out­put is not as good as Blu-ray. How­ever, since each for­mat uses the same codecs, this is highly de­bat­able.

•  Lower stor­age ca­pac­ity than Blu-ray. HD-DVD has a ca­pac­ity of 15 GB ver­sus 25 GB for Blu-ray. (The dual-layer fig­ure is dou­bled for both.) This may not be much of a prob­lem for pre-recorded ti­tles, though.


––––––––
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Blu-ray
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Blu-ray (BD) is the name of the op­ti­cal disc for­mat ini­tially de­vel­oped by Sony and Philips (in­ven­tors of the com­pact disc, cas­sette, and laserdisc) as a next-gen­er­a­tion data- and video-stor­age for­mat al­ter­na­tive to DVD.




The for­mat was de­vel­oped to en­able record­ing, rewrit­ing, and play­back of high-def­i­ni­tion au­dio and video, as well as stor­age of large amounts of data. It of­fers more than five times the stor­age ca­pac­ity of tra­di­tional



[image: image]



DVDs and can hold up to 25 GB on a sin­gle-layer disc and 50 GB on a dual-layer disc.




Blu-ray is cur­rently sup­ported by more than 180 of the world’s lead­ing con­sumer elec­tron­ics, per­sonal com­puter, record­ing me­dia, video game, and mu­sic com­pa­nies, in­clud­ing Sony, Ap­ple, Dell, Hi­tachi, HP, JVC, LG, Mit­subishi, Pana­sonic, Pi­o­neer, Philips, Sam­sung, Sharp, Sony, TDK, and Thom­son. The for­mat also has broad sup­port from the ma­jor movie stu- dios as a suc­ces­sor to to­day’s DVD for­mat. In fact, seven of the eight ma­jor movie stu­dios (Dis­ney, Fox, Warner, Sony, Li­on­s­gate, and MGM) have re­leased movies in the Blu-ray for­mat, and five of them (Dis­ney, Fox, Sony, Li­on­s­gate, and MGM) are re­leas­ing their movies ex­clu­sively in the Blu-ray for­mat.




The name Blu-ray is de­rived from the un­der­ly­ing tech­nol­ogy, which uti­lizes a blue-vi­o­let laser to read and write data. The name is a com­bina- tion of Blue (blue-vi­o­let laser) and Ray (op­ti­cal ray). Ac­cord­ing to the Blu- ray Disc As­so­ci­a­tion, the spell­ing of Blu-ray is not a mis­take—the char­ac­ter “e” was in­ten­tion­ally left out so the term could be reg­is­tered as a trade­mark.




BLU-RAY OVER­VIEW

Blu-ray holds 25 GB on a sin­gle-layer disc and 50 GB on a dual-layer disc and has a data rate of 54 Mbps (com­pared to DVD’s 9.8 Mbps). This means that both high-def­i­ni­tion au­dio and video are pos­si­ble at the same time. About 9 hours of high-def­i­ni­tion video and up to 23 hours of stan- dard-def­i­ni­tion au­dio and video can be stored on a 50-GB dual-layer disc. BD play­ers are back­ward com­pat­i­ble and will play stan­dard DVDs and, in some cases, even up­scale the pic­ture to 1080p/1080i.




All Sony PlaySta­tion 3 game units are shipped with a 2x BD drive. Stand-alone Blu-ray burn­ers and discs are avail­able, the price con­tin­ues to drop, and pre-recorded ti­tles are be­com­ing wide­spread and read­ily avail­able.




It’s also pos­si­ble that Blu-ray could al­low the stor­age ca­pac­ity to be in­creased to 100 GB to 200 GB in the fu­ture sim­ply by adding more 25-GB lay­ers to the discs.




BLU-RAY AU­DIO SPECS

BD sup­ports al­most ev­ery au­dio codec for­mat ex­cept MLP, but be­cause of the high data rate, it’s now pos­si­ble to store up to eight chan­nels of 96/24 LPCM au­dio and six chan­nels of 192/24 with­out data com­pres­sion and high-def pic­ture. That be­ing said, codecs, lossy and loss­less, will prob­a­bly be used if video is present on the disc.


[image: image]



[image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image][image: image]Ta­ble 15.2 presents a list of the manda­tory and op­tional au­dio for­mats. Manda­tory means that all BD play­ers are re­quired to de­code the for­mat. A sec­ondary au­dio track, if present, can use any of the manda­tory for­mats or one of the op­tional codecs.
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BLU-RAY VIDEO SPECS

Like HD-DVD, BD sup­ports the video res­o­lu­tion of the DVD-Video stan- dard, which is stan­dard-def­i­ni­tion 720×480i us­ing the MPEG2 codec. The more ef­fi­cient SMPTE VC-1 (which is based on Mi­cro­soft’s Win­dows Me­dia 9 codec) and MPEG4-AVC video high-def codecs al­low res­o­lu­tions of 720P, 1080i, and 1080p. Mul­ti­ple codecs on a sin­gle ti­tle are pos­si­ble.




BLU-RAY AD­DI­TIONAL FEA­TURES

Al­though BD ini­tially of­fered no ad­di­tional fea­tures, ver­sion 1.1 (called Pro­file 1.1) will of­fer the same ad­di­tional fea­tures as HD-DVD as an op­tion—namely net­work con­nec­tiv­ity, sec­ondary video codecs, in­ter­ac­tiv- ity, and per­sis­tent stor­age.
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Al­ter­na­tive Disc Tech­nolo­gies
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Al­though it seems as if the cur­rent tech­nolo­gies will serve our high-defini- tion needs for years to come, there are many other disc tech­nolo­gies on the hori­zon that may be able to of­fer a greater or­der of mag­ni­tude in stor­age, band­width, or both. Keep in mind that many of these tech­nolo­gies are only in de­vel­op­ment and may never see the com­mer­cial light of day.

Among the al­ter­na­tive tech­nolo­gies are:




►  Holo­graphic Ver­sa­tile Disc (HVD). This is a two-laser tech­nol­ogy (blue-green and red) that, while to­tally in­com­pat­i­ble with any of the cur­rent DVD-based tech­nolo­gies, prom­ises an enor­mous ca­pac­ity of up to 3.9 ter­abytes (3,900 GB) and a data rate of up to 125 Mbps.
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►  Dig­i­tal Mul­ti­layer Disc (DMD). DMD is a clear op­ti­cal disc that, un­like all com­mer­cial op­ti­cal discs, has no metal­lic lay­ers. It’s based on a red-laser tech­nol­ogy sim­i­lar to DVD, which could al­low the for­mat to be man­u­fac­tured in ex­ist­ing repli­ca­tion fa­cil­i­ties with few mod­i­fica- tions. DMD discs are com­posed of mul­ti­ple data lay­ers joined by a flu- ores­cent ma­te­rial. The lay­ers are coated with a chem­i­cal that re­acts when a laser shines on it, and then gen­er­ates a re­sult­ing sig­nal. It is thought that 100-GB discs are pos­si­ble for the for­mat.




►  En­hanced Ver­sa­tile Disc (EVD). EVD is a for­mat that’s es­sen­tially a DVD, but that uses dif­fer­ent and more ef­fi­cient codecs, such as VP6 (from On2 Tech­nolo­gies) for video and En­hanced Au­dio Codec 2.0 (EAC) from Cod­ing Tech­nolo­gies for au­dio. The Chi­nese gov­ern­ment sup­ports the de­vel­op­ment of the for­mat, and they have an­nounced their in­ten­tion to of­fi­cially switch from the cur­rent DVD by 2008 in an ef­fort to de­crease their de­pen­dency on for­eign elec­tronic prod­ucts.




►  For­ward Ver­sa­tile Disc (FVD). This is an­other red-laser for­mat meant to be a less ex­pen­sive al­ter­na­tive for high-def con­tent. The spec­i­fi­ca­tion calls for up to three 5-GB lay­ers for a disc to­tal of 15 GB us­ing a WMV9 codec.




[image: image]►  Po­lar High-Def­i­ni­tion DVD (PH-DVD). Based upon the cur­rent DVD spec and us­ing a red laser, this op­ti­cal disc prom­ises a stor­age ca­pac­ity of as much as 100 GB.




►  Ul­tra Den­sity Op­ti­cal (UDO). This is a car­tridge-based op­ti­cal disc us­ing both a blue-vi­o­let laser and phase change tech­nol­ogy to pro­vide a cur­rent ca­pac­ity of 30 GB, al­though ca­pac­i­ties of up to 500 GB have been the­o­rized.




►  Ver­sa­tile Mul­ti­layer Disc (VMD). A high-ca­pac­ity red-laser tech­nol- ogy, the for­mat re­port­edly can have up to four 5-GB lay­ers for a cur- rent ca­pac­ity of 20 GB, al­though eight- and ten-layer ver­sions are sup­pos­edly in de­vel­op­ment.



Al­ter­na­tive De­liv­ery Tech­nolo­gies
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Shiny plas­tic op­ti­cal discs, al­though some­times a con­ve­nient means for backup and pre-recorded con­tent alike, may even­tu­ally give way to on­line stor­age, on-de­mand con­tent, and high-band­width fiber chan­nel pipe­lines into our homes and busi­nesses. If and when that hap­pens, the cur­rent and fu­ture au­dio and video codecs will be more im­por­tant than ever, since ca­ble mo­dem and DSL band­width still lag way be­hind what’s avail­able via an op­ti­cal disc, such as BD or HD-DVD, and will stay that way for the fore­see­able fu­ture.
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About the In­ter­views
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As al­ways, the in­ter­view por­tion of the book is the most en­joy­able from a per­sonal stand­point. It’s a won­der­ful thing to fi­nally meet (at least over the phone) the peo­ple whose work I’ve been lis­ten­ing to for many years. Not only were the con­trib­u­tors most will­ing to share their work­ing meth­ods and tech­niques (some­thing that mas­ter­ing en­gi­neers as a whole are not known to do), but they were most gra­cious in tak­ing time from their busy sched­ules to do so. For this I am most grate­ful and ex­tend to them my heart­felt ap­pre­ci­a­tion.




Since this book is about mas­ter­ing as an en­tire pro­fes­sion, I’ve in­cluded a cross-sec­tion of the in­dus­try. Not only are the leg­ends and greats rep­re­sented, but also some en­gi­neers who deal in the spe­cialty ar­eas of mas­ter­ing. Re­gard­less of their per­ceived in­dus­try stature, they all toil in the ev­ery­day trenches of mas­ter­ing, and much can be learned from their per­spec­tives.
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In­ter­view: Greg Calbi
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Greg Calbi started his ca­reer as a mas­ter­ing en­gi­neer at the Record Plant New York in 1973 be­fore mov­ing over to Ster­ling Sound in 1976. Af­ter a brief stint at Mas­ter­disk from 1994 to 1998, Greg re­turned to Ster­ling

as an owner, where he re­mains to­day. Greg’s cred­its are nu­mer­ous, rang­ing from Bob Dy­lan to John Lennon, U2, David Bowie, Paul Si­mon, Paul Mc­Cart­ney, Blues Trav­eler, and Sarah McLach­lan, among many, many oth­ers.




Do you have a phi­los­o­phy on mas­ter­ing?

GREG CALBI: I do. It re­ally de­pends on the re­la­tion­ship with the per­son who brings me the tape. My phi­los­o­phy in gen­eral is try to fig­ure out how to im­prove what the per­son brings me, and then to try to fig­ure out what his in­tent was. In other words, I don’t just plug in my own idea with­out first re­ally com­mu­ni­cat­ing with the client. It’s a lit­tle tricky. It re­ally is dif­fer­ent for ev­ery project. You re­ally have to get a good com­mu­ni­ca­tion flow go­ing, which some­times is ac­tu­ally one of the most dif­fi­cult parts of the job.




One time some­body said some­thing to me that I thought was the best com­pli­ment that I ever got in mas­ter­ing. He said, “The rea­son I like your work is be­cause it sounds like what I did, only bet­ter.” And that’s kind of what I’ve al­ways tried to do. I try not to change the mix; I just try to en­hance it. I just go with the spirit of what was given to me, un­less I re­ally feel that it’s to­tally miss­ing the mark. And oc­ca­sion­ally it does, be­cause we’re now in an era where you have a lot of peo­ple in the be­gin­ning of the learn­ing curve be­cause of the avail­abil­ity of the tech­nol­ogy. Peo­ple are get- ting into record­ing who have the re­sources be­cause the cost of en­try has gone down, but ac­tu­ally the qual­i­fi­ca­tions for do­ing it have kind of dimin- ished. The bar got low­ered a lit­tle bit.
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In terms of mix­ing?

GREG CALBI: In terms of be­ing a record­ing en­gi­neer. I hate to sound like I’m crit­i­ciz­ing the guys who have been get­ting into it, be­cause I would do the same thing if I was young and mu­si­cal. I’d buy the stuff and try to record at home and do a lot of what they try to do. But the fact is that they re­ally haven’t had the ex­pe­ri­ence, so you get to the mas­ter­ing stage now with a much greater need to aug­ment what you’ve got, rather than the way it used to be back in the days when stu­dios had staff en­gi­neers with an in­tern­ship pro­gram. There was just a higher level of ex­per­tise that it took to get to the level where you could make a ma­jor record. You don’t neces- sar­ily have that now, so we need to try to help them where we can.




Is there a dif­fer­ence be­tween mas­ter­ing from coast to coast or city to city? GREG CALBI: There’s re­ally more of a dif­fer­ence from per­son to per­son. I’ve lis­tened many years to all the dif­fer­ent sounds that dif­fer­ent guys have, and they re­ally all do some­thing dif­fer­ent, and I re­spect ev­ery one of them for it. I could be blown away by some­thing that any of 10 guys do, it’s so rec­og­niz­able.




[image: image]We once hosted a great sym­po­sium that NARAS ran for their mem- bers. They had about 90 peo­ple come up, and the four of us—George Marino, Tom Coyne, Ted Jensen, and I—had the same mix to work on. We had 10 peo­ple in the room at a time, and we had a make-be­lieve pro­ducer who was ask­ing pro­ducer-type ques­tions so peo­ple could see how a ses­sion went. We all EQed the same song and, af­ter it was over, we all went out to the main room and lis­tened to it with ev­ery­body there. All four sounded like four dif­fer­ent mixes, and they all had their own thing about them.

None of them sounded bad, but it was amaz­ing how dif­fer­ent they all were.




You re­ally don’t know what your own sound is. Maybe other peo­ple know and can iden­tify with your sound more than you can, and ev­ery once in awhile some­one comes in be­cause they heard some­thing on a record that you mas­tered and knows ex­actly what you tried to do with it. Even if it’s only one per­son that picked up on it, it’s just a great feel­ing.




Can you hear the fi­nal prod­uct in your head as you’re run­ning some­thing down?

GREG CALBI: Yeah, I can hear where I want it to go. I use kind of an A/B method most of the time, so I’m al­ways re­fer­ring to other mixes on the al­bum. What I try to do is get a lis­ten to ev­ery­thing on the al­bum be­fore I start to work on it. That’s some­thing which I’ve started do­ing over the last two or three years, and now I al­most do it re­li­giously. I re­ally want to know what the pro­ducer and the en­gi­neer are ca­pa­ble of do­ing at their best be­fore I start to force it in a di­rec­tion.
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In other words, if the first song on the A side is like a night­mare, all of a sud­den you’re plug­ging things in and try­ing things and go­ing back and forth, and you’re just go­ing crazy. You get into a cer­tain neg­a­tive mind­set at that point where you think that this whole al­bum is go­ing to be tough. Then all of a sud­den about an hour or two later, you find that all the stuff af­ter that is start­ing to sound re­ally good, and you re­al­ize that you might not have done your best work be­cause you were forc­ing a mix into an area. Whereas if I go to the stuff that I re­ally like hear­ing in the be­gin­ning, it gives me more of a re­al­is­tic ex­pec­ta­tion of what I’m go­ing to be able to get from this stuff later on. It’s just a good way to give your ears some­thing to com­pare to.




I even used to do it back be­fore we had dig­i­tal, where I’d cut a lit­tle piece onto the ac­etate be­hind me and go back and forth to lis­ten. Ev­ery once in awhile there would be a real eye opener be­cause it’s a com­bi­na­tion of ear fa­tigue and the way the mixes work where you think some­thing is re­ally work­ing, but then all of a sud­den your ears prick right up and you re­al­ize that you re­ally didn’t take it far enough. Or it could be the other way around, where you get a lit­tle ear fa­tigue and you start over­hyp­ing some things, and then you lis­ten to what you know is good from ear­lier in the day, and all of a sud­den that thing sounds nice and smooth, and the thing you’re work­ing on is start­ing to sound a lit­tle brit­tle. I use that method a lot to try to keep my ears fresh and to keep my au­ral mem­ory locked in. It re­ally helps me make the records co­he­sive from song to

song, too.




Do you lis­ten to the whole record be­fore you start?

GREG CALBI: I’ll lis­ten to snatches of ev­ery­thing. I’ll lis­ten to maybe a minute or two of a few songs. You know the ques­tion I al­ways ask? I’ll say, “What’s your fa­vorite mix on the al­bum? What’s the one that ev­ery­body seems to re­ally like?” be­cause that’ll give me an in­di­ca­tion of what their ex­pec­ta­tion is. If they point me to some­thing that I think is hor­ri­ble and they think is great, then I know I have a com­bi­na­tion of en­gi­neer­ing and psy­chol­ogy be­cause I need to bring them to where I know it might have to be. The funny thing is that as the years have gone on, they will throw it into my hands al­most to­tally, and I have to drag them back into it. I find I work bet­ter when the client gets in­volved be­cause when they take some re­spon­si­bil­ity for the project in the room, they’ll also take that same re­spon­si­bil­ity when they’re lis­ten­ing out of the room. A lot of mas­ter­ing guys kick the peo­ple out and are re­ally se­cre­tive about what they’re do­ing, but I’m com­pletely the op­po­site. The black magic thing is re­ally to­tally over­rated. It’s kind of a fall­back for a cer­tain amount of not tak­ing re­spon- sibil­ity.
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What do you think makes the dif­fer­ence be­tween a re­ally great mas­ter­ing en­gi­neer and some­one who’s just com­pe­tent?

GREG CALBI: Just a great mu­si­cal set of ears. That’s so im­por­tant. I mean, there are some guys who just have a tremen­dous tal­ent for cre­at­ing some- thing that’s mu­si­cally and au­rally sat­is­fy­ing. But then the com­mu­ni­ca­tion skill is an­other thing that makes some­body great, as well as a real good un­der­stand­ing of how to push the equip­ment and a will­ing­ness to try dif- fer­ent things. It’s kind of a com­bi­na­tion of cre­ativ­ity and tena­cious­ness.




I think you have to re­ally have a lot of pride in what you do. The as­pect of pride is very, very im­por­tant. There’s no way that you can do this with- out be­ing per­son­ally at­tached to the work. I al­ways try to fig­ure out whether this is an art or not. It’s not re­ally an art per se, but it has shared el­e­ments of what an artist does. You take pos­ses­sion of the thing.




How do you feel about the “level wars?”

GREG CALBI: It’s got­ten so in­sane. I’m a huge mu­sic fan and I lis­ten to CDs con­stantly at home. I have to say that the CDs that al­ways please me the most son­i­cally are not the real hot ones when I bring them in here and look at them on the me­ters. I tell peo­ple, “If you want yours to be hot, I know how to do it, and I’ll make it as hot as we can pos­si­bly make it and still be mu­si­cal. But I just want to tell you that you may find that it’s not as
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The genre that I’m deal­ing with a lot, though, is not nec­es­sar­ily the genre where peo­ple re­ally want to crank. I did some­thing this week for Jay Beck­en­stein from Spyro Gyra. He’s been around for 20 some-odd years, al­though I’ve never worked for him be­fore, so I wanted to blow him away. I re­ally wanted him to put this thing on and go, “Oh man, this guy’s great.” So I laid it on there pretty hot for him, and he calls me back and says, “I just want to tell you that this doesn’t have to be the hottest record ever made. With this kind of mu­sic, it’s re­ally not that im­por­tant.” And I just thought, “Thank God this guy is not in that mode.”




What do you think is the hard­est thing for you to do?

GREG CALBI: Hard rock and metal have al­ways been the hard­est thing for me to make sound good be­cause the den­sity of the mu­sic re­quires a lot of ag­gres­sive­ness. But what hap­pens is, if the ag­gres­sive­ness goes just that one step too far, it di­min­ishes the mu­sic. You reach a point where all of a sud- den it starts to re­verse it­self, where big be­comes small and ex­cit­ing be­comes over­bear­ing, and it works against the rhythms of the mu­sic. So you have to push it to the point, but if it’s just one step past the point, it loses im­pact. It’s a very weird phe­nom­e­non.
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I’ve heard other peo­ple say ex­actly the same thing.

GREG CALBI: You go right off a cliff. There was one record that I did with a band called Reveille, which is a bunch of 16 and 17 year olds. It was re­ally good, and I did ev­ery­thing I could to make it as loud as I could. What hap- pened was this thing was put on a com­pi­la­tion with like maybe 13 or 14 other metal things, and, man, the other ones were so much louder. Some of them were ter­ri­ble, but some of them were fan­tas­tic. It’s the con­tin­u­ous puz­zle of this trade, es­pe­cially with that heavy kind of mu­sic.




I do a bunch of stuff that is more jazz and world mu­sic with kind of acous­tic rhythm that’s so pow­er­ful when it’s nice and smooth be­cause it’s not so de­pen­dent on the level. But the metal and the hard rock are very, very de­pen­dent on it. If you catch it right, you’ve re­ally cre­ated some­thing re­ally great.




How do you go about get­ting your level?

GREG CALBI: I wouldn’t mind talk­ing about it to a cer­tain ex­tent, but I’m still work­ing on that all the time. What I do in gen­eral is try to use three or four dif­fer­ent de­vices to a point where each one is just a lit­tle past the point of over­load. I over­drive two, some­times three and even four pieces of gear, one of them be­ing an A-to-D con­verter, and the other ones be­ing dig- ital level con­trols. I find that if I spread the load out amongst a cou­ple of dif­fer­ent units and add them to­gether, then I’m able to get it as loud as I can. I don’t like to put soft limit or fi­nal­iz­ing on things. What I find is there’s a point where you’re trad­ing in rhyth­mic clar­ity and sub­tlety for loud­ness. I don’t want to do that, al­though there are some types of mu­sic which do re­ally lend them­selves to it, par­tic­u­larly if a lot of the rhythm in­stru­ments have been sam­pled al­ready, and the over­tones have al­ready been knocked off it. Again, it’s pretty much con­tent-based.




But I’ll go back to what I said be­fore, where a lot of times the things that seem the most pow­er­ful and the most pleas­ing in the home lis­ten­ing sit­u­a­tion aren’t nec­es­sar­ily the loud­est ones. The loud­est ones seem to be the ones that are the most blurry-sound­ing. Any­body who’s work­ing on try­ing to max their lev­els out has to see what hap­pens to the strong dy­namic el­e­ments when they start to get squashed.




I had a TC 5000 for awhile. I used to use it as a multi-band com­pres­sor, and I tried all kinds of dif­fer­ent ways of get­ting that thing to max lev­els out. But if you take your orig­i­nal source tape and just for­get about over- loads and do an A/B at some peak level, I guar­an­tee that you’ll find that you’ve lost a whole bunch of depth, and that’s a depth which peo­ple can- not recre­ate in their lis­ten­ing sit­u­a­tion.
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What’s your sig­nal chain like?

GREG CALBI: On the ana­log side, what I try to do is com­bine light and dark, solid state and tube. So I have a bunch of tube equip­ment. I have the EAR com­pres­sors and the EAR EQs—the MEQ and the reg­u­lar one, like the old Pul­tec. And I have an Avalon com­pres­sor and an Avalon equal­izer, which is a lit­tle bit more spe­cific. Then I have some­thing that we all have here at Ster­ling, which is a sum and dif­fer­ence box that was de­signed by Chris Muth that en­ables you to EQ and com­press the cen­ter chan­nel dif- fer­ently than the side chan­nels. It’s the most fan­tas­tic box; it al­most elimi- nates the need for vo­cal up­mixes be­cause you can just EQ the cen­ter. You can also take sibi­lance away from the cen­ter with­out af­fect­ing the bright- ness of the gui­tars on the side, so you can re­ally get pretty cre­ative. I also have a Man­ley tube lim­iter com­pres­sor, one of those Vari-Mus, and one of Doug Sax’s level am­pli­fiers, which I’ll use some­times in be­tween my con- sole.




Oc­ca­sion­ally, if some­thing sounds re­ally good, I’ll just by­pass my con- sole and patch it di­rectly into my A-to-D con­verter and use the ana­log ma­chine as a level con­trol. A lot of times with the DATs, I’ll go into a Doug Sax line amp that I have to make them a lit­tle more ana­log if I don’t need it to be EQed a lot.




[image: image]I have an ATR ana­log deck with tube electron­ics and one with solid state elec­tron­ics. I also have a Studer 820. Most of the time at the be­gin- ning of an ana­log ses­sion, I’ll play it off each of those three ma­chines and see which one sounds the best. I usu­ally work with two dif­fer­ent A-to-D con­vert­ers. I have a dB Tech­nolo­gies con­verter, and I have one that the guys at JVC were fool­ing around with for awhile, which is ex­cel­lent. I try to have two dif­fer­ent con­vert­ers at all times, one that maybe has a deeper bot- tom and bet­ter imag­ing and an­other one that’s maybe a lit­tle more ex­cit- ing in the midrange.




That’s what I have on the ana­log side. The EAR com­pres­sors I also use as a level con­trol. If you call me in a month from now, I’ll prob­a­bly have all dif­fer­ent stuff. I don’t buy a lot of gear, but I’m con­stantly chang­ing what I’m do­ing and the or­der in which the gear gets plugged in. We use the Z- Sys for dig­i­tal EQ. I have a Weiss com­pres­sor for dig­i­tal com­pres­sion, and Z-Sys has been fool­ing around with a com­pres­sor, which I also have.




I haven’t had too much luck with dig­i­tal com­pres­sors. With this Weiss thing I’m al­ways try­ing to come up with some­thing that works for ev­ery- thing, and ev­ery time I think I have a good pre­set and then try it on some- thing else, it doesn’t seem to work. I have prob­a­bly the same stuff that a lot of the guys have. I think the sum and dif­fer­ence box gives us a lit­tle bit more of a chance at be­ing a more cre­ative.



[image: image]



As far as the per­son who might be try­ing to learn how to do his own mas­ter­ing or to un­der­stand mas­ter­ing in gen­eral, the main thing is that all you need is one ex­pe­ri­ence of hear­ing some­body else mas­ter some­thing. Your one ex­pe­ri­ence at hav­ing it sound so in­cred­i­bly dif­fer­ent makes you then re­al­ize just how in­tri­cate mas­ter­ing can be and just how much you could add to or sub­tract from a fi­nal mix.




I would also say to any­body who is try­ing to learn about mas­ter­ing, re­al­ize that there’s a hid­den el­e­ment that the more flex­i­bil­ity you have and the more time and pa­tience you have, you can re­ally come up with some- thing that’s go­ing to be bet­ter. There’s no short­cut to it. You just have to keep A-Bing back and forth and back and forth. It’s pretty amaz­ing how far off you can be some­times, even when you think you’re do­ing ev­ery- thing right. But then the sat­is­fac­tion of know­ing that you re­ally got some- thing great is just an amaz­ing feel­ing.




How im­por­tant is mono to you? Do you lis­ten in mono at all?

GREG CALBI: I don’t ex­cept to check for az­imuth. I don’t re­ally work that way. I’ve had some clients who want to do it in mono, but it’s not some- thing that I do. I would imag­ine that there are guys who have fooled with it and re­ally find that they do re­ally great work that way be­cause there’s also guys that EQ a lot dif­fer­ently from chan­nel to chan­nel to get di­men- sion and ev­ery­thing. I al­ways feel by do­ing that you’re tak­ing bal­ances in the mix and fool­ing around with them, and I’m very, very hes­i­tant to do that un­less an en­gi­neer comes and says to me, “You know, the gui­tar player made me push the gui­tar too far up on the right. Could you do some- thing?”




I re­ally don’t want to give some­body some­thing back and have them say, “What the heck did you do?” I just want them to lis­ten to it and go, “Wow, it sounds bet­ter.”




What are you us­ing for mon­i­tors?

GREG CALBI: For six years it’s ProAc Re­sponse 4. It’s a big floor-stand­ing model, al­most like the size of a Dunlavy, but not as deep. I’m re­ally happy with them. To me, they’re well bal­anced and mu­si­cal. They’re pow­ered with an Au­dio Re­search Stereo 300. I’m al­ways fool­ing around with a whole bunch of crazy ca­bles and with AC cords. There’s a guy in LA do­ing some great AC cords for about $1,200 a shot.




Do you find it makes a dif­fer­ence?

GREG CALBI: I do blind tests with clients all the time, where I plug this ca­ble into a con­verter or onto a ma­chine, and they hear it right away. I’d like to buy like six more of them, but they’re very ex­pen­sive.
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There’s a guy over at Sony Mas­ter­ing who ap­par­ently found that if he works be­tween mid­night and 8 a.m., there’s so much less go­ing on in the build­ing that he thinks the power is bet­ter. You start get­ting crazy with stuff like this. It’s only two tracks, so you take any lit­tle ad­van­tage that you can come up with.




Do you do your own pro­duc­tion or do you have some­one there to do it for you?

GREG CALBI: The pro­duc­tion here is done in my room. I have an as­sis- tant who’s a full-blown mas­ter­ing en­gi­neer, but he works as my as­sis­tant and as a pro­duc­tion guy in the stu­dio. We get it to the point where the fi­nal EQ is ap­proved, then we cap­ture it as a 16-bit file in the Son­ics. Once it’s in there, then all the pro­duc­tion en­gi­neers take it and make any 16-bit me­dia that needs to come out, be it a DAT or a PMCD or CD or 1630.




Do you cut lac­quers?

GREG CALBI: We ac­tu­ally have two lac­quer rooms go­ing pretty much all the time. We have a tremen­dous amount of cut­ting busi­ness be­cause we do a lot of dance and rap mu­sic. I per­son­ally haven’t cut a lac­quer in six years, but I had 20 years of it be­fore that.
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GREG CALBI: There’s noth­ing like cut­ting lacquers be­cause of the at­ten- tion that you have to pay to dy­nam­ics. It’s so un­for­giv­ing. In terms of help­ing me, I think that you learn to con­cen­trate on the dy­nam­ics be­cause it’s so crit­i­cal to whether you’re ac­tu­ally go­ing to have a suc­cess­ful cut. You prob­a­bly train your­self to see the VU me­ters and the mu­sic in one con­tin- uum. I think that it prob­a­bly helped to fo­cus me on how to con­cen­trate on lis­ten­ing to mu­sic. Some­body to­day could say to me, “Did you like the way the song took off in the sec­ond bridge?” and I’d say, “I wasn’t even lis­ten­ing to the struc­ture of the song at this point. I’m lis­ten­ing to the whole.” There’s a whole other thing that’s go­ing on. There is a way that you lis­ten to mu­sic when you have to cut a lac­quer. You have to watch those me­ters and you have to make sure there are no hits that are go­ing to make that record skip, so you’re con­scious of the rhyth­mic el­e­ment.




See, that’s the thing. There are guys who know how to make things sound re­ally loud and big, but over-com­pres­sion will keep the rhythm from work­ing right. That’s the thing that drives me nuts about the Fi­nal­izer and all this other stuff. Once you take away the beat, then you just don’t have the same in­ten­sity any more. Maybe from cut­ting lac­quer all those years, I started lis­ten­ing to drums a lot.
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What makes your job eas­ier? Is there some­thing that your client can do to make things go faster, eas­ier, bet­ter?

GREG CALBI: It’s re­ally com­mon-sense stuff. One, stay off the phone: Let’s get locked in and not have to con­stantly get our ears back up to speed. Two, know where ev­ery­thing is. Don’t make me spend four hours rewind­ing tape be­cause that’s not re­ally pro­duc­tive work. I al­ways tell peo- ple that, as stupid as it may sound, prob­a­bly the most im­por­tant thing that they could do is just go into the ses­sion be­ing or­ga­nized so that they know where the mixes are. Three, be hon­est with the mas­ter­ing en­gi­neer. Don’t try to pre­tend that ev­ery­body likes some­thing, and then later in the day start to re­veal all the doubts that peo­ple had about cer­tain as­pects of the project. You’ll just waste a tremen­dous amount of time that way. These are re­ally ba­sic hu­man things.




What’s the hard­est thing you have to do in mas­ter­ing? Is there a par­tic­u­lar type of project that’s harder than oth­ers?

GREG CALBI: I don’t have any idea ex­actly why it hap­pens, but the hard- est ones are the ones that don’t sound 100 per­cent, but yet you can’t fig­ure out what it is that could make it bet­ter. That’s why I’m glad I have a lot of dif­fer­ent things that I can plug in and just do sig­nal path kind of stuff rather than EQ.




An­other thing that’s hard is when the low end is thin and light, be­cause it’s re­ally hard to cre­ate low end when there is none. If you have a real muddy project, you can al­ways clear stuff away and find some­thing in there, but it’s re­ally tough when the bot­tom end isn’t there. Most of the prob­lem projects have to do with the bass be­ing recorded poorly. If you made book of ex­cuses, the chap­ter on bass would be eight times big­ger than the chap­ter on ev­ery­thing else. He brought the wrong axe, we couldn’t get an­other bass player, it was an acous­tic bass, the room, the mik­ing, the di­rect, the buzz, the hum.  It goes on and on.




But the fact of the mat­ter is that you never have a great-sound­ing CD if you don’t have a great bass sound. It can’t be great un­less the bass is great. It could be good, but bass is what takes it to the level where it’s re­ally some­thing spe­cial. It’s just a con­stant thing that you try to get to im­prove. It’s the thing that en­gi­neers are the most frus­trated about.
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In­ter­view: David Cheppa
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David Cheppa be­gan cut­ting vinyl in 1974 and since that time has cut al­most 22,000 sides. He is the founder of Bet­ter Qual­ity Sound, which is cur­rently one of the few re­main­ing mas­ter­ing houses ded­i­cated strictly to mas­ter­ing vinyl. Thanks to his in­tense in­ter­est and de­sign en­gi­neer­ing back­ground, David has brought a medium once given up for dead to new, un­sur­passed heights of qual­ity.




Not too long ago, ev­ery­one thought that vinyl was dead, yet you’re re­ally, re­ally busy.

DAVID CHEPPA: I don’t think any­body else does as much vinyl cut­ting as we do. We do about 500 mas­ters a month here, but only be­cause that’s the niche that it worked out to be. When things were wan­ing back in the ’80s, I was still act­ing like noth­ing had changed in­so­far as I was still look­ing for ways to de­velop and im­prove the medium.




You never think about vinyl be­ing “im­proved.”

DAVID CHEPPA: We’ve ac­tu­ally de­vel­oped it quite a lot. In the old days, way, way back in the ’50s, the first cut­ting sys­tems weren’t very pow­er­ful. They only had maybe 10 or 12 watts of power. Then, in the ’60s, Neu­mann de­vel­oped a sys­tem that brought it up to about 75 watts per chan­nel, which was con­sid­ered pretty cool. Then, in the ’70s, the high-pow­ered cut- ting sys­tems came into be­ing, which were about 500 watts. That was pretty much it for a while. I mean, it made no sense be­yond that be­cause the cut- ter heads re­ally weren’t de­signed to han­dle that kind of power any­way.

Even the last cut­ting sys­tem that came off the line in about 1990 at Neu­mann in Berlin hadn’t re­ally had changed other than it had newer pan­els and pret­tier elec­tron­ics. It wasn’t re­ally a big dif­fer­ence.




One of the things that I did was look for a way to keep the sig­nal path sim­ple and clean and free of any­thing that would af­fect the sig­nal. I fig­ure that a mas­ter­ing en­gi­neer spent a lot of time and money to get it to where
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he wanted, so I didn’t want to al­ter the pro­gram when I fi­nally got it. All I wanted to do was give them as faith­ful a re­pro­duc­tion as pos­si­ble. What I went for was to keep the warmth of the vinyl, but have the power of the CD. But be­cause we had CDs by then, no­body even cared about vinyl any- more. I mean, ev­ery­one in the cut­ting end was old school in their think­ing in a lot of ways and didn’t care much about im­prov­ing the medium other than just try­ing to do what was al­ways done. So us­ing my back­ground as a de­sign en­gi­neer, I im­proved the cut­ting sys­tem, mainly the am­pli­fiers. I pushed the power lev­els way be­yond any­thing that we ever had.




In do­ing that, I sac­ri­ficed a num­ber of cut­ter heads, and these cut­ter heads are about twenty grand apiece, if you can find one. In fact, Neu­mann doesn’t re­ally make them any more, but if you want them to build you one from scratch, they’ll charge you $35,000 for it. If you can find one, you can pick it up some­where be­tween $10,000 and $15,000 right now, and maybe a burned-out one for about $5,000 or $6,000. It costs about $10,000 to re­pair it, just the way it is. Last year alone, I burned out four cut­ter heads to get ev­ery­body’s prod­uct out the way I wanted.

No­body knows what we go through to get a re­ally good faith­ful record­ing on the disk be­cause when you mas­ter for CD, you don’t usu­ally mas­ter with vinyl ears. You mas­ter with an ear to what­ever it is that you want and, as a re­sult, you don’t con­sider any­thing else.
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oc­cur?

DAVID CHEPPA: This is what I no­tice, and it’s re­ally the se­cret. The bal- ance of the sound is the most im­por­tant thing. You get a good mix where the el­e­ments are bal­anced well, and it cuts well as a re­sult.




Fre­quency bal­anced?

DAVID CHEPPA: Yeah, in the sense of equal­iza­tion, ev­ery as­pect of it is bal­anced so that you don’t have these anom­alies pok­ing out that you don’t re­ally want. It seems ob­vi­ous that this is what you would strive for, but that’s not what mas­ter­ing guys gen­er­ally do. They’ll tweak things in all dif- fer­ent di­rec­tions.




I used to voice rooms to flat­ten out mon­i­tors so that they sounded good, and the way you get rid of all the prob­lems is to feather any EQ that you used. The same with lim­it­ing and com­press­ing. The best mas­ter­ing I see is where peo­ple have feath­ered their work. It’s al­most like you’re just fine-tun­ing. It’s so sub­tle that you al­most don’t no­tice it. If it’s a good mix, you can make a great mas­ter be­cause the best mas­ters have the best bal- ance. It seems ob­vi­ous, but it just bears out, es­pe­cially in cut­ting.
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Do you have to do a lot of mas­ter­ing in the sense of hav­ing to do a lot of EQ and com­pres­sion, or do you just do a lot of straight trans­fers?

DAVID CHEPPA: My goal is to take some­one’s work and keep it faith­ful and not touch it, but there are very few en­gi­neers that I don’t have to do any­thing with their pro­gram. But my first ap­proach is a sub­tle one. I’ll do things where no­body even no­tices it be­cause I don’t want them to hear that I did any­thing.




The prob­lem is tak­ing some­thing that’s now in the dig­i­tal do­main and putting it in the phys­i­cal realm. You’re ba­si­cally mak­ing that lit­tle sty­lus ac­cel­er­ate some­times as much as 5,000 times the force of grav­ity, es­pe­cially when you have pro­gram with a lot of per­cus­sive bril­liance or sibi­lance sounds cre­ated by S’s. The de­mands are so great.




And by the way, that’s where all the power is re­quired in cut­ting. In the phys­i­cal world with sound sys­tems, all the en­ergy is in the low end. But in cut­ting, it’s the ex­act op­po­site. All of the en­ergy is in the up­per spec­trum, so ev­ery­thing from about 5,000 cy­cles up be­gins to re­quire a great amount of en­ergy. This is why our cut­ting sys­tems are so pow­er­ful. One lathe has 3,600 watts of power, and our least pow­er­ful one is about 2,200 watts. It’s dev­as­tat­ing if some­thing goes wrong at that power. If I get a mas­ter that’s raw and hasn’t been han­dled at all and there is some­thing that just tweaks out of nowhere, it can take the cut­ter head out. So that’s al­ways a big con- cern.




If I’m not fa­mil­iar with the ma­te­rial or the mas­ter­ing en­gi­neer, then the first thing I’ll do is dump it into our sys­tem here and look at what the sound spec­trum is like to find out what kind of en­ergy dis­tri­bu­tion ex­ists. I can over­view the en­tire project just at a glance and de­ter­mine if there’s any­thing that looks like it’s go­ing to be a prob­lem. Un­for­tu­nately, it does take time, and it’s not some­thing I usu­ally charge for.




We do ev­ery­body’s work here, in­clud­ing all the ma­jor la­bels, but I treat ev­ery project as though I’m do­ing Baby­face’s al­bum. Even when it’s some- body’s garage band, I’ll give it the same care and in­ter­est be­cause to me, ev­ery project is im­por­tant. But that project may be a mess. If it’s be­yond any­thing I think I should be mess­ing with, I’ll call them and say, “Lis­ten, this hasn’t been pre-mas­tered for vinyl.” “What do you mean by that?” “Well, there’s per­cus­sive bril­liance that’s out of con­trol.” This is the prob- lem in al­most ev­ery case be­cause sibi­lant dis­tor­tion can oc­cur on vinyl that doesn’t oc­cur any­where else. It’s be­cause the ve­loc­i­ties are so high and so quick that the per­son’s play­back sty­lus will lit­er­ally chat­ter in the groove.

That chat­ter­ing sound seems to be a dis­tor­tion, when in truth, the record might not have any dis­tor­tion, but no­body can track it. I can ac­tu­ally cut records that no­body can track, which is use­less.
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The other prob­lem with hav­ing the high power lev­els that we have to­day is that I have to fig­ure out what kind of client this is go­ing to and what kind of turntable and car­tridge he’ll be us­ing. My lab turntable uses a high-com­pli­ance car­tridge, but that isn’t what they’re us­ing in a club. If they’re go­ing to use a DJ setup, let’s make it so they can play it. So that’s an­other con­sid­er­a­tion.




Where does most of the vinyl go?

DAVID CHEPPA: To­day there are so many mar­kets. The DJ mar­ket, or the dance/rap/hip-hop mar­ket, is prob­a­bly the great­est num­ber. I think 80 per­cent of it goes there. The other per­cent­age is re­ally only a few per­cent, like clas­si­cal mu­sic. We’re hav­ing a resur­gence of swing mu­sic and big band that’s in­cred­i­ble, and a lot of mu­sic that we’re re-mas­ter­ing was done in the ’60s and ’70s. Ev­ery­thing that Poly­gram ever did and ev­ery­thing that Mo­town ever did, they’re be­ing re-mas­tered, and we’re re-cut­ting them.




We’re ac­tu­ally get­ting a bet­ter record now than they had back then be­cause you’re hear­ing things that they couldn’t hear on the orig­i­nal mas- ters. Also, the cut­ting sys­tems weren’t that evolved back then, ei­ther.

Ev­ery­thing’s been im­proved so much.
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DAVID CHEPPA: One of the things that peo­ple used to do is com­press and limit and EQ to try to make it go to vinyl. My goal is to take what­ever the per­son had and make it go to vinyl with­out go­ing through any­thing. That’s a real feat at times be­cause, again, with a mas­ter that was pre­pared dig­i­tally, peo­ple don’t think there are any lim­its. They do what­ever they do to make it good for CD. I try to keep a straight path from what­ever mas­ter ma­chine I’m work­ing from, whether it’s an ana­log or a dig­i­tal source.




That’s a big task for me be­cause some things are not phys­i­cally possi- ble. I’ll get mas­ters that I can’t cut, and the rea­son is they’re so rich in har- mon­ics in the up­per spec­trum, which you can’t even hear.




Be­cause it’s so dis­torted or squashed?

DAVID CHEPPA: What’s hap­pened is it’s al­most lim­it­less in the way you can con­trol the sound now, where the equip­ment in the ear­lier days wouldn’t han­dle the fre­quency or tran­sient re­sponse or the power lev­els. Most of the gear to­day is much more re­spon­sive. When peo­ple EQ, they don’t re­al­ize that they may be adding har­mon­ics that they’re not hear­ing. Where some­thing like a flute’s high­est fun­da­men­tal fre­quency may be just un­der 5,000 cy­cles, its har­mon­ics go out to 15,000, 18,000 cy­cles, and be­yond.
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My big­gest chal­lenge is that they’re EQing this top end so that it sounds crisp and nice, but they don’t re­al­ize that things like bells and cym­bals are adding har­mon­ics that they’re not hear­ing and that may make it im­possi- ble to cut. I’ll try to tame that por­tion of the sound spec­trum that they can’t hear in the first place be­cause it won’t go to vinyl oth­er­wise.




A lot of guys who are cut­ting to­day can’t fig­ure out why they’re hav­ing trou­ble, so they just back off on the level or they smash it or just EQ it all out. The only prob­lem with that is you then af­fect the bril­liance and the air and the trans­parency. So some­times I’ll go in and I’ll just tai­lor those har­mon­ics.




What is the mas­ter for­mat that you usu­ally get in?

DAVID CHEPPA: I get ev­ery­thing, but most of the stuff comes on op­ti­cal, like a CD-R. The rea­son I pre­fer that is—and I don’t care what any­one says—it’s the most sta­ble for­mat we have right now. I would al­ways pre­fer it if some­one can give me an op­ti­cal for­mat be­cause I know, no mat­ter where it was burnt, un­less their burn­ers are bad or they have a de­fec­tive CD, it will al­ways work.




Do you load it into a DAW?

DAVID CHEPPA: We’re us­ing sev­eral sys­tems here. Some of my cut­ting is done off a hard drive so I can as­sem­ble some­thing quickly if you send it to me out of or­der. That hap­pens a lot. I may ac­tu­ally do some EQing in there if I no­tice some­thing. I’ll maybe ta­per the high end a lit­tle bit, or if there are sibi­lant prob­lems, I’ll do some de-es­s­ing. Again, I don’t like do­ing any of this stuff be­cause it af­fects the pro­gram as far as I’m con­cerned, but I’ll try to be so sub­tle and feather it.




A lot of times I will cut a lit­tle test on the outer di­am­e­ter of the record. Not the area that we’re send­ing for pro­cess­ing, but an area that I can play with. I will do that un­til I make sure that what­ever is done is faith­ful to the orig­i­nal mas­ter, be­cause there’s so many vari­ables in cut­ting that the re­sponse can change dras­ti­cally by the sty­lus tem­per­a­ture, the sty­lus be­ing dull, even the tem­per­a­ture in the room if the room is very cold and the lac­quer is cold. I might turn up the tem­per­a­ture on the styli. The higher the tem­per­a­ture of the styli, by the way, the more res­o­lu­tion you can get. If you in­crease the tem­per­a­ture a lit­tle bit, it will cut more eas­ily and main- tain the re­sponse. But I only run styli for a few sides or a cou­ple of hours to­tal and then I dis­card them, be­cause I try to main­tain a cer­tain stan­dard. As soon as they get dull, then the re­sponse goes way down, and that’s not good.
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With a lot of rap and hip-hop, do you have prob­lems with the low end? DAVID CHEPPA: The an­swer is yes and no. It’s al­most al­ways no good if they haven’t re­ally mas­tered it be­cause the kick may be boosted so se­verely that there’s no way that you can get any ap­par­ent vol­ume.




That’s the other thing that I try to do—get the most ap­par­ent vol­ume I can get on the medium. I had a Sub­lime record that I was cut­ting last year, and the sides were 28 min­utes, which is just too long. The long­est side I ever cut was some­where around 35 min­utes, and that was a spo­ken-word record. But what I did was al­ter the EQ just a lit­tle bit to give them a sense of vol­ume where there re­ally wasn’t one. Again, I think I did it in a way where no­body knew, but the re­sult was okay. It was kind of a com­pro­mise, but there are so many com­pro­mises you have to make some­times, you just don’t want them to be no­tice­able.




So what’s your sig­nal path then?

DAVID CHEPPA: The sig­nal path is di­rect. I mean, once I go out of the con­vert­ers, I’m go­ing right into the cut­ting sys­tem. Some­times I’ll cut off the con­vert­ers, and some­times I’ll cut right off the ana­log source, but I try to avoid any­thing that’s go­ing to al­ter that sig­nal path at all. That’s where I have the dan­ger of de­struc­tion on the cut be­cause of the power lev­els, be­cause if there’s a high fre­quency that’s not con­trolled, the cut­ter head


wwwca.nS’t doissilpuatetithoe hneaMt fasat ennouugha, aln.dinit’sfgooing to blow.


Nor­mally you’d go through a lim­iter/com­pres­sor, maybe some kind of EQ, all kinds of am­pli­fiers and trans­form­ers. I’ve elim­i­nated ev­ery­thing. In fact, I even went through and pulled all the trans­form­ers out of all the equip­ment be­cause I didn’t want the changes that oc­cur from the trans- for­m­ers. Most guys that cut around the coun­try still have older sys­tems, and be­cause they’ve ac­cepted the way things have been for so long, no­body thinks about it. But the sig­nal path is so blocked with things that ac­tu­ally kind of blur the orig­i­nal source a lit­tle bit, and they don’t even know it.




An­other thing that I do and no one else does is run my he­lium pres- sure—used to cool the cut­ter head—seven or eight times of what is nor- mally used be­cause of the power that I now have. Be­cause if I don’t cool that cut­ter head down, I know I’m go­ing to lose it. I found that I was able to cut higher lev­els with more high fre­quency that way. The fac­tory set- tings work, but they never in­tended their cut­ting sys­tems to be pushed as hard as we push them.
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It re­ally must take a lot of ex­pe­ri­ence to cut a good record.

DAVID CHEPPA: If you just want to cut a medi­ocre record, you don’t need to know a lot of any­thing. If you want to cut a bet­ter record, it’s good to know some­thing. If you want to cut an in­cred­i­ble record, you need to have an un­der­stand­ing of the phys­i­cal world and the phys­i­cal laws that gov­ern it. You have to know what the lim­its re­ally are, phys­i­cally and elec- tron­i­cally. So I think it’s a bal­ance of art, sci­ence, and tech­nol­ogy.




How many sides do you cut a day?

DAVID CHEPPA: Some days I’ll do maybe 25 or 30 mas­ters. That’s push- ing it and about the most that I can do. Now, if they’re short, I can do more. I have some that are 25-minute sides, so they take a half-hour to cut, but some­times the prepa­ra­tions are pretty hard. Like when I was do­ing those Sub­lime mas­ters—be­cause I wanted to get it loud, I spent hours pre­par­ing for some­thing that was only go­ing to take a half-hour to cut on each side. But on the short side, on dance records like the 7” sin­gles, I may be able to do four an hour or some­times even more.




That’s as­sum­ing that you don’t have to do any fixes.

DAVID CHEPPA: Yeah, like I said, we can do pre-mas­ter­ing here, but I usu­ally re­serve that for fix­ing prob­lems. I fig­ure I’m go­ing to stick with what we do best. We cut here and we’ll do pre-mas­ter­ing when we need to, but I don’t want to com­pete with the peo­ple that sup­ply us with mas­ters. My goal is to give them some­thing be­yond any­thing they ex­pected on vinyl. In other words, what­ever it takes to get this guy’s record to sound in­cred­i­ble, that’s what I want to do.
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In­ter­view: Dave Collins
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A main­stay at Hol­ly­wood’s A&M Mas­ter­ing for many years, Dave Collins has brought his unique ap­proach to a host of clients, such as Sting, Madonna, Bruce Spring­steen, and Soundgar­den.




What is your phi­los­o­phy on mas­ter­ing?

DAVE COLLINS: The first phi­los­o­phy is like the Hip­po­cratic oath: Do no harm. The client is in­vest­ing a tremen­dous amount of trust in the mas­ter- ing en­gi­neer when he gives you the tape and ex­pects it to sound bet­ter than it did when he brought it to you. I per­son­ally think ex­pe­ri­ence is as valu­able as equip­ment in a large sense be­cause af­ter you’ve done it for 10 or 20 years, you’ve heard al­most ev­ery­thing that can pos­si­bly go wrong and go right on a mix. So you can, in one re­spect, quickly ad­dress peo­ple’s prob­lems.




To­day we are in kind of a funny sit­u­a­tion be­cause the def­i­ni­tion of mas­ter­ing has be­come a lit­tle di­luted, in my opin­ion. An L1 plug-in does not a mas­ter­ing en­gi­neer make. Just be­cause it says “Mas­ter­ing” on the box and there is a pre­set called “Rock & Roll” in it, that’s not what it’s all about. When a guy writes a book, he doesn’t edit the book him­self. He sends it off to an ed­i­tor, and the ed­i­tor reads it with a fresh set of eyes, just like a mas- ter­ing en­gi­neer hears it with a fresh set of ears.




Ev­ery so of­ten I’ll have a client that I work with all the time, and his bud­get is gone by the time he’s ready to mas­ter. And so he says, “Well, I’ll go in the stu­dio and I’ll hook up a Massen­burg EQ to my two-track and I’ll do a lit­tle equal­iza­tion, and I’ll put a com­pres­sor of some type on the out­put of it.” But he’ll ul­ti­mately call back and say, “Well, I don’t know what I’m do­ing here. I’m just mak­ing it sound worse.”
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And that’s kind of anal­o­gous to some guy try­ing to edit his own writ- ing. It is the im­par­tial ear that you get from your mas­ter­ing en­gi­neer that is valu­able. All this equip­ment and new tech­nol­ogy that we’ve got is a great thing, but you’re re­ally ask­ing for some­one who has never heard the record be­fore to hear it for the first time fresh.




When I lis­ten to a record I’ve never heard be­fore, I don’t know that the gui­tar player was fight­ing with the singer through the whole ses­sion, or ev­ery­one hated each other by the time the record was done, or what­ever po­lit­i­cal bull­shit en­tered into the equa­tion. I just lis­ten to the sound that comes out of the speak­ers and take it from there.




What dis­tin­guishes a great mas­ter­ing en­gi­neer from some­one who is merely good or com­pe­tent?

DAVE COLLINS: It’s prob­a­bly two things. The best mas­ter­ing en­gi­neers have a sen­si­bil­ity to the widest range of mu­sic. And I think some mas­ter- ing en­gi­neers get kind of pi­geon­holed into a cer­tain style of mu­sic—“Oh, you’ve got to take your rap record to stu­dio X and you have got to take your gui­tar/pop record to stu­dio Y”—and I don’t re­ally sub­scribe to that. I think the best mas­ter­ing en­gi­neers un­der­stand a wide range of mu­sic.
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and un­der­stand that. So hav­ing aes­thet­ics for a wide range of mu­sic is prob­a­bly a fun­da­men­tal skill.




Sec­ondly, I would say that hav­ing a tech­ni­cal back­ground, es­pe­cially these days, cer­tainly doesn’t hurt be­cause both record­ing and mas­ter­ing now are far more com­pli­cated than ever be­fore. The palate of sig­nal pro- cess­ing that you have to­day is enor­mous, both in ana­log and dig­i­tal, and it is grow­ing all the time. Un­for­tu­nately, only one per­cent of all the gear that is out there is re­ally op­ti­mized for mas­ter­ing. Mas­ter­ing is a re­ally small mar­ket, and only a cou­ple of com­pa­nies re­ally build stuff for mas­ter­ing.

TC [Elec­tronic] will tell you that some of these boxes are made just for mas­ter­ing, but they re­ally aren’t.




Yeah, you don’t see many pieces.

DAVE COLLINS: I ac­tu­ally use one of their boxes, called the dB Max, which is de­signed to be a ra­dio sta­tion pro­ces­sor and is not even de­signed for mas­ter­ing. If you spend a lit­tle time fool­ing around with it, it ac­tu­ally works great.




What does it do?

DAVE COLLINS: It’s a great de-esser and it’s a re­ally good lim­iter. The Waves L2 is a bet­ter peak lim­iter, but we still use this TC box, which has a mil­lion dif­fer­ent func­tions, just for de-es­s­ing. Peo­ple kind of look at it
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side­ways when they come in be­cause it sort of looks like a Fi­nal­izer, but it’s a good box.




It does some other things that are handy too. It will make com­pat­i­ble mono, if you have a mix that doesn’t sum to mono prop­erly. It has a 90- de­gree phase shift that you can in­tro­duce to the sig­nal that will stop ele- ments of the mix from can­cel­ing out in mono. I have done that when we’ve sent stuff over­seas for mu­sic videos, where stereo TV au­dio is not as pop­u­lar as it is in the US. So mak­ing a good com­pat­i­ble mono pro­gram is some­times use­ful.




How im­por­tant is mono to you, and do you lis­ten that way of­ten?

DAVE COLLINS: I al­ways check in mono, and I think mono is very im­por­tant. One thing that is over­looked some­times is the fact that the sig- nal on your FM ra­dio be­comes in­creas­ingly mono as the sig­nal strength de­creases, so it is im­por­tant to check mono.




One thing that hap­pens af­ter I’ve lis­tened for a long time, I can tell by how phasey it sounds to me in stereo if it’s go­ing to sum to mono. And once I get a cer­tain amount of that eyes-sort-of-cross­ing feel­ing, I can pretty much tell that it is not go­ing to sum to mono. But yes, we al­ways check for com­pat­i­bil­ity. I’ve cer­tainly had mix­ers come in with stuff, and I’d say, “Man, that is some wide-ass stereo you got go­ing there. How does it sound in mono?” And the guy goes, “I don’t know. How does it sound in mono?” And of course you put it in mono, and now one of the gui­tars has dis­ap­peared. So, it’s an is­sue, but prob­a­bly less im­por­tant as time goes on. But I think it’s still sig­nif­i­cant.




Can you hear the fi­nal prod­uct in your head when you first run through a song? Do you know where you are go­ing with it be­fore you go there?

DAVE COLLINS: No, not al­ways. And in fact, I fre­quently go down a dead end EQ or pro­cess­ing wise. There are some styles of mu­sic that I will in­trin­si­cally get faster be­cause the sonic pre­sen­ta­tion is pretty stan­dard­ized in a lot of ways. So, there are times when I can hear 90 per­cent of what it is ul­ti­mately go­ing to sound like im­me­di­ately when I put it up, and there are other times when you go around in a big cir­cle.




I guess when we were talk­ing about the phi­los­o­phy of mas­ter­ing, what I should have added was, one of the hard­est things—and it took me for- ever to get this—is know­ing when to not do any­thing and leave the tape alone. As I have gained more ex­pe­ri­ence, I am more likely to not EQ the tape or just do tiny, tiny amounts of equal­iza­tion. I think some peo­ple feel like they re­ally have to get in there and do some­thing. They re­ally have to put their stamp on the tape some­how.
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I don’t re­ally care about that. I only care that the client is happy and he comes back. I don’t re­ally feel that I need to put any par­tic­u­lar per­son­al­ity on it. And hey, if the tape sounds good, let it sound good. To back­track on the whole philo­soph­i­cal as­pect, I am a fa­natic about be­ing able to re­pro­duce the mas­ter tape prop­erly. I’ve built an en­tirely cus­tom ana­log tape play- back sys­tem to get ev­ery bit of in­for­ma­tion and mu­sic off the client’s tape to be­gin with, and what I have found is as I op­ti­mized that sys­tem, I have to EQ less. The mu­sic will re­quire less EQ as you im­prove your chain.




Some­times peo­ple are fight­ing their own elec­tron­ics. They have a piece of gear in the sig­nal path that sounds dark, for in­stance. Now, sud­denly, you must com­pen­sate with equal­iza­tion at some other place. As I got my sys­tem di­aled in, I found that I EQ less than I did 10 years ago.




What is your sig­nal chain?

DAVE COLLINS: I used to work in elec­tron­ics be­fore I got into au­dio, so I had some back­ground in ana­log en­gi­neer­ing. It started by find­ing things that sounded good—like say an ATR-100, which ev­ery­body likes—and do­ing some mod­i­fi­ca­tions and op­ti­miza­tions of the cir­cuitry. Some of these are due to the fact that when the ATR was built, some of these com- po­nents and tech­nolo­gies just didn’t ex­ist in the mid ’70s, and to­day they do. So we can bring some of it up to date.

www.STheotalpue ptliaoybanckMsystaemnthuat aI uls.e innowfios a half-tube, half-tran­sis­tor sys­tem that sounds great. I have had a lot of peo­ple come in and re­ally be sur­prised at what was on their tape that they didn’t hear in the stu­dio be­cause you’re re­pro­duc­ing it in a much more res­o­lute, much more accu- rate way. More of­ten than not they’re hear­ing things that they like that they didn’t hear in the stu­dio.




But my phi­los­o­phy is, op­ti­mize ev­ery inch of the chain and re­ally get it as clean and as pure as you can, be­cause you can al­ways screw it up some other way. You can al­ways dis­tort it or do what­ever you want to do. But if you don’t start with some­thing that is clean and trans­par­ent, that al­ways ham­pers you. You have to be­gin there.




Do you do many ana­log ver­sus dig­i­tal shootouts?

DAVE COLLINS: Not many, but when a client mixes to 1/2” and DAW and he brings in both, and we do a very care­ful level-matched A/B be­tween the two sources, when­ever the DAW wins, it is be­cause they couldn’t set up their 1/2” ma­chine right, in my opin­ion. A prop­erly aligned 1/2” ma­chine should al­ways be a given, but these days it’s kind of a lost art. I get stuff where the az­imuth is on the moon, and they ob­vi­ously haven’t put an MRL tape up on the ma­chine for 20 years.
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Are you get­ting any­thing in that is recorded at a higher sam­ple rate?

DAVE COLLINS: Yes, it sounds ter­rific, but when we do blind tests on 48k ver­sus 96k, no one can con­sis­tently hear the dif­fer­ence. Ev­ery­one loves the sound of 96k when you’re sit­ting there and you know what po­si­tion the switch is in, but—at least in our tests, which used ana­log tape as the source—no one could con­sis­tently tell whether it was 88.2 or 44.1.




I’m not con­vinced ei­ther.

DAVE COLLINS: Well, it’s tech­no­log­i­cally a funny ques­tion be­cause I guar­an­tee if you like 96k bet­ter, it is not be­cause you are hear­ing to 48k. Our hear­ing has not evolved an­other oc­tave of range just be­cause 96k is be­ing mar­keted. What it does do, and it is kind of an ar­cane tech­ni­cal point, is re­lax the anti-alias and anti-imag­ing fil­ter re­quire­ments by half so you need half as much fil­ter­ing at 96k for the same band­width. But to me these tests are a lit­tle hard un­less you had a band set up live on the floor and took the sig­nal right off a mic preamp or some­thing like that. I’m

sure that would be a more ac­cu­rate test of 96k. I mean, when we use 1/2”, I can see that there is some slight ul­tra­sonic in­for­ma­tion present on the tape. But so far as we’ve been able to tell, I don’t re­ally hear any sig­nif­i­cant dif­fer­ence.




The av­er­age per­son is not go­ing to hear it.

DAVE COLLINS: That is some­thing that we def­i­nitely have cried in our beer about be­cause my mom can tell the dif­fer­ence be­tween stereo and 5.1, but I can get a room full of pro­fes­sional au­dio en­gi­neers, and we can barely hear the dif­fer­ence be­tween 44 and 88k. So you have to be care­ful from a mar­ket­ing point of view where this stuff goes be­cause the au­dio- phile mar­ket is like one tenth of one per­cent of the to­tal au­dio sold, and it’s a strange world to be in. I’d rather present com­pelling mul­ti­chan­nel stuff at 44k.




I re­ally wanted to like 96k be­cause, from a tech­ni­cal point of view, there are some in­ter­est­ing things that can be done with it, and it just gives you twice as much room to work from a pro­cess­ing point of view. But when we tried to do blind tests—I’ve done it twice now, once with the Prism gear and re­cently with the dB Tech­nolo­gies gear—the re­sults were sta­tis­ti­cally about the same as flip­ping a coin.




What con­vert­ers are you us­ing?

DAVE COLLINS: We’re us­ing dB Tech­nol­ogy A/Ds, and for 96k I’m us­ing the dB Tech­nol­ogy D/A. For 44.1 I’m us­ing one I built my­self based on Ul­tra Ana­log com­po­nents. We just went through a big shootout of all these con­vert­ers and tried the HDCD, DCS, Prism, dB, and Mytech. It’s funny, the Prism and the dB Tech­nolo­gies sound al­most iden­ti­cal. I mean, we were just pulling our re­main­ing hair out to hear the dif­fer­ence. But ul­ti­mately, when you com­pare it to the 1/2” tape, the dB was ever so
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slightly closer to the mas­ter tape. If I didn’t have the mas­ter source to com- pare to, I would not have been able to tell you one was bet­ter than the other. If some­body just gave me a CD that had two tracks on it, and I didn’t have the mas­ter to re­fer back to, I could not have told you. They are both good prod­ucts.




What is the hard­est thing that you have to do? Is there one type of op­er­a­tion or mu­sic that is par­tic­u­larly dif­fi­cult for you?

DAVE COLLINS: Well, the hard­est thing to do is a com­pi­la­tion al­bum. These “Very Spe­cial Christ­mas” al­bums are a good ex­am­ple, where you have 13 songs with 13 pro­duc­ers and 13 en­gi­neers and, in some cases, 10 dif­fer­ent mix for­mats. Those are the hard­est, just from a strictly sonic point of view, to try to get any con­sis­tency to.




Sec­ond to that is work­ing on projects that have a “too many cooks and not enough chefs” con­di­tion, where you’ve got a lot of peo­ple kind of breath­ing down your neck and a lot of peo­ple with dif­fer­ent, usu­ally con- tra­dic­tory, opin­ions. Some of those projects—and usu­ally they are your ma­jor-name artists—can be a lit­tle prob­lem­atic be­cause you have so much in­put and ev­ery­one is try­ing to pull you in a dif­fer­ent di­rec­tion at once, so that can be a lit­tle nerve wrack­ing. But it’s all in a day’s work.




[image: image]What do you en­joy the most?

DAVE COLLINS: The day af­ter the ses­sion, when the client calls and tells you ev­ery­thing sounds great and, “I can’t be­lieve how good my CD sounds. I had no idea my mixes sounded that good.” Se­ri­ously, they do come. That’s the best, when I have some­one who re­ally got what I was do­ing and re­ally got what my room is able to pro­duce. It’s not ev­ery ses- sion, of course, but those are good calls to get.




What are you us­ing for mon­i­tors?

DAVE COLLINS: Presently I’m us­ing Gen­e­sis 500s for the mains and Quested 108s for the minis. The mains are soon to be changed to B&W 802.




They seem to be pop­u­lar these days.

DAVE COLLINS: It’s a good speaker. I never liked the old B&W 801s. This new one is re­ally amaz­ing. I don’t find much to crit­i­cize in it other than it is bloody ex­pen­sive.




The 801s seem to be the clas­si­cal stan­dard, both for record­ing and for mas­ter­ing.

DAVE COLLINS: They were. I’ve heard them many places and I never re­ally un­der­stood why. It’s like say­ing my car only turns right. What good is a speaker that only works on clas­si­cal mu­sic? That means it’s not accu- rate. You mean it won’t play a kick drum?
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Tell me more about your sig­nal chain.

DAVE COLLINS: The ana­log sig­nal path is a Studer 820 used just as a trans­port. We use a Flux-Mag­net­ics play­back head that’s con­nected to the out­board tape play­back elec­tron­ics that we talked about be­fore that is a half-tube, half–solid state. That feeds an all-cus­tom ana­log con­sole.

Ba­si­cally, the tape ma­chine feeds some pas­sive at­ten­u­a­tion, and from there I’ve got a cus­tom EQ that we use.




I’ve got a Prism ana­log EQ, a Man­ley Vari­able-Mu com­pres­sor, and a heav­ily mod­i­fied SSL con­sole com­pres­sor.




That thing is great. I was just telling some­body at lunch to­day that if you take a Man­ley Vari-Mu and an SSL com­pres­sor and have those in your con­sole, that cov­ers an enor­mous range of dy­namic pos­si­bil­i­ties. You’ve got the kind of in-your-face ner­vous sound that an SSL can give you, which is some­thing that peo­ple re­spond to very well, and then you’ve got the Man­ley, which is much more po­lite. The Man­ley has some sort of magic fea­tures to it; just run­ning stuff through it sounds good. It is proba- bly phase shift and dis­tor­tion, but it sounds good. And we’ve got a Waves L2 lim­iter (se­rial num­ber 0) and a dB Tech­nol­ogy A/D con­verter. I also use that TC dB Max that we dis­cussed.




Ba­si­cally what I do is A/D con­vert the out­put of the con­sole, and then from there we’ll do maybe a tiny bit of EQ. I’ve got one of those Weiss dig- ital EQs, which is a won­der­ful box, but to me, if you’ve got good ana­log EQ, it’s re­ally hard to beat it dig­i­tally. But some­times for a few touchups here and there, I think it’s very valu­able.




As far as lim­it­ing, a dig­i­tal lim­iter is just far su­pe­rior to any ana­log lim- iter. You just can’t get ana­log to do the things you can do in dig­i­tal. And with to­day’s kind of stupid dB level war that you have to fight, you’re just skirt­ing the hairy edge of dis­tor­tion ev­ery step of the way. I mean, to get a CD to the level of the loud­est CDs to­day, it re­ally re­quires kind of tip­toe- ing around dis­tor­tion.




I never would’ve thought that we would be cut­ting CDs at this level. It’s to the point where a large amount of our day is op­ti­miz­ing the gain struc- ture in the con­sole and check­ing what kind of lim­iter you’re go­ing to use and how you’re go­ing to use it just to get the CD as loud as you pos­si­bly can. I don’t get it. I have to play the game be­cause if you want to stay in busi­ness, you’ve got to com­pete on ab­so­lute level, but it’s re­ally a hor­ri­ble trend. I wish all mas­ter­ing en­gi­neers would speak out about this be­cause it sucks.
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I buy records that I re­ally want to lis­ten to, and they are so fa­tigu­ing.

It’s im­pos­si­ble to get that amount of den­sity and vol­ume on a CD and not make you want to turn it off af­ter three songs. I don’t know how to put it in print in a diplo­matic way, but when you get mas­ter­ing en­gi­neers to­gether and you get a cou­ple of beers in them, they’ll all agree that CDs are too loud. We hate it and wish we didn’t have to do it, then it’s right back to work on Mon­day and squeeze the shit out of it all over again.




Part of the prob­lem is ev­ery­thing gets squeezed to death even be­fore you get it. DAVE COLLINS: I have a client that says be­fore he sends the client home with a CD-R, he has to run it through some kind of com­pres­sor, lim­iter, Fi­nal­izer, you name it, just for their take-home copy, or the artist doesn’t re­spond to it.




[image: image]My joke about this is the whole prob­lem started when they came out with multi-disc CD chang­ers. Be­cause be­fore, by the time you took the one CD out and put the new CD in, you for­got what the vol­ume was on the last one. If you had to ad­just the vol­ume con­trol, no prob­lem. But now when you’ve got the six-disc changer, one CD comes on and it’s 10 dB qui- eter than the last one, and this next one comes on and it blows your head off, it’s a prob­lem. I don’t know what the an­swer is. The fright­en­ing part to me is when we’re right at the thresh­old of a 24-bit home for­mat, we’re still prob­a­bly go­ing to squeeze it into the top of its dy­namic range. I hope we don’t be­cause I would love to hear some of these new DVD au­dio re­leases ac­tu­ally us­ing the avail­able dy­namic range. No­body uses any of the avail- able 16-bit dy­namic range as it is.




In mix­ing, if you don’t squash it, the client isn’t happy.

DAVE COLLINS: It’s true. And be­lieve me, it’s the same way in mas­ter­ing. When I get it to where I’m al­most un­com­fort­able with the amount of pro- cess­ing I’m do­ing, the client re­sponds to it and loves it.




Do you cut lac­quers?

DAVE COLLINS: We still have one lathe set up. Ev­ery year we get to­gether and say, “Well, this will be the year when we pack the lathe up and sell it or put it in stor­age.” And ev­ery year there’s just a lit­tle bit more work than the last, and it’s frankly enough to keep us in busi­ness with lac­quers.




Lac­quers are funny. You have three types of clients. You’ve got the guy who can’t af­ford to make CDs and can press a white-la­bel 45 for 30 cents. You’ve got the to­tal high-end bou­tique client who wants to put out 50,000 copies of his new record on vinyl be­cause it’s cool. And then you’ve got a DJ who just wants to take a 12” lac­quer to play in a club. They bring in a CD, and you ba­si­cally give them a flat con­stant pitch trans­fer to a lac­quer so they can scratch on it in a club.
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Do you cut your­self?

DAVE COLLINS: I have, but not re­ally. I have to say, cut­ting is re­ally fun in a sense be­cause it’s a skill. Cut­ting a loud record is very dif­fi­cult and it re­quires an enor­mous bal­anc­ing act of physics and son­ics. Any id­iot can make a loud CD, but not any id­iot can make a loud record. And in a way, I miss it a lit­tle bit. But I guess I re­ally don’t be­cause all the phys­i­cal limita- tions of a record are gone on the CD, and no­body ever wor­ries about the laser jump­ing out of the groove.




Do you ever have to use ef­fects? Any­body ever ask you to add re­verb? DAVE COLLINS: Oh, sure. We’ve done a lot of sound­track mas­ter­ing at A&M, and it’s very com­mon to add a touch of re­verb at the fi­nal stage.

Gen­er­ally, you won’t want to add re­verb to a whole pop mix be­cause it gets too washy. But five times a year, I bring up an Even­tide DSP4000 be­cause I want to flange the whole mix like you hear on that Lenny Kravitz track, where the whole thing goes through a flange and you cut it back into the reg­u­lar track. And some­times we’ll go to the tele­phone lim­ited band­width kind of sound for a mea­sure or two and back again, or some­thing like that.




But gen­er­ally speak­ing, I hope that by the time the record gets to mas- ter­ing it doesn’t need ef­fects. But I’ve done things like over­dubbed vo­cals in the mas­ter­ing room be­fore. I’ve over­dubbed gui­tar so­los in the mas­ter- ing room too. Live, right to the mas­ter. I re­mem­ber the last time we were do­ing vo­cals, the guy was like, “So, what kind of cue mix are you gonna send me?” I said, “I’m gonna turn the level down low on these speak­ers, and you can lis­ten to it and you’re gonna sing. How’s that?” It does hap- pen, but for­tu­nately not of­ten.




When you have to add ef­fects, what box do you use?

DAVE COLLINS: Well, for re­verb, I like the old Lex­i­con 300. I think if you get into the pa­ram­e­ters on that thing and spend some time with it, it’s re­ally a good box. For gen­eral pur­pose, I think that Even­tide Orville has just got some great pro­grams in it. When­ever I need to flange some­thing or add some weird slap-back to a sec­tion or some­thing, I al­ways reach for that be­cause it’s got a dig­i­tal I/O.




Do you ever have to do some­thing where some­body cuts the heads or tails off and you have to fix it?

DAVE COLLINS: Oh yes, some­times you’ll have to add a lit­tle re­verb at the end just to give you some­thing to fade over. I gen­er­ally try to cau­tion peo­ple, don’t trim it too tight be­cause it’s a lot eas­ier to take it off than it is to put it back.
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What do you think the mas­ter­ing house of the fu­ture is go­ing to look like? DAVE COLLINS: I think it’ll look fun­da­men­tally the same as it has al­ways looked be­cause the ba­sic re­quire­ment for ac­cu­rate mon­i­tor­ing in an accu- rate acous­ti­cal space will never change. It will al­ways have rec­og­niz­able ele- ments of it.




The mas­ter­ing house of the fu­ture will have at least five loud­speak­ers. The mas­ter­ing house of the fu­ture will have much more dig­i­tal pro­cess­ing, and there will be a much wider pal­ette of dig­i­tal pro­cess­ing to choose from. I’m sure you’re go­ing to walk in, and it’s go­ing to look like the bridge of the En­ter­prise, but the ba­sic re­quire­ments of good acous­tics and good mon­i­tor­ing will al­ways be there. That’s one thing that will al­ways stay the same.



.

CHAP­TER 20
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In­ter­view: Bernie  Grund­man
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One of the most widely re­spected names in the record­ing in­dus­try, Bernie Grund­man has mas­tered lit­er­ally hun­dreds of plat­inum and gold al­bums, in­clud­ing some of the most suc­cess­ful land­mark record­ings of all time, such as Michael Jack­son’s Thriller, Steely Dan’s Aja, and Ca­r­ole King’s Ta­pes­try. A main­stay at A&M records for 15 years be­fore start­ing his own fa­cil­ity (Bernie Grund­man Mas­ter­ing) in 1984, Bernie is cer­tainly one of the most cel­e­brated mas­ter­ing en­gi­neers of our time.




Do you have a phi­los­o­phy on mas­ter­ing?

BERNIE GRUND­MAN: Well, I think that mas­ter­ing is a way of max­i­miz- ing mu­sic to make it more ef­fec­tive for the lis­tener, as well as maybe maxi- miz­ing it in a com­pet­i­tive way for the in­dus­try. It’s the fi­nal cre­ative step and the last chance to do any mod­i­fi­ca­tions that might take the song to the next level.




There are a cou­ple of fac­tors that come into play when we’re try­ing to de­ter­mine how to mas­ter a record­ing. Most peo­ple need a mas­ter­ing engi- neer to bring a cer­tain amount of ob­jec­tiv­ity to their mix, plus a cer­tain amount of ex­pe­ri­ence. If you [the mas­ter­ing en­gi­neer] have been in the busi­ness awhile, you’ve lis­tened to a lot of ma­te­rial and you’ve prob­a­bly heard what re­ally great record­ings of any type of mu­sic sound like. So, in your mind, you im­me­di­ately com­pare it to the best ones you’ve ever heard. You know—the ones that re­ally got you ex­cited and cre­ated the kind of ef­fect that pro­duc­ers are look­ing for. If it doesn’t meet that ideal, you try to ma­nip­u­late the sound in such a way as to make it as ex­cit­ing and ef­fec­tive a mu­si­cal ex­pe­ri­ence as you’ve ever had with that kind of mu­sic.




Now, you can only go so far. Mas­ter­ing has cer­tain lim­i­ta­tions. You can’t com­pletely change the mix, but you can cer­tainly af­fect it a lot. Some­times you can af­fect it dra­mat­i­cally—so much that it re­ally be­comes much more en­gag­ing mu­si­cally for the lis­tener. And if some­body brings in
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some­thing that’s bet­ter than what you’ve heard, you have to be open enough and sen­si­tive enough to let that mu­sic af­fect you. So you have to re­ally be will­ing to ad­mit some­times that, “Hey, this is ac­tu­ally bet­ter than any­thing I have ever heard be­fore.” All it means is that you have a new ideal.




So, I think one of my big­gest philoso­phies is that the mu­sic re­ally has to tell you where to go. What that mon­i­tor is telling you is the truth, as long as you have a good mon­i­tor. You ma­nip­u­late the song in one di­rec­tion and you go, “No. Now the mu­sic is ag­gra­vat­ing me. I’m not get­ting as good an ex­pe­ri­ence.” In­stead of the things that are sup­posed to con­trib­ute to the ef­fec­tive­ness of the mu­sic, you’re hear­ing all the el­e­ments of the mix get- ting ob­scured and muddy when you’re ma­nip­u­lat­ing the sound. You have to be aware of that, and be aware of the el­e­ments that are im­por­tant to make that thing ef­fec­tive. It’s one of those back-and-forth kind of things.




In the end you re­ally have to be sen­si­tive to whether you’re re­ally mak- ing it bet­ter, rather than just some in­tel­lec­tual pur­suit where it’s as bright or as loud as some­body else’s. That’s not re­ally a great cri­te­rion for a musi- cal ex­pe­ri­ence. The real ques­tion is whether it’s re­ally com­mu­ni­cat­ing bet- ter mu­si­cally? Emo­tion­ally? And I think that’s some­thing that all mas­ter­ing en­gi­neers strug­gle to open them­selves up to—whether or not this ma­nipu-


wwwla.tiSon ois rleuallytigooinng iMn thae dnireuctioan lth.aitn’s bfeone­fi­cial for the prod­uct.


What about the in­ter­ac­tion with the client?

BERNIE GRUND­MAN: Yes, you have to in­ter­face with the pro­ducer or the artist too, be­cause they might have a vi­sion that may be slightly dif­fer­ent than where you in­tu­itively want to take it. They might want to em­pha­size some as­pect of the mu­sic that you may not have no­ticed. So a lot of it is def­i­nitely trial and er­ror on your part, but it’s also give and take be­tween the pro­ducer and the artist be­cause you can’t sit there and ar­ro­gantly think that you know where this record­ing ought to go and that they don’t.




Not that you shouldn’t sug­gest things, be­cause more of­ten than not, the pro­ducer will say, “Yeah, I like where you’re go­ing with it. You’re mak­ing it bet­ter than it ever was.” Hope­fully you get that kind of re­sponse. And then some­times they’ll have com­ments like, “Yeah, I like that part, but it’s hurt- ing this other part of the mu­sic. When you’re push­ing it here, it’s hurt­ing it over there.” Or, “This is an el­e­ment that I don’t want to lose.” It’s all a learn­ing process. I al­ways say that we’re all try­ing to get to the same place, but we’re just try­ing to fig­ure out how to get there. We want to get the best mu­si­cal ex­pe­ri­ence and be com­pet­i­tive.




So we’ve got all of these as­pects that we’re kind of strug­gling to maxi- mize, and some­times it takes two or three passes be­fore it’s right. They take it home, lis­ten to it, and say, “No, let’s try to get a lit­tle more of this out.”
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Or, “Can we do this or that?” You try to do the best you can, but mas­ter­ing is usu­ally a lit­tle bit of a com­pro­mise in a lot of cases.




Can you hear the fi­nal prod­uct in your head when you first run some­thing down?

BERNIE GRUND­MAN: Well, you do get ideas. If you’ve been in it awhile and you’ve heard a lot of things, then you know where to go. Like if you put on a rap record, you know that it’s very rhythm-ori­ented and it has to be re­ally snappy and punchy on the bot­tom end. You know that some of the el­e­ments are re­ally im­por­tant and that this kind of mu­sic seems to feel bet­ter if it has them.




Or they may have had a mon­i­tor­ing sys­tem that had a lot of bot­tom end, and the tape comes out bot­tom-light as a re­sult, but they thought they had it right. That’s why prob­a­bly the sin­gle most im­por­tant piece of equip­ment that a mas­ter­ing en­gi­neer can have is his mon­i­tor, and he has to un­der­stand that mon­i­tor and re­ally know when it’s where it should be. If you know the mon­i­tor and you’ve lived with it for a long time, then you’re prob­a­bly go­ing to be able to make good record­ings. The only prob- lem with that is, if the mon­i­tor is some­thing that is a lit­tle bit es­o­teric and only you un­der­stand it, it’s very in­se­cure for the pro­ducer or the artist be­cause they don’t think it’s there, and you have to re­as­sure them all the time. That hap­pened to me when I first worked at A&M and I had a moni- tor sys­tem where I knew what it should sound like, but it was re­ally kind of wrong for ev­ery­one else. They had to trust me—and they did, but I could see them get re­ally in­se­cure and con­cerned. So in my stu­dio I’ve gone to great lengths to make it a very neu­tral sys­tem that ev­ery­one can re­late to.




What are you us­ing?

BERNIE GRUND­MAN: We put it to­gether our­selves. We build our own boxes and crossovers, and we use all Tan­noy com­po­nents. We have it all mixed in with dif­fer­ent el­e­ments that we feel are go­ing to give us the best sound. It’s not that we’re go­ing for the big­gest or the most pow­er­ful sound; we’re go­ing for neu­tral be­cause we re­ally want to hear how one tune com- pares to the other in an al­bum. We want to hear what we’re do­ing when we add just a half dB at 5k or 10k. A lot of speak­ers nowa­days have a lot of col­oration and they’re kind of fun to lis­ten to, but boy, it’s hard to hear those sub­tle lit­tle dif­fer­ences. We just use a two-way speaker sys­tem with just one woofer and one tweeter so it re­ally puts us in be­tween near-fields and big sof­fited mon­i­tors.




Do you use only that one set or do you use near-fields as well?

BERNIE GRUND­MAN: We have some NS10s and some lit­tle Ra­dio Shack cubes. These are things that a lot of peo­ple around town like to hear what it’s go­ing to sound like on. Usu­ally if you can get it sound­ing good on our main sys­tem, it’s just that much bet­ter on the other ones.
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When you’re pro­cess­ing, are you do­ing that prior to go­ing into the work­sta- tion? Are you do­ing that in the ana­log or the dig­i­tal do­main?

BERNIE GRUND­MAN: We do a lot of our pro­cess­ing ana­log. A lot of times we’ll put it right on the com­puter al­ready EQed and pro­cessed. Some­times we don’t. It de­pends on the project. Some of the stuff I’ll put on the com­puter and then I’ll run it through the board.




Is your con­sole cus­tom built?

BERNIE GRUND­MAN: Yeah, we build our own equip­ment. It’s built mostly as an in­te­grated sys­tem to avoid a lot of ex­tra elec­tron­ics and isola- tion de­vices and so forth. When you buy most pieces of au­dio equip­ment, each one has its own iso­la­tion trans­form­ers or elec­tron­i­cally bal­anced out- puts, or how­ever they ar­rive at a bal­anced out­put. But when we buy out- board equip­ment, we com­pletely re­build it and put all of our own line amps in and take out the trans­form­ers or the ac­tive trans­form­ers. You’d be amazed at how much bet­ter they sound as a re­sult.




We have all sep­a­rate power to each one of our rooms and a very elabo- rate ground­ing setup, and we’ve proven to our­selves that it helps time and time again. We have all cus­tom wire in the con­sole. We build our own power sup­plies as well as ev­ery­thing else—the equal­iz­ers, ev­ery­thing.
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BERNIE GRUND­MAN: Yes, it takes about three to four months to build a

con­sole. Some­times six months. We built one for our stu­dio in Japan that’s a 5.1 six-chan­nel board. We had to de­sign it spe­cially so that we could go from two-chan­nel or six-chan­nel with just a push of a but­ton.




Are you go­ing to do sur­round sound?

BERNIE GRUND­MAN: Japan is run­ning 5.1 just for DVD-Video. We have a room that’s des­ig­nated for it here, and we’re build­ing a sec­ond six-chan- nel board that will go in there.




What are you go­ing to use for sub­woofers?

BERNIE GRUND­MAN: We’re us­ing two Van­der­steins, one on ei­ther cor- ner of the room up front on ei­ther side. The five main chan­nels are all full- range speak­ers.




Do you still cut lac­quer?

BERNIE GRUND­MAN: Oh yes, we sure do. In fact, I’m go­ing to be cut­ting lac­quers all af­ter­noon. We have one room where we cut all of our lac­quers now. We used to have lathes in ev­ery room in our old stu­dio, but we fig- ured there would be less vinyl work in the fu­ture, so now we have just one room that has two lathes in it.




One of the lathes is for the au­dio­phile guys and it’s got all tubes. The other one is solid state and has more power for the hip-hop and rap and club stuff. The three key en­gi­neers here all use that same room to cut, and al­most ev­ery day there is some­body cut­ting some­thing. We were very, very sur­prised at how much is still go­ing on in vinyl. I don’t even know where you buy them [records] any­more, but I know they must be around some­where.




There’s one store down on Mel­rose [in Hol­ly­wood] that only has records. BERNIE GRUND­MAN: Well, that might be where they are. But if the la­bels re­ally mer­chan­dised them, they could prob­a­bly sell even more be­cause a lot of kids re­ally like those things.




Most of the stuff we’re do­ing is re­ally high-end au­dio­phile stuff on the tube sys­tem done from the orig­i­nal mas­ters from the late ’50s and early ’60s, or we’re do­ing al­most like promo records, where they’ve got a 12” sin- gle with three or four cuts on there. We’re do­ing more and more cur­rent al­bums too, and they don’t even want to take tunes off to make them fit.

On long CDs, we’re do­ing them on four sides, and they’re putting it on a gate-fold jacket. It’s amaz­ing; if an artist has any no­to­ri­ety at all, they’ll do it on vinyl as well as CD.




How do you think that hav­ing ex­pe­ri­ence cut­ting vinyl has helped you in the CD age?

BERNIE GRUND­MAN: Well, the prob­lem with vinyl is that it has more lim­i­ta­tions than with CDs so it takes a lot more knowl­edge to cut a good vinyl disc than it does to do a CD. With CDs, ex­cept for ar­ti­facts and vari- ous changes that oc­cur in the dig­i­tal do­main, what you get on the moni- tors is very close to what you get on the disc, and you don’t have all the var­i­ous dis­tor­tions that vinyl can come up with. Vinyl has in­ner groove dis­tor­tion and it has track­ing dis­tor­tion be­cause of too much en­ergy in the high fre­quen­cies. But this doesn’t hap­pen on CDs. With CDs, of course, the qual­ity is the same from the be­gin­ning to the end of a CD, which isn’t the case on vinyl. High fre­quen­cies might get a lit­tle brit­tle, but they don’t dis­tort on a CD, whereas they will on vinyl. So there is this whole grab bag of prob­lems with vinyl that you have to con­sider. So part of be­ing a good vinyl-cut­ting guy is know­ing how to com­pro­mise the least.




All of us here have been in the busi­ness awhile and are very ex­peri- enced with vinyl, so we can prob­a­bly get about as much as you can out of it. But they’re harder and harder to cut with the way these dig­i­tal tapes sound. They have all of this en­ergy now be­cause peo­ple don’t have to worry about be­ing con­ser­va­tive on the bot­tom or the top end of a CD. Whereas if you lis­ten to old vinyl discs, you no­tice that they don’t have any­where near the bass or high end that CDs have nowa­days be­cause there
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was a cut­ting lim­i­ta­tion. You just couldn’t play a record back that had too much en­ergy in the high end. That’s why things have got­ten so bright and ag­gres­sive on CDs I think, be­cause now you can get away with it.




Talk about the level wars for a minute.

BERNIE GRUND­MAN: That’s one of the un­for­tu­nate things about the in­dus­try, and it was even that way with vinyl. Ev­ery­body was al­ways try­ing to get the loud­est disk, and then if you got into a new gen­er­a­tion of play- back car­tridges that could track cleaner, they would push it again un­til even those were on the edge of dis­tor­tion. So it didn’t mat­ter if you had bet­ter and bet­ter car­tridges be­cause that just meant that you could go that much louder and get right up to the same amount of dis­tor­tion you were at be­fore. Hope­fully it was louder than your com­peti­tors’ records be­cause that’s a very ba­sic, al­most naive, kind of com­pet­i­tive area that peo­ple can iden­tify.




Usu­ally any­thing that sounds louder gets at least some at­ten­tion. It might not hold up on the long haul, but the main thing that a lot of pro- mo­tion guys want is to at least at­tract at­ten­tion so that it gets a chance. What hap­pens is ev­ery­body is right at that ceil­ing level as high as you can go, so now guys with­out a lot of ex­pe­ri­ence try to make things loud and the stuff starts to sound god-aw­ful. It’s all smashed and smeared and dis-
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Would you have any words of ad­vice for some­body who’s try­ing to mas­ter some­thing them­selves to keep them out of trou­ble?

BERNIE GRUND­MAN: Well, I just don’t think that you should do any- thing that draws at­ten­tion to it­self. Like if you’re go­ing to use a com­pres­sor or lim­iter on the bus, if you use it to the point where you re­ally hear a change in the sound, you’re go­ing a lit­tle too far. You al­ways have the con- so­la­tion of know­ing that the mas­ter­ing en­gi­neer can take it to an­other level any­way, and he’s ex­pe­ri­enced in how to do that.




Some of the au­to­matic set­tings in these things re­ally aren’t as good as they make them out to be. And when you use them, you have to re­al­ize that you’re go­ing to de­grade the sound, be­cause com­pres­sors and lim­iters will do that. It’s just an­other process that you’re go­ing through no mat­ter if it is in the dig­i­tal do­main or ana­log.




This is an­other thing that is very true that I’ve stud­ied for quite a while. Ana­log and dig­i­tal are very, very much alike when it comes to sig­nal pro- cess­ing. If you put an equal­izer in the cir­cuit, even if it’s all in the dig­i­tal do­main, you will hear a dif­fer­ence. If you put a com­pres­sor in the cir­cuit, not even com­press­ing, you will hear a dif­fer­ence, and it will sound worse.
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Do you do all of your pro­cess­ing in the ana­log do­main then?

BERNIE GRUND­MAN: No, we do some pro­cess­ing in dig­i­tal. We do com- pres­sion and lim­it­ing some­times in the dig­i­tal do­main be­cause some of that stuff is pretty good if you use it right. But, our equal­iza­tion is all ana- log be­cause I have yet to find a dig­i­tal equal­izer that is as good.




What are you us­ing for a com­pres­sor?

BERNIE GRUND­MAN: It’s some­thing that we have ac­tu­ally put to­gether. It’s kind of an odd­ball thing, but it works for us.




So you build dig­i­tal gear as well.

BERNIE GRUND­MAN: Yes. We can hy­brid stuff if we want. We could do part of the pro­cess­ing and even do the equal­iza­tion in the dig­i­tal do­main if we felt we had a good equal­izer. Our boards are built to ac­com­mo­date any­thing you want be­cause at some point we con­vert it to dig­i­tal, and af­ter that we can hang more stuff on it.




So the con­soles are dig­i­tal?

BERNIE GRUND­MAN: No, the main con­sole isn’t, but we have out­board equip­ment that we can put in the dig­i­tal chain if we want. We have a whole desk area for dig­i­tal stuff right next to the ana­log con­sole so we could add in dig­i­tal com­pres­sion, lim­it­ing, or equal­iza­tion if we wanted to.




How im­por­tant is mono to you? Do you lis­ten in mono of­ten?

BERNIE GRUND­MAN: No, I very rarely lis­ten in mono. Some­times I do it just to test the phase, but I never lis­ten in mono any­more.




What is the hard­est thing that you have to do?

BERNIE GRUND­MAN: One thing that is re­ally hard is when the record- ing isn’t uni­form. What I mean by uni­form is that all of the el­e­ments don’t have a sim­i­lar char­ac­ter in the fre­quency spec­trum. In oth­ers words, if a whole bunch of el­e­ments are dull and then just a cou­ple of el­e­ments are bright, then it’s not uni­form. And that’s the hard­est thing to EQ be­cause some­times you’ll have just one el­e­ment, like a hi-hat, that’s nice and bright and crisp and clean, and ev­ery­thing else is muf­fled. That is a ter­ri­ble situa- tion be­cause it’s very hard to do any­thing with the rest of the record­ing with­out af­fect­ing the hi-hat. You find your­self dip­ping and boost­ing and try­ing to sim­u­late air and open­ness and clar­ity and all the things that

high end can give you, and so you have to start mod­i­fy­ing the bot­tom a lot. You do the best you can in that sit­u­a­tion, but it’s usu­ally a pretty big com­pro­mise.




If the client just had a bright mon­i­tor sys­tem and ev­ery­thing in the mix was just a lit­tle bit dull, that is easy. It’s al­most like a tone con­trol be­cause you bring the high end up, and ev­ery­thing comes up. But when you have in­con­sis­ten­cies in the mix like that, it’s tough.
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Then there’s some­thing that’s been overly pro­cessed dig­i­tally, where it gets so hard and brit­tle that you can’t do much with it be­cause once you’ve lost the qual­ity, you can’t get it back. If I am start­ing out with some­thing that is re­ally slammed and dis­torted and grainy and smeary, I can maybe make it a lit­tle bet­ter, but the fact that a lot of that qual­ity is al­ready gone is go­ing to hand­i­cap that record­ing. It is never go­ing to be as present as the way some­thing that is re­ally clean can be.




That is part of what gives you pres­ence—when it’s clean. The cleaner it is, the more it al­most sounds like it is in front of the speak­ers be­cause it’s got good tran­sients. Where if it has very poor tran­sients, it just stays in the speak­ers. It sounds like it’s just com­ing out of those lit­tle holes. It doesn’t ever fill up the space be­tween the speak­ers.




Do you have to add ef­fects much these days?

BERNIE GRUND­MAN: No. Some­times if it’s lack­ing spa­tially re­ally badly, we can put the B.A.S.E. [spa­tial pro­ces­sor] unit in. We have a cou­ple of those around, and ev­ery now and then they come in handy be­cause they can give a lit­tle more of an ex­pan­sion to the am­bi­ence. But other than that, we don’t. We al­most never add echo ei­ther, un­less it’s like a clas­si­cal record­ing where there are one or two in­stru­ments. There you can do it, but usu­ally it messes things up if you try to put it on some­thing that is re­ally
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What makes a great mas­ter­ing en­gi­neer as op­posed to some­one who is just com­pe­tent?

BERNIE GRUND­MAN: I think it would be what I was talk­ing about at the be­gin­ning. I think it would be try­ing to get a cer­tain kind of in­ti­macy with the mu­sic. It doesn’t even have to be mu­sic that you like. Mu­sic is a hu­man ex­pres­sion, and you have to be will­ing to open your­self up to wher­ever it is that the artist is try­ing to go with their mu­sic or what­ever he’s try­ing to com­mu­ni­cate. There is no rea­son why you can’t get on that same wave- length, be­cause you’re also a hu­man be­ing, and we’re all ba­si­cally alike. But that is some­times hard to do be­cause you’re not al­ways on so you can’t al­ways do it. It’s like any artist. They are not al­ways on, and they’re not al­ways open to where their in­ter­nal, ba­sic hu­man­ity comes out. And that’s the thing that will com­mu­ni­cate to ev­ery­one be­cause that’s the thing we have in com­mon.




So the real test is if you can re­ally not be a snob, or not have all kinds of pre­con­ceived ideas, and just open your­self up to it and see how the song is af­fect­ing you emo­tion­ally and try to en­hance that. I think that a lot of it is this will­ing­ness to en­ter into an­other per­son’s world and get to know it and ac­tu­ally help that per­son ex­press what he is try­ing to ex­press, only bet- ter. I think that is a big fac­tor when it comes to mas­ter­ing.
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You’re go­ing be­yond the tech­ni­cal, in other words. You’re go­ing to the spir­i­tual.

BERNIE GRUND­MAN: Oh, yes. Be­cause that’s what mu­sic is. My wife is an artist—she’s a painter—and she has the same ex­pe­ri­ence. When she goes in her stu­dio, it’s al­most like it’s not her paint­ing when she’s re­ally on. And any­one that’s played a mu­si­cal in­stru­ment knows that there are these mo­ments when it al­most feels like you’re not do­ing it. You’re in touch with some­thing re­ally greater than you. It’s go­ing through you. It’s a very elu­sive thing and hard to know how to get there. This is part of be­ing con­cerned about how things are af­fect­ing oth­ers rather than just be­ing all wrapped up in your­self.




How long do you think it takes to get to that point?

BERNIE GRUND­MAN: I think it varies. It de­pends on the emo­tional is­sues that peo­ple have—their per­sonal de­fenses and their sense of self- es­teem. Some peo­ple have such low self-es­teem that it’s re­ally hard for them to even ad­mit that there’s a bet­ter way to do some­thing. If a client sug­gests some­thing, they’re very de­fen­sive be­cause they feel that they have to have the an­swers. A lot of en­gi­neers are that way, but mas­ter­ing is more than just know­ing how to ma­nip­u­late the sound to get it to where some- body wants it to go.




We have a dou­ble board here where we can com­pare EQs, and one artist used to sit over there and do an EQ him­self. I would do one on my side and then we would com­pare them to see who wins. Now a lot of engi- neers would be deathly afraid to do that be­cause that would mean that, “God, what if he wins? That means I’m no good.” That’s low self-es­teem. You think that if one thing is off or there’s some­thing that some­body had thought of that you didn’t think of, that means you’re no good. But maybe it’s just how you’re feel­ing that day. There are a lot of other things that you’ve done that are great. Peo­ple have to know that about them­selves.

That one lit­tle thing that might not be right doesn’t mean your whole world is gone.
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In­ter­view: Bob Katz
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Co-owner of Or­lando-based Dig­i­tal Do­main, Bob Katz spe­cial­izes in mas- ter­ing au­dio­phile record­ings of acous­tic mu­sic, from folk mu­sic to classi- cal. The for­mer tech­ni­cal di­rec­tor of the widely ac­claimed Chesky Records, Bob’s record­ings have re­ceived disc of the month recog­ni­tion in Stereophile and other mag­a­zines nu­mer­ous times, and his record­ing of Por­traits of Cuba by Paquito D’Rivera won the 1997 Grammy for Best Latin-Jazz Record­ing. Bob’s mas­ter­ing clients in­clude ma­jor la­bels EMI, WEA-Latina, BMG, and Sony Clas­si­cal, as well as nu­mer­ous in­de­pen­dent la­bels.




What’s your ap­proach to mas­ter­ing?

BOB KATZ: I started very dif­fer­ently from many record­ing en­gi­neers that I know. Num­ber one, I was an au­dio­phile, and num­ber two, I did a lot of record­ing di­rect to two-track. That’s my ori­en­ta­tion. I am a very nat­u­ralis- tic per­son. I work well with rock & roll and heavy metal, but the sound and tonal bal­ance of a nat­u­rally recorded vo­cal or nat­u­rally recorded in­stru­ment is al­ways where my head turns back to. I find that my clients, while they don’t nec­es­sar­ily rec­og­nize nat­u­ral­is­tic re­pro­duc­tion as much as I do, love it when I fi­nally EQ a project and make it sound what I think to be more nat­u­ral.




Now, there are ex­cep­tions. A rock & roll group that wants to have a re­ally big heavy bass, well, I’ll go for that. But, at the same time, I’m more in­clined to­ward projects that sound good when the EQ is nat­u­ral.




Do you think there’s a dif­fer­ence in the way peo­ple mas­ter from ge­o­graphic area to ge­o­graphic area? Do peo­ple mas­ter dif­fer­ently from New York to Nash­ville to LA, for in­stance?

BOB KATZ: Well, there used to be a West Coast sound.
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Do you think there is now?

BOB KATZ: I think that I can iden­tify the prod­uct of Doug Sax and Bernie Grund­man a lot. But if you com­pare a lot of Lud­wig against Doug Sax or Bernie Grund­man, I think you’ll find more sim­i­lar­i­ties than dif­fer­ences, even though they’re on dif­fer­ent coasts.




I think that as the years have gone on, with­out men­tion­ing names, some mas­ter­ing en­gi­neers have suc­cumbed more to the “crush it” cam- paign, while oth­ers are still hold­ing their ground, and when that hap­pens you hear a big dis­tinc­tion be­tween en­gi­neers. But I see that same phe­nom- enon on the West Coast as on the East Coast, as well as else­where. I think it’s more of an in­di­vid­ual mas­ter­ing en­gi­neer in the fact that some of them hap­pen to be lo­cated in the same lo­ca­tion, rather than a city-by-city thing.




What do you think makes a great mas­ter­ing en­gi­neer? What dif­fer­en­ti­ates some­body who’s great from some­body who’s merely com­pe­tent?

BOB KATZ: Great at­ten­tion to de­tail and ex­treme per­snick­ety-ness, stick- to-it-ive­ness, and dis­ci­pline. The de­sire to just keep work­ing at it un­til it’s as good as the sound that you have in your mind, and to keep try­ing dif- fer­ent things if you’re not sat­is­fied. I will bend over back­ward to get some- thing right, even if I have to do it off the clock. Not to say that I don’t charge for my time, but if I make a mis­take or I feel that I could’ve done it
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As good as you have in your mind. Does that mean that be­fore you start a project, you have an idea where you’re go­ing with it?

BOB KATZ: I think that an­other thing that dis­tin­guishes a good mas­ter­ing en­gi­neer from an okay mas­ter­ing en­gi­neer is that the more ex­pe­ri­enced you are, the more you have an idea of how far you can take some­thing when you hear it and pretty much where you’d like to go with it, as op­posed to ex­per­i­ment­ing with 10 dif­fer­ent pieces of gear un­til it seems to sound good to you. That dis­tin­guishes a great mas­ter­ing en­gi­neer from an okay mas­ter­ing en­gi­neer in the sense that you’ll work more ef­fi­ciently that way. That’s not to say that there aren’t sur­prises. We’re al­ways sur­prised to find that, “Gee, this sounds bet­ter than I thought it would,” or, “Gee, that box that I didn’t think would work proved to be pretty good.” And some- times we will of­ten ex­per­i­ment and say, “Let’s see what that box does.” So it’s a com­bi­na­tion of not be­ing so close-minded that you won’t try new things, but hav­ing enough ex­pe­ri­ence to know that this set of tools that you have at your com­mand will prob­a­bly be good tools to do the job be­fore even try­ing it. Also, a real good sense of pitch and where the fre- quen­cies of mu­sic are al­lows you to zero in on fre­quency-based prob­lems much faster than if you have a tin ear.
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It’s hard to be in this busi­ness if you have a tin ear….

BOB KATZ: True, but I know a lot of medium-level peo­ple who get away with­out that de­gree of pre­ci­sion. There is an­other area, and that is the abil- ity to be a chameleon and get along in­cred­i­bly well with all dif­fer­ent kinds of peo­ple from all walks of life. If some­one brings in a type of mu­sic to­ward which I’m not nec­es­sar­ily in­clined, I’ll psych my­self up and do pretty well with it, but I think that there are other peo­ple out there who per­haps do that even bet­ter than I do. So, be­ing a chameleon and be­ing adapt­able and ver­sa­tile is what dis­tin­guishes a great mas­ter­ing en­gi­neer from an okay one.




What’s the hard­est thing that you have to do?

BOB KATZ: Make a silk purse out of a sow’s ear. It’s a lot eas­ier to take some­thing that comes in at an A-mi­nus and turn it into an A-plus than it is to take some­thing that comes in as a B-mi­nus and turn that into an A. That is the hard­est thing I have to do.




The next hard­est thing is to teach my clients that less is more. When they’re pre­par­ing their work to send to me, and also when I’m work­ing on it, we’ll of­ten go in a big cir­cle. I may know in my head that putting three dif­fer­ent com­pres­sors in a row isn’t go­ing to make it bet­ter, but when they sug­gest it, I’ll never refuse their sug­ges­tions. When it’s all done, though, they usu­ally re­al­ize that pass­ing it through less is more. The ex­cep­tion be­ing that Phil Spec­tor kind of ap­proach where you think that more is more, but in that case the pu­rity of the sound is less im­por­tant than the big­ness and the fuzzi­ness and all the other things that it does. That’s not nec­es­sar­ily my kind of sound any­way. I’d rather make some­thing sound re­ally good and clean than good and dirty if I can.




What kind of project do you en­joy the most?

BOB KATZ: Mu­sic that is acous­tic based. That doesn’t mean that they don’t have elec­tric in­stru­ments, but there are mu­si­cians play­ing to­gether, and the mu­sic’s been per­formed all at the same time with few over­dubs. I love those kinds of projects be­cause I can re­ally make them shine.

For­tu­nately, peo­ple seek me out for that stuff, so I tend to at­tract that. It keeps me off the charts, though—darn it.




What makes your job eas­ier?

BOB KATZ: This is al­most be­com­ing a ubiq­ui­tous an­swer, but I have to say that if I get the high­est res­o­lu­tion, high­est sam­ple rate, ear­li­est gen­era- tion, un­cut, unedited by any­one—or if they do cut it, leave the heads and tails alone—ver­sion, then things are eas­ier. Un­for­tu­nately, I get more and more chopped up ma­te­rial these days.
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For in­stance, I did a chil­dren’s record, and Meryl Streep did the voiceover in a num­ber of places. Now, they left her dry so if I needed to add re­verb to put in be­tween sec­tions, I could do pretty much any­thing I wanted. But there were three cuts where they mixed the voiceover with the mu­sic, and when I fi­nally put the CD in, three of the four worked fine in con­text with the songs they came in front of and af­ter. But on the fourth one, the orig­i­nal mix en­gi­neer chose to mix the mu­sic fairly low against the voice and, af­ter she fin­ished talk­ing, brought the mu­sic up to a cer­tain level. When it was put in con­text in the mas­ter­ing against the song be­fore and the song af­ter, the mu­sic was too low but the voice sounded at the right level when placed at the proper level to fit to the cut be­fore.




I was stuck with a prob­lem of the mu­sic be­ing too low. So in my first re­vi­sion I sent to them, I cheated the mu­sic up grad­u­ally af­ter Meryl stops speak­ing, but not enough, be­cause the cheat doesn’t sound as good as if I had got­ten sep­a­rate el­e­ments and had been able to cheat the mu­sic up un­der­neath with­out rais­ing the voice.




[image: image]So, what am I lead­ing to is that you run into cer­tain sit­u­a­tions that are spe­cial or dif­fer­ent. The prob­lem is that many mix en­gi­neers don’t know what is spe­cial or dif­fer­ent. It’s good to con­sult with the mas­ter­ing engi- neer ahead of time, and in this case I would have said, “Send me the ele- ments. Don’t mix it, be­cause when you fi­nally put an al­bum to­gether in

con­text is when you’ll dis­cover that you may need the sep­a­rate el­e­ments.” I think that the fu­ture of mas­ter­ing in­creas­ingly will in­volve some mix­ing.




So you’d be get­ting stems es­sen­tially.

BOB KATZ: More of­ten, and as we move to sur­round, we’re go­ing to be get­ting stems. I think that even two-track mas­ter­ing will start mov­ing into stems if we can ever stan­dard­ize on a mul­ti­track for­mat.




If you get pro­gram ma­te­rial in that has al­ready been edited (and of course a lot of times what they do is chop the fades), does that mean that you have to use out­board ef­fects some­times in or­der to help that along? And if so, how of­ten do you have to do that?

BOB KATZ: More of­ten than I’d like to. But some­times the fixes are so good that the guys never re­al­ize how much they screwed it up when they brought it to me. I’ve al­ways been a great ed­i­tor, and that al­ways helps. If you’re good at edit­ing, you can sup­ply ar­ti­fi­cial de­cays at the end of songs with a lit­tle re­verb and a care­ful cross­fade that’s in­dis­tin­guish­able from real life.




At the head of things, it’s not as easy. The big­gest prob­lem with the head­fades is that peo­ple just cut it off. The breath at the be­gin­ning of a vo­cal is some­times very im­por­tant. I think part of it is that num­ber one,
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they don’t have the ex­pe­ri­ence with ac­tual edit­ing over the years and don’t rec­og­nize it as be­ing an im­por­tant part of the en­gi­neer’s art. And num­ber two, if you have a sys­tem such as Sonic or SADiE, you have great flex­i­bil­ity with cross­fades. You re­al­ize that you can do things that other peo­ple can’t, which is to care­fully mas­sage a breath at the be­gin­ning of a piece so that it sounds nat­u­ral. But if you cut some­thing—and not just the breath but some­thing which I guess we would call the air around the in­stru­ments prior to the down­beat—it doesn’t sound nat­u­ral.




And how to fix that? Well, I’m not sure I can give a gen­eral an­swer. It’s a lot eas­ier to talk about how to fix fade-outs and end fades than it is to fix be­gin­nings. The bot­tom line is, send us the loose ma­te­rial. If a client has a real good idea on the fade-out that they want to do, fine. Then send us both ver­sions—the faded and the non­faded. That way, if it proves to be a prob­lem in con­text, we can still use the un­faded ver­sion.




What piece of gear are you us­ing to help the fade-outs?

BOB KATZ: Be­ing a nat­u­ral­is­tic en­gi­neer over the years, the first dig­i­tal re­verb that I re­ally felt sounded nat­u­ral was the EMT 250 and its varia- tions. Any­way, they got smaller and smaller and fi­nally made a 32-bit unit that is only two U high that had the same sounds in it [EMT 252]. That was the first dig­i­tal re­verb that I felt sounded very nat­u­ral, but I couldn’t af­ford it at the time. So I was al­ways search­ing for a poor man’s EMT and rent­ing them when­ever I needed one.




A re­verb cham­ber is used sur­pris­ingly a lot in mas­ter­ing to help unify the sound be­tween things. I might use it on five per­cent of all my jobs. So, I still needed a pretty good unit. Then I dis­cov­ered the Sony V77, which is ob­so­lete. Af­ter you spend a cou­ple of hours fine-tun­ing it, it can sound just like an EMT.




I’ve heard that from other peo­ple as well.

BOB KATZ: It is re­ally good. Now we’re not talk­ing about things that im­me­di­ately at­tract peo­ple to a Lex­i­con, like smooth­ness and lack of flut- ter echo. Those are ba­sic things that any­body can put into a re­verb. What dis­tin­guishes the EMT and the V77 from the rest of the pack is the abil­ity to sim­u­late a space and depth. I’ve got­ten it down so quickly that I can sup­ply tails with a com­bi­na­tion of Sonic and a few key­strokes in the verb, and it’s all patched in in a mat­ter of a minute or less for any tail.




What is your sig­nal path like? Do you have an ana­log and a dig­i­tal sig­nal path?

BOB KATZ: Yes, but I’m a purist and I try to avoid do­ing an ad­di­tional con­ver­sion when­ever pos­si­ble. The log­i­cal place to do ana­log EQ is when an ana­log source comes in. My ana­log path starts with a cus­tom-built set of Am­pex MR70 Elec­tron­ics, which in my opin­ion are the best play­back
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elec­tron­ics that Am­pex ever in­vented. They were de­signed to be mas­ter­ing EQs and there were only a thou­sand built. It has four bands of EQ it­self— a high shelf, a high peak and dip, a low shelf, and a low peak and dip for the play­back at 15 or 30 ips. I have that con­nected to a Studer C37 clas­sic 1964 vin­tage trans­port with the ex­tended low-fre­quency heads that John French put in, made by Flux Mag­net­ics. It’s just real trans­par­ent and not tube-y sound­ing at all, just open and clean. And noth­ing ever goes through a patch­bay. It’s all cus­tom patched.




Usu­ally I try to avoid any ana­log com­pres­sion at that stage, and I try to make the tape sound as great as pos­si­ble with ei­ther its own EQ or through the Mil­len­nia Me­dia [NSEQ-2], so it’s just real trans­par­ent. That goes di­rectly, with a pair of short Mogami ca­bles, into my A-to-D con­verter. So that’s my ana­log chain. I don’t have any other ana­log pro­cess­ing. I built a com­pres­sor once, but af­ter play­ing around with the Waves Re­nais­sance com­pres­sor and a few other dig­i­tal com­pres­sors, I’m con­vinced that I’m just as happy stay­ing in the dig­i­tal do­main once I’m al­ready there. So at that point I con­vert with the best ana­log EQ pos­si­ble, and the rest of the pro­cess­ing is done dig­i­tally af­ter it’s in Sonic.




Is most of your pro­cess­ing done prior to the work­sta­tion?

[image: image]BOB KATZ: I think that there are two dif­fer­ent types of en­gi­neers. I’d like to think the old-fash­ioned and the new-fashioned, but that’s my slant on it. There are the en­gi­neers who like to process dur­ing load in, and there are the en­gi­neers who like to process on load out. Many en­gi­neers will set up an en­tire chain, ei­ther ana­log or dig­i­tal or a hy­brid of both, and process on load in, and then if it doesn’t work in con­text, they’ll go back and re­pro­cess and then load it in again.




I find that to be a very in­ef­fi­cient way of work­ing, so I’m re­ally puz­zled why they put them­selves through this. The most I will do with the ana­log tape, as I said, is go through this great EQ on load in only be­cause I don’t want to go through an­other con­ver­sion again. Af­ter that, I fa­vor hav­ing as many pro­ces­sors au­to­mated as pos­si­ble. It just shocks me that there aren’t that many mas­ter­ing en­gi­neers who work that way.




I think that as the years go on, more and more mas­ter­ing en­gi­neers will be work­ing my way. I think they’ll have to. When you start get­ting into sur­round, I think it’s just go­ing to be­come the norm. It’s very much like the way you work with an au­to­mated mix­ing con­sole.




How im­por­tant is mono to you?

BOB KATZ: I for­get to lis­ten in mono more of­ten than I in­tend to. I have good enough ears to de­tect when some­thing is out of phase; it just sounds weird in the mid­dle. In fact, I’m usu­ally the first per­son walk­ing into a stereo demo say­ing, “Hey, your speak­ers are out of phase.” So I usu­ally
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don’t have that much of a prob­lem with mono, but I’m al­ways us­ing a phase cor­re­la­tion me­ter and an os­cil­lo­scope to make sure things are cool. If I see some­thing that looks funny, then I’ll switch to mono. But, half the time I just look at the scope and lis­ten and won’t switch these days.




Do you ever nor­mal­ize?

BOB KATZ: “Nor­mal­ize” is very dan­ger­ous term. I think it should be de­stroyed as a word be­cause it’s so am­bigu­ous. If you mean do I ever use the Sonic nor­mal­ize func­tions so that all the tracks get set to the high­est peak level, the an­swer is no—I never do that. Do I use my ears and ad­just the lev­els from track to track so that they fit from one to the other, then use com­pres­sors and lim­iters and ex­panders and equal­iz­ers and other de­vices to make sure that the high­est peak on the al­bum hits 0 dB FS? Yes, I do. I don’t call that nor­mal­iz­ing, though.




Tell me why you don’t do it.

BOB KATZ: I’ll give you two rea­sons. I ad­vise my clients not to do it, and I’ve writ­ten about it ex­ten­sively on my web­site [digido.com]. The first one has to do with just good old-fash­ioned sig­nal de­te­ri­o­ra­tion. Ev­ery DSP op­er­a­tion costs some­thing in terms of sound qual­ity. It gets grainier, colder, nar­rower, and harsher. Adding a gen­er­a­tion of nor­mal­iza­tion is just tak­ing it down one gen­er­a­tion.




The sec­ond rea­son is that nor­mal­iza­tion doesn’t ac­com­plish any­thing.

The ear re­sponds to av­er­age level and not peak lev­els, and there is no ma­chine that can read peak lev­els and judge when some­thing is equally loud.




Tell me how you came about choos­ing your mon­i­tors. And then, how would you sug­gest some­one else go about it?

BOB KATZ: Let’s start with the first ques­tion, which is a lot eas­ier to an­swer. A great mon­i­tor in a bad room does ab­so­lutely noth­ing for you, so if you don’t start with a ter­rific room and a plan for how it will in­te­grate with the mon­i­tors, you can for­get about it. No mat­ter what you do, they will still suck and you will still have prob­lems, so let’s just say that I first started out by de­sign­ing a great room.




The first test that any­one should do for a sys­tem is called the LEDR test. It stands for Lis­ten­ing En­vi­ron­ment Di­ag­nos­tic Record­ing and was in­vented by Doug Jones of North­east­ern Uni­ver­sity. Ba­si­cally, he de­ter- mined the fre­quency re­sponse of the ear from dif­fer­ent an­gles and heights. Then he sim­u­lated the fre­quency re­sponse of a cabasa if it’s over your head, to your left, be­hind you, be­side you, in the mid­dle, and also be­yond the speak­ers. In other words, from at least a foot to the left of the left speaker, over to at least a foot to the right of the right speaker, all done with comb fil­ter­ing that sim­u­lates the re­sponse of what the ears would hear.
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The LEDR test is a sub­sti­tute for about $30,000 to $40,000 worth of test equip­ment. If the sound for the up im­age doesn’t go straight up from your loud­speaker, six feet in the air as you sit there in your po­si­tion, then you’ve got a prob­lem with your cross­over or with re­flec­tions above the loud­speaker. If the sound doesn’t travel from left to right evenly and smoothly with the left-to-right test, then you’ve got prob­lems with ob­jects be­tween your loud­speak­ers. And the same with the be­yond sig­nal, which is sup­posed to go from about one foot to the left of the left speaker, grad­u­ally over to one foot to the right of the right speaker, which de­tects re­flec­tions from the side wall.




So the first thing you should ever do as an en­gi­neer is to fa­mil­iar­ize your­self with the LEDR test, which is avail­able on Chesky Test CD, JD-37, and also on the ProSonus Test CD, which is about fifty dol­lars more. Just test your speak­ers and room with the LEDR test. And be­lieve me, if you ever want to know how bad it can sound, just take a pair of cheap book- shelf loud­speak­ers and play the LEDR test through it and see what hap- pens. It also shows how bad the lat­eral im­age is if you take a pair of mon­i­tors and put them on their sides with the tweeter and the woofer to the left and right of each other, as op­posed to ver­ti­cally.




[image: image]So my room passes the LEDR test im­pec­ca­bly, so then it comes to the choice of loud­speak­ers. The speak­ers I chose are made in Switzer­land by a man named Daniel De­hay. They’re called Ref­er­ence 3As (www.ref­er­ence3a.com) and they are your clas­sic two-way high-qual­ity au­dio­phile loud­speak­ers. I’m sure that there are about half a dozen high- qual­ity au­dio­phile equiv­a­lents from other man­u­fac­tur­ers that can do just as well, but the whole thing is that these do not have a cross­over per se; the woofer is di­rectly con­nected to a pair of ter­mi­nals in back of the speaker, and the tweeter goes through a sim­ple RC cross­over. They’re wired to my Hafler am­pli­fier. The woofer is an 8” speaker and it’s ported in the back, and the speaker has a re­ally tight, clean re­sponse down to about 50 Hz.




With an 8”?

BOB KATZ: Yeah, the guy did a re­ally nice job. It’s re­ally an ex­cel­lent speaker, the Ref­er­ence 3As. But like I say, you can find some things that are rea­son­ably equiv­a­lent. Right now, if some­body would ask me for a re­com- men­da­tion, I’d say PMC or the Dy­nau­dio, and so on. Any­way, these speak- ers play loudly and cleanly with­out a prob­lem since they have a 93-dB sen­si­tiv­ity. To top it off then, I have a pair of Gen­e­sis Servo sub­woofers, and they have their own cross­over am­pli­fier. There is no sep­a­rate high pass or bass man­age­ment type of de­vice on these speak­ers. I let the main speak- ers roll off with their own nat­u­ral roll off, and then I care­fully ad­just the subs to meet seam­lessly with them. I could go on, but I think that cov­ers it.
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You’re run­ning stereo sub­woofers.

BOB KATZ: Right. That’s ab­so­lutely es­sen­tial.




What are you us­ing for a con­sole?

BOB KATZ: Aha! Mostly, you mean, for EQing and lev­el­ing and stuff?




Are you us­ing a con­sole at all?

BOB KATZ: No. I’ve never been im­pressed with the whole con­sole con- cept. Most of the time I take the sig­nal through the DAW desk at 24 bits with it set for unity gain so that it doesn’t do any cal­cu­la­tions.




The first thing that it feeds, nine times out of ten, is the Z-Sys­tems equal­izer. Then I patch var­i­ous forms of ex­ter­nal out­board dig­i­tal gear us­ing the Z-Sys­tems dig­i­tal patch­bay and even­tu­ally bring it right back into DAW and cut the CD mas­ter.




How do you ad­just the con­trol room level?

BOB KATZ: I have an au­dio­phile Coun­ter­point D-to-A con­verter with Ul­tra Ana­log Mod­ule, and it sounds as good as the Mark Levin­son or one of those sim­i­lar-qual­ity D-to-As. I went into the Coun­ter­point and in­stalled a stepped at­ten­u­a­tor with metal film re­sis­tors at an in­ter­stage point. That is my vol­ume con­trol. It’s cal­i­brated in 1-dB steps, and the out- put of the DAC feeds my power amp di­rectly. It is the clean­est, purest sig- nal path that you’ve ever heard. So I have no preamp or no con­sole, and I’m us­ing ab­so­lute min­i­mal­ist cir­cuitry.




Well, I think the whole con­sole con­cept is re­ally a throw­back to the lac­quer days any­way.

BOB KATZ: Yeah, where you need a pre­view and all that stuff. Well, as we get into sur­round, we’re go­ing to need some con­sole fea­tures. Mas­ter­ing en­gi­neers are get­ting away from the con­sole con­cept, al­though peo­ple like Bernie [Grund­man] and Dave Collins will build a purist high-qual­ity con- sole be­cause they want to do ana­log pro­cess­ing. I’ll sim­u­late that by patch- ing gear one into the other into the other with short ca­ble.




There are def­i­nitely two schools of thought on this….

BOB KATZ: Yeah, they are real purists. But it just re­minded me of some- thing. I’ve been in many mas­ter­ing stu­dios, and al­most ev­ery mas­ter­ing en­gi­neer that I know of sits in front of some kind of a ta­ble, which sits at some height, with maybe a mon­i­tor in front of him. And then six or eight or nine feet in front of him are his stereo loud­speak­ers. As far as I’m con- cerned, there is some com­pro­mise there. Now any­thing that breaks into the lis­ten­ing tri­an­gle be­tween my ears and my mon­i­tors is ver­boten in my stu­dio.
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My so­lu­tion is that I have a lis­ten­ing couch where I and/or my clients sit, which is ex­actly like a high-qual­ity au­dio­phile liv­ing-room lis­ten­ing en­vi­ron­ment. We have the per­fect 60-de­gree tri­an­gle there, with noth­ing in be­tween ex­cept the floor and the side walls, which are far away from in­ter­fer­ence from the mon­i­tors. It’s a re­flec­tion-free zone. Then, be­hind the couch is the back of the dis­play of my work­sta­tion. When I want to edit or do some pre­lim­i­nary setup or segues, I go back there and do my pri­mary work. It keeps my heart work­ing. I get up, walk to the couch, sit down, lis­ten, and go back. I don’t EQ from back there, though, which pre- vents me from mak­ing those aw­ful im­me­di­ate judg­ments that are so of­ten prob­lems. Too many highs? Well, lis­ten for a few min­utes. “Oh, wait a minute. That was just the big cli­max with the cym­bal crash.”




[image: image]I have a Mac Power­Book sit­ting on the arm of the couch con­nected by Eth­er­net to the rest of the sys­tem. I can re­mote con­trol the Z-Sys­tems equal­izer from the arm of the couch, start and stop Sonic, or switch the Sonic desk be­tween its record and play­back desks, which al­lows me to mon­i­tor two dif­fer­ent dig­i­tal paths. So I can ef­fec­tively in­sert or re­move any set of equip­ment from my chain at the crit­i­cal lis­ten­ing point with­out hav­ing any in­ter­fer­ing ta­bles or con­soles in the way. Just a pair of func­tion keys on the Power­Book, over there sit­ting on my right. Can you pic­ture it? You’re sit­ting there on the couch, your right arm is off to your right, and you just push a lit­tle but­ton on a lit­tle por­ta­ble com­puter sit­ting on the arm of the couch. And that’s it.
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In­ter­view: Bob Lud­wig
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Af­ter hav­ing worked on lit­er­ally hun­dreds of plat­inum and gold records and hav­ing mas­tered projects that have been nom­i­nated for scores of Gram­mys, Bob Lud­wig cer­tainly stands among the gi­ants in the mas­ter­ing busi­ness. Af­ter leav­ing New York City to open his own Gate­way Mas­ter­ing in Port­land, Maine, in 1993, Bob has proved that you can still be in the cen­ter of the me­dia with­out be­ing in a me­dia cen­ter.




What do you think is the dif­fer­ence be­tween some­one who’s just merely com- pe­tent and some­one who’s re­ally great as a mas­ter­ing en­gi­neer?

BOB LUD­WIG: I al­ways say that the se­cret of be­ing a great mas­ter­ing en­gi­neer is be­ing able to hear a raw tape, and then, in your mind, hear what it could sound like, and then know what knobs to move to make it sound that way.




You know where you’re go­ing right from the be­gin­ning then, right?

BOB LUD­WIG: Pretty much. It’s a lit­tle bit like the Bob Clear­moun­tain school, where af­ter 45 min­utes of mix­ing he’s prac­ti­cally there and then spends most of the rest of the day just fine-tun­ing that last 10 per­cent. I think I can get 90 per­cent of the way there some­times in a cou­ple of min- utes, and just keep hang­ing with it and keep fine-tun­ing it from there. It comes very, very fast to me when I hear some­thing. I im­me­di­ately can tell what I think it should sound like. And the frus­tra­tion is, some­times you get what I call a “pris­tine piece of crap.” I call it that be­cause it’s like a bad mix, and any­thing you do to it will make it worse in some other way. But 99.9 per­cent of the time, I hear some­thing and I can fig­ure out what it needs, and for­tu­nately I know what all my gear does well enough to make it hap­pen.




Like to­day, I was do­ing some­thing while train­ing one of the guys that works with me. I put this song up and said, “I know this piece of gear would be per­fect for this thing.” He said, “Man, I haven’t seen you use that in like nine months or a year.” I said, “I know, it’s gonna be great.” I fired it up, plugged it in, and boom, it was right there.
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How many of your ses­sions are at­tended?

BOB LUD­WIG: When I started my own busi­ness af­ter work­ing at Mas­ter­disk and Ster­ling Sound be­fore that, our busi­ness plan called for a 20-per­cent re­duc­tion in over­all busi­ness, but the op­po­site ac­tu­ally hap- pened. We thought that half the peo­ple who had at­tended ses­sions in New York would at­tend up here. It turns out more peo­ple at­tend ses­sions here than in New York, which was a to­tal sur­prise.




Why do you think that is?

BOB LUD­WIG: I’m not sure. To tell you the truth, I think a lot of peo­ple have heard about the ef­fort we’ve gone through to make our room as acous­ti­cally per­fect as pos­si­ble. And they know that we’ve got speak­ers that re­tail for $100,000 a pair, so a lot of peo­ple just want to come and see what it’s about.




[image: image]It’s a real plea­sure. So many times peo­ple come into the room and they go, “Oh, my God!” or some­thing like that. It’s a trip to get that kind of re­ac­tion from peo­ple. When I was at Ster­ling and at Mas­ter­disk, ev­ery­body thought I owned those com­pa­nies, but I never did, and to me it was al­ways frus­trat­ing that I was al­ways de­pen­dant on my em­ploy­ers dic­tat­ing my con­di­tions. That was one of the rea­sons I left. I felt that if I stayed in New York, I’d never be able to have a room that was acous­ti­cally as per­fect as we knew how to make it. I don’t know about the new place, but Ster­ling and Mas­ter­disk al­ways were in high­rises, so you’re al­ways lim­ited to very low- ceil­ing rooms. But in or­der to get as near-per­fect a sit­u­a­tion as pos­si­ble, you ac­tu­ally need a fairly large shell that’s at least 30 feet long and ac­com- mo­dates a 17- or 18-foot-high ceil­ing.




Do you think that there’s a dif­fer­ence be­tween the ways peo­ple mas­ter from coast to coast?

BOB LUD­WIG: I don’t think there’s so much a dif­fer­ence be­tween coast to coast as there is just be­tween some of the ma­jor per­son­al­i­ties in mas­ter­ing. Some en­gi­neers might mas­ter al­most ev­ery­thing into the ana­log do­main be­cause they love work­ing with ana­log gear. I cer­tainly do that some­times, but I would say that I’ve tried to ac­cu­mu­late what I think is the very best new gear as well as funky old gear that has a cer­tain sound. If a tape comes in sound­ing re­ally, re­ally good, I have gear that will stay out of the way and do ex­actly what I need with­out in­flict­ing any dam­age on the thing at all.




Oc­ca­sion­ally we’ll get a tape in that’s so good that I’m just happy to change the level on it if needed. The level con­trols I have are made by Massen­burg and some en­gi­neers over at Sony and are as au­dio­phile as you can get. If you’re not us­ing the level con­trol, you can take it out of the cir- cuitry so it’s as much a straight wire as pos­si­ble, so at least I’m con­vinced I’m in­flict­ing as lit­tle dam­age as pos­si­ble on a great-sound­ing tape if all it needs is sim­ply a level change.
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Is that in the dig­i­tal or the ana­log do­main?

BOB LUD­WIG: Ana­log. Talk­ing about dif­fer­ent en­gi­neers, there are some en­gi­neers who just like to slam the hell out of ev­ery­thing. It seems like their only cri­te­rion is how loud they can make it, not how mu­si­cal they can make it. And for me, I’m un­der pres­sure from A&R peo­ple and clients to have things loud, but I try to keep the mu­sic at all costs. I’ll think noth- ing of do­ing a Foo Fight­ers record one day, where it’s to­tally ap­pro­pri­ate to have it smashed, then the next day do some­thing that’s per­haps even 4-dB qui­eter than that be­cause it sud­denly needs the dy­nam­ics for it to breathe.




The dy­nam­ics wars… where did that come from?

BOB LUD­WIG: I think it came from the in­ven­tion of dig­i­tal do­main com- pres­sors. When dig­i­tal first came out, peo­ple knew that ev­ery time the light went into the overs or into the red that you were clip­ping, and that hasn’t changed.




We’re all afraid of the over lev­els, so peo­ple started in­vent­ing these digi- tal do­main com­pres­sors where you could just start crank­ing the level up.

Be­cause it was in the dig­i­tal do­main, you could look ahead in the cir­cuit and have a the­o­ret­i­cal zero at­tack time or even have a neg­a­tive at­tack time if you wanted to. It was able to do things that you couldn’t do with any piece of ana­log gear, in­clud­ing an Aphex Com­pel­lor or [Em­pir­i­cal Labs] Dis­tresser. It will give you that kind of an ap­par­ent level in­crease with­out au­di­bly de­stroy­ing the mu­sic, up to a point. And of course, once they achieved that, then peo­ple started push­ing it as far as it would go. I would say the av­er­age level of a CD has peaks on a VU me­ter that are at least 3.5 dB hot­ter than they used to be, if not as much as 6 dB hot­ter than they used to be.




I al­ways tell peo­ple, “Thank God these things weren’t in­vented when the Bea­t­les were around, be­cause for sure they would’ve put it on their mu­sic and would’ve de­stroyed its longevity.” I’m to­tally con­vinced that over-com­pres­sion de­stroys the longevity of a piece. Now when some­one’s in­sist­ing on hot lev­els where it’s not re­ally ap­pro­pri­ate, I find I can barely make it through the mas­ter­ing ses­sion.




An­other thing that has con­trib­uted to it is the fact that in Nash­ville, the top 200 coun­try sta­tions get ser­viced with records from the record com- pany, but ap­par­ently there’s some kind of an agree­ment that the ma­jor record com­pa­nies have for sta­tions 201 on up to get ser­viced with a spe­cial CD ev­ery week that has the dif­fer­ent la­bels’ new sin­gles on it.




It’s called CDX. Glenn Mead­ows does that.

BOB LUD­WIG: And of course, when they started do­ing that, the A&R peo­ple would go, “Well, how come my record isn’t as loud as this guy’s record?” And so that fur­ther led to level wars even in Nash­ville, so that
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ev­ery­one’s record would be the hottest record on the com­pi­la­tion. And of course when the pro­gram di­rec­tor of the ra­dio sta­tion is go­ing through a stack of CDs, a medi­ocre song that’s twice as loud as a great song might at first seem more im­pres­sive, just be­cause it grabs you by the neck. It has a cer­tain im­pres­sive­ness about it, so you lis­ten to it be­fore re­al­iz­ing there’s no song there, but at least on first lis­ten it might get the pro­gram di­rec­tor’s at­ten­tion.




I sup­pose that’s well and good when it’s a sin­gle for ra­dio, but when you give that treat­ment to an en­tire al­bum’s worth of ma­te­rial, it’s just ex­haust­ing. It’s a very un­nat­u­ral sit­u­a­tion. Never in the his­tory of mankind has man lis­tened to such com­pressed mu­sic as we lis­ten to now.




In mix­ing too, if you don’t put buss com­pres­sors on, or if you don’t com­press some­thing, clients in­evitably say, “Why are you not do­ing that? That’s what I want.” You can’t get into trou­ble if you squash some­thing, but you can if you don’t.

BOB LUD­WIG: I know some very fa­mous mix­ers who com­plain to me about A&R peo­ple who will not ac­cept their mixes un­less they al­ready sound as though they have been mas­tered, al­ready de­void of any dy­namic range.




[image: image]Do you think we’ve reached the limit of that?

BOB LUD­WIG: Yeah, I hon­estly do, be­cause we’re not that far away from mu­sic dy­nam­ics ap­proach­ing steady-state tone! If you look at many of to­day’s CDs on a dig­i­tal level me­ter, the peak lev­els barely go lower than the max­i­mum. It would be a steady stream of dig­i­tal “over”-lev­els if the dig­i­tal do­main com­pres­sors didn’t ar­ti­fi­cially pre­vent the red “over” light from com­ing on. It’s dif­fi­cult to be­lieve that it could be com­pressed much more than it is now. That’s why I’m so ex­cited about 5.1, be­cause there’s no ra­dio com­pe­ti­tion.




You men­tioned about peo­ple ask­ing you to add re­verb and ef­fects. Does that hap­pen of­ten?

BOB LUD­WIG: Oh yeah, it hap­pens of­ten enough. Speak­ing of Pro Tools, a lot of peo­ple as­sem­ble mixes on Pro Tools, and they don’t lis­ten to it care­fully enough when they’re com­pil­ing their mix, and they ac­tu­ally cut off the tails of their own mixes. You can’t be­lieve how of­ten that hap­pens. So a lot of times we’ll use a lit­tle 480L to just fade out their chopped-off end­ings and ex­tend nat­u­rally. I do a fair amount of clas­si­cal mu­sic mas­ter- ing, and very of­ten a lit­tle bit of re­verb is needed on those projects.

Some­times if there’s an edit that for some rea­son just won’t work, you can smear it with a bit of echo at the right point and get past it. Some­times mixes come in that are just dry as a bone, and a small amount of ju­di­cious re­verb can re­ally help that out. We def­i­nitely need it of­ten enough that we’ve got a 480L in our place, and it gets used prob­a­bly once ev­ery week.
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Do you still get in projects mixed to both ana­log and dig­i­tal?

BOB LUD­WIG: Yes, but at 88.2/96, it’s of­ten a tossup. Some­times the dig­i­tal sounds bet­ter; some­times the ana­log sounds bet­ter. A lot of it de­pends on who the mixer is. Some of the pre­mier mix­ers, like Bob Clear­moun­tain, get ex­actly what they want on dig­i­tal tape. He sends me stuff at 88.2/24-bit, and I’m sure it’s a very, very close match to what comes out of his con­sole.




For most en­gi­neers, ana­log tape serves as won­der­ful kind of acous­tic glue that sounds bet­ter than the out­put of the con­sole. Ana­log is very for- giv­ing, and our ears re­ally seem to love it. We place a lot of at­ten­tion on ana­log at our place. We’ve got six dif­fer­ent ways of play­ing back ana­log tape. We’ve got a stock Studer A820. We’ve got a Studer that’s got Cello class-A au­dio­phile elec­tron­ics. We’ve got a stock ATR, a tube ATR, and an un­bal­anced ATR. We also have one of the Tim de Par­avicini 1” two-track ma­chines with his fan­tas­tic tube elec­tron­ics. When you record with his cus­tom EQ curve at 15 ips, it’s ba­si­cally flat from eight cy­cles up to 28 kHz. It’s un­be­liev­able. You put an MRL test tape on his ma­chine, and it comes back 0 VU all the way.




Tell me about your mon­i­tors.

BOB LUD­WIG: I used to have Dun­tech Sov­er­eign 2001 mon­i­tors. I think around ’86 when I was at Mas­ter­disk, I de­cided to find the best mon­i­tors I could so that when I was work­ing on dig­i­tal I would have some­thing that could re­ally re­pro­duce sub­sonic de­fects. So I went down to New York to some of the au­dio­phile shops to see what kind of au­dio­phile speak­ers I might be able to find for mas­ter­ing that would be pro­fes­sional enough that I wouldn’t have to change the tweeter ev­ery other day.




I found these Dun­tech Sov­er­eign 2001 speak­ers. Tom Jung, the engi- neer that owns the DMP la­bel, had a pair at his house in the base­ment. His base­ment had very low ceil­ings. The Dun­tech speak­ers are in a mir­ror- im­age ar­range­ment; the tweeter is in the mid­dle, and then there are the midrange speak­ers, and then there are the woofers on the top of the speaker and the bot­tom. So in the base­ment of his house, that up­per woofer was cou­pling with his ceil­ing, as well as the bot­tom one cou­pling with the floor, and he had bass for days. So he sold me his pair of Dun­techs, and that’s what I used at Mas­ter­disk from then on.




I also bought one of the first Cello “Per­for­mance Am­pli­fiers” from Mark Levin­son when he was there at the time, and sub­se­quently he told me that some­body in Japan had ac­tu­ally bridged a pair of these things, and it was re­ally worth­while. Of course his amps are mega-ex­pen­sive, so he loaned me an­other pair so I could try to bridge them to­gether. Doug Levine, who ran Mas­ter­disk and was in charge of all the money, could
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ac­tu­ally hear the dif­fer­ence be­tween the bridg­ing and the non-bridg­ing enough that he thought it was worth spend­ing the ex­tra money on it.




Then when I started Gate­way, I got an­other pair of Dun­tech Sov­er­eigns and a new pair of Cello Per­for­mance Mark II am­pli­fiers this time. These are the amps that will put out like 6,000-watt peaks. One never lis­tens that loudly, but when you lis­ten, it sounds as though there’s an un­lim­ited source of power at­tached to the speak­ers. You’re never strain­ing the amp, ever. So I used those Dun­techs for quite awhile.




Then, when I be­gan do­ing 5.1 sur­round mu­sic, Pe­ter Mc­Grath, a classi- cal en­gi­neer friend of mine, had fallen in love with these Eggel­ston Works An­dras speak­ers that are made in Mem­phis. Bill Eggel­ston has been de­sign­ing speak­ers for many years, and Pe­ter told me that he thought those were the best speak­ers that he had heard at the time. Pe­ter used to own an au­dio­phile hi-fi shop, and he’s heard ev­ery­thing un­der the sun. As he’s a very good clas­si­cal en­gi­neer, I give what he says a lot of cre­dence. So I had made it a point to seek them out. I re­ally fell in love with these An­dras, and for the 5.1 mu­sic, I use five of them. They re­tail for around

$14,000 a pair, and I have 2-1/2 pairs of them. They were Stereophile maga- zine’s speaker of the year. With five of them in the room, they move plenty of air with no prob­lem what­so­ever, but I felt that there needed to be a big-
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I told Bill Eggel­ston if he ever de­cided to build a big­ger ver­sion of the An­dras to let me know, and maybe I’d con­sider chang­ing my Dun­techs if I thought they sounded bet­ter. He de­cided to build what he thought was the ul­ti­mate speaker, which is called the Eggel­ston Works Ivy speaker. (He names all of his speak­ers af­ter for­mer wives or girl­friends.) These speak­ers are a lit­tle bit taller than Dun­techs and they weigh close to 800 pounds a piece. They’ve got gran­ite on the sides of them. There are three woofers on the bot­tom, a cou­ple of mids, the tweeter, and then a cou­ple of more mids on the top. Ac­tu­ally, each cab­i­net has 23 speak­ers in it.




You know how M&K uses the iso­baric prin­ci­ple in their sub­woofer? The Eggle­ston Works An­dras use that same iso­baric prin­ci­ple in their woofers. Well, Bill ex­tended that prin­ci­ple to all of the speak­ers, so be­hind each speaker are two oth­ers. I guess if the iso­baric prin­ci­ple is car­ried out to pu­rity, you’d have an in­fi­nite num­ber of speak­ers. But he has two be­hind each of them, and they’re amaz­ing. Ev­ery client that comes in, once they tune in to what they’re lis­ten­ing to, starts com­ment­ing on how they’re hear­ing things in their mixes that they had never heard be­fore, even some- times af­ter work­ing weeks on them. It’s great for mas­ter­ing be­cause they’re just so ac­cu­rate that there’s never much doubt as to what’s re­ally on the tape.




One rea­son I’ve al­ways tried to get the very best speaker I can is I’ve found that when some­thing sounds re­ally right on an ac­cu­rate speaker, it tends to sound right on a wide va­ri­ety of speak­ers. I’ve never been a big fan of try­ing to get things to sound right only on an NS-10Ms.




Do you lis­ten only with that one set of mon­i­tors or do you lis­ten to near- fields?

BOB LUD­WIG: Pri­mar­ily just the big ones be­cause they tell you ev­ery- thing, but I do have a set of NS-10Ms and some ProAcs and stuff like that. Lower-res­o­lu­tion near-fields have their place. In the case of the NS-10Ms, the rea­son we have them there is just so the client can hear what he thought he had on tape! The NS-10M kind of di­als in a lit­tle bit more re­verb than you think you have and more punch than is re­ally there. When I’m teach­ing peo­ple, I make sure that they lis­ten on NS-10s and ProAcs and speak­ers like that a lot, so they can learn in their head how to trans­late from one to the other.




Do you think that hav­ing ex­pe­ri­ence cut­ting lac­quers helps you now in the dig­i­tal do­main?

BOB LUD­WIG: It does. I’m cer­tainly more con­cerned about com­pat­i­bil­ity is­sues than a lot of the mix­ers are, es­pe­cially as more peo­ple are get­ting into ei­ther QSound or other kinds of syn­thetic ways of gen­er­at­ing out­side- of-the-speaker sound. Some peo­ple just get into this and don’t re­al­ize that their pi­ano solo is gone in mono. It just hap­pened to me re­cently. A very fa­mous artist came in, and the pi­ano solo had this wild spa­tial ef­fect on it, and the pi­ano was just not there when you lis­tened in mono, so I had to point it out to them. And much to my sur­prise, they said, “We don’t re­ally care.” Well, peo­ple do still lis­ten in mono, but some artists just don’t seem to be both­ered by the lack of com­pat­i­bil­ity. Nev­er­the­less, I’m prob­a­bly more hy­per­sen­si­tive to sibi­lance prob­lems than I would oth­er­wise be if I hadn’t cut a lot of disks.




Does that mean you still lis­ten in mono a lot?

BOB LUD­WIG: I cer­tainly check in mono. We have cor­re­la­tion me­ters on our con­soles. Even though my room is huge, QSound works per­fectly in it on the large speak­ers be­cause the first re­flec­tions are so well con­trolled. So any time there are QSound-like ef­fects, one can hear it in a jiffy. In my room, if you’re sit­ting in the sweet spot and flip the phase on one of the speak­ers, the en­tire bass goes away. It’s al­most as if you were do­ing it elec- tron­i­cally. So you can hear any phase prob­lems in­stantly, and then of course you just mon­i­tor in mono. Plus, I have the abil­ity to mon­i­tor L mi­nus R as well to hear the dif­fer­ence chan­nel if I need to.




Tell me about your sig­nal path.

BOB LUD­WIG: In the ana­log do­main, it goes from the tape ma­chine into George Massen­burg/Sony elec­tron­ics that are as min­i­mal and au­dio­phile
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as one can get. The out­put of that goes into a dCS, a Pa­cific Mi­croson­ics, or some­times an Apogee ana­log-to-dig­i­tal con­verter. When I need other out­board gear, we’ve got Neu­mann EQs and NTP and Man­ley com­pres- sors. Be­tween the Man­ley, NTP, and dig­i­tal do­main com­pres­sors, that nor- mally fills the bill for me, but I do have some Aphex Com­pel­lors. In the dig­i­tal do­main I have all the Weiss 96/24 stuff. The bw102, which has the 96-kHz de-esser in it as well, is com­plete with a mixer, com­pres­sor, and equal­iza­tion. We use a lot of the Waves prod­ucts be­cause they are 48-bit in­ter­nally and sound good.




Do you have a Waves L2?

BOB LUD­WIG: Yeah, we have three of the pro­duc­tion units and one of the beta ver­sions right now. We also have SPL units, and be­fore that we had the Junger units.




What’s the hard­est thing that you have to do? Is there a cer­tain type of mu­sic or project that’s par­tic­u­larly dif­fi­cult?

[image: image]BOB LUD­WIG: I think the most dif­fi­cult thing is when the artist is go­ing through the pe­riod where they just can’t let go of the project. You get into the psy­cho­log­i­cal thing where in the same sen­tence they say, “I want you to make the voice more pre­dom­i­nant, but make sure it doesn’t stick out.” Just con­tra­dic­tory things like that. They’ll say, “This mix is too bright,” and

then you’ll dull it up like half a dB, and they’ll say, “Oh, it doesn’t have any air any­more.” It’s that kind of thing.




Let­ting go is so hard for some artists. One of my fa­vorite artists is Bruce Spring­steen. I think he re­al­izes mas­ter­ing means he has to fi­nally let go of the record and crys­tal­lize it. I think, un­like new artists, he has the abil­ity to put out the record ex­actly as he wants to, and I’ve seen him live with records for a long time as a re­sult. And in his case, he’s cor­rect in not putting it out un­til he is com­pletely happy.




Do you have a spe­cific ap­proach to mas­ter­ing?

BOB LUD­WIG: To me mu­sic is a very sa­cred thing. I be­lieve that mu­sic has the power to heal peo­ple. And of course a lot of the mu­sic that I work on, even some of the heavy-metal stuff, is heal­ing some 13-year-old kid’s angst and mak­ing him feel bet­ter, no mat­ter what his par­ents might think about it. So I treat mu­sic very, very se­ri­ously.




I love all kinds of mu­sic. I mas­ter ev­ery­thing from pop and some jazz to clas­si­cal and even avant-garde. I used to be prin­ci­ple trum­pet player in the Utica, New York, Sym­phony Or­ches­tra, so I al­ways put my­self in the artist’s shoes and ask my­self, “What if this were my record? What would I do with it?” So I try to get some in­put from the artist. If they’re not there, at least I try to get them on the phone and just talk about what things they like. I just take it all very se­ri­ously.



[image: image]

CHAP­TER 23



	[image: image]
	 	[image: image]


[image: image]

In­ter­view: Glenn Mead­ows
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Glenn Mead­ows is a two-time Grammy win­ner, a multi TEC award nomi- nee, and for­mer owner of the fa­mous Nash­ville-based Mas­ter­fon­ics Stu­dios. He has worked on scores of gold and plat­inum records for a di­verse ar­ray of artists, in­clud­ing Sha­nia Twain, LeAnn Rimes, Randy Travis, Del­bert Mc­Clin­ton, and Wide­spread Panic, as well as for pro­duc­ers and en­gi­neers, such as Tony Brown, Jimmy Bowen, and Mutt Lange.




What’s your phi­los­o­phy on mas­ter­ing?

GLENN MEAD­OWS: I think that mas­ter­ing is, and al­ways has been, the real bridge be­tween the pro au­dio in­dus­try and the hi-fi in­dus­try. We’re the ones that have to take this stuff that sounds hope­fully good or great on a big pro­fes­sional mon­i­tor sys­tem and make sure it also trans­lates well to the home sys­tems. We’re the last link to get it right or the last chance to re­ally screw it up and make it bad. And I think we’re all guilty at times of do­ing both.




That be­ing said, do you lis­ten on typ­i­cal home hi-fi sys­tems?

GLENN MEAD­OWS: No, my old mas­ter­ing room at Mas­ter­fon­ics had an in-wall Ki­noshita mon­i­tor­ing sys­tem. It’s about an $80,000 or $90,000 speaker sys­tem when you in­clude the am­pli­fi­ca­tion. What we found is that when you have it sound­ing re­ally great on that, it sounds good on ev­ery- thing else you play it on. Yeah, it’s a dif­fer­ent char­ac­ter­is­tic than a home sys­tem with­out the dome tweet­ers and that thin, ethe­real top end that comes out of there, but if the com­po­nents in the big sys­tem are in good shape and they’ve been main­tained prop­erly, you’re go­ing to get that same per­spec­tive. It also doesn’t rip my head back and forth try­ing to go to dif- fer­ent mon­i­tor­ing sys­tems.




What I think is re­ally dif­fi­cult is that if you put up two or three dif­fer- ent mon­i­tors to get a cross sec­tion, then you don’t re­ally know when any- thing is right be­cause they all sound so dif­fer­ent. I used to run lit­tle B&W



[image: image]



100s and I’d also have the req­ui­site NS-10s in the room, and dur­ing that time when I was switch­ing back and forth, I found my mas­ter­ing suf­fered rad­i­cally be­cause I didn’t have an an­chor any­more. I didn’t have a point where I knew what was right be­cause the char­ac­ter of the speak­ers was so dif­fer­ent from each other. Once you lis­tened to one for a cou­ple of min- utes, you lost your ref­er­ence point on the oth­ers.




The rea­son peo­ple come to a mas­ter­ing en­gi­neer is to gain that mas­ter- ing en­gi­neer’s an­chor into what they hear and how they hear it and the abil­ity to get that stuff sound­ing right to the out­side world. So if you start putting all this stuff up on small speak­ers and try this and try that, you’ve ba­si­cally cre­ated a big con­fused im­age for the mas­ter­ing en­gi­neer.




Well, that be­ing said, does that mean you only lis­ten on one pair of speak­ers?

GLENN MEAD­OWS: Yeah.




So you never go to a smaller pair?

GLENN MEAD­OWS: I do at home. I do in the car. I do out­side of the mas­ter­ing room. I’ll pop it on in an­other room in the build­ing. All of our rooms are cross-con­nected fiber-op­ti­cally so we can lit­er­ally walk into an­other room and dial the first room up and lis­ten on those speak­ers. It’s re­ally very handy hav­ing that. But in the room it­self when I’m work­ing?
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If I get a pro­ducer that says, “Well, I’ve gotta lis­ten on… fill in the blank,” then we get a pair, and it’s like, “Okay, here’s the but­ton that turns them on. Here’s how you start. Here’s how you put the EQ in and out if you want to lis­ten that way. Call me when you’re fin­ished lis­ten­ing.” And I leave the room and let them lis­ten be­cause it lit­er­ally rips me away from my an­chor. If I start lis­ten­ing on dif­fer­ent-sound­ing mon­i­tors, then I’m com­pletely lost. But on the mon­i­tors that I’ve worked on for 13 years in the same room, I know how they sound. I know what they need to sound like, and the re­peat clients go, “Yep, that sounds right. Yep, that sounds good.” What you find is typ­i­cally within a song or two of work­ing with some­body who has been in here, they set­tle into it and say, “Okay, yeah. I re­ally can hear all that de­tail. I un­der­stand ex­actly what you are do­ing.” We put other things up for them to lis­ten to that they’re fa­mil­iar with to get a cross-check on what I’m used to hear­ing.




Do you think that there’s a dif­fer­ence in the ways peo­ple mas­ter from town to town? Is there a dif­fer­ence be­cause of where you’re ge­o­graph­i­cally lo­cated?

GLENN MEAD­OWS: I don’t think that’s as much true any­more as it used to be. I could prob­a­bly put a vinyl record on and tell you where it was mas­tered and who did it. To some ex­tent the early CD trans­fers were very sim­i­lar to that as well.
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Right now, though, it’s all blended in to be a big jum­ble of sound, and you al­most can’t pin­point any­body’s char­ac­ter­is­tic fin­ger­print any­more. Ev­ery­body has ba­si­cally the same kind of tools and is do­ing the same kind of thing to sat­isfy the cus­tomers. And, un­for­tu­nately, sat­is­fy­ing the cus- tomers is, in my opin­ion, not where the mu­sic needs to be right now, but that is a whole other story.




Let’s go there. What brought that about, do you think?

GLENN MEAD­OWS: The level wars? We had level wars in vinyl right near the end of it, where ev­ery­body was try­ing to get the vinyl hot­ter and hot­ter and hot­ter. And at least in vinyl you had this sit­u­a­tion where when the record skipped, the record la­bel would say, “Well, it’s too loud and you’re gonna have re­turns.” What put the fear of God into the pro­ducer was re­turns. By God, we don’t want any re­turns. So they would tend to back away, and we could kind of stay within the lim­its of the medium, where you got a 23-minute side here and you couldn’t cut it any hot­ter be­cause it just won’t fit at that level. Those were the re­al­i­ties that you had to live with.




We orig­i­nally thought we had that type of lim­i­ta­tion on dig­i­tal, but what ended up hap­pen­ing is there’s so many tools out now for do­ing the dy­namic range squash that you can lit­er­ally get tracks now where you put them in a work­sta­tion and it looks like a 2×4. It comes on at the qui­etest pas­sage at the be­gin­ning of the in­tro and it’s full level. You get into what I call “dy­nam­ics in­ver­sion.” Spots in the record that should get louder actu- ally get softer be­cause they’re hit­ting the com­pres­sor/lim­iter too hard.




I don’t think that the record com­pa­nies and the pro­duc­ers at this point have enough in­sight or un­der­stand­ing about what ra­dio learned a long time ago, which is the tune-out fac­tor for dis­tor­tion. Ra­dio has spent a lot of time re­search­ing how far you can push it be­fore peo­ple are an­noyed and won’t lis­ten any­more. As a re­sult ra­dio is tend­ing to back down a lot with their com­pres­sion, but it still gets com­pressed when they mix it, we com- press it when we mas­ter it, and they com­press it when they broad­cast it. If you look at some of the ra­dio sta­tions on a VU me­ter on a cal­i­brated sys- tem, they have maybe 3 dB of dy­namic range.




I’m mas­ter­ing one right now that’s a French-Cana­dian al­bum, and it’s a joy to lis­ten to be­cause it’s got dy­nam­ics. It’s an in­de­pen­dent re­lease by an artist from Canada. It’s great; it has dy­nam­ics. It lives. I chal­lenge any mas- ter­ing en­gi­neer to go back and lis­ten to mu­sic that they did four or five years ago, when they were putting great­est-hits pack­ages to­gether, and lis- ten to the mas­tered ver­sions com­pared to what they’re get­ting now. Then ask them­selves, “Have we re­ally gone for­ward or have we’ve gone back- ward?” This hap­pens to me all the time.
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Whose fault is it?

GLENN MEAD­OWS: I think it’s a wrap-around ef­fect from broad­cast. To be very hon­est with you, there is the im­pres­sion that if the song doesn’t jump off the CD for the pro­gram di­rec­tor’s ini­tial lis­ten, then he’s go­ing to hit the “next track” but­ton. So, we get into this round-robin deal where we’ve got to make the cuts louder and louder so that they jump off the CDs faster.




We used to do an ev­ery-other-week com­pi­la­tion called CDX, which is a col­lec­tion of all of the coun­try stuff com­ing out in the next four- or five- week pe­riod and is a ser­vice to all the non-re­port­ing Bill­board R&R type sta­tions. The la­bels ac­tu­ally buy slots on this so it re­lieves them from hav- ing to send re­lease CDs on sin­gles to thou­sands of ra­dio sta­tions. All they then have to con­cen­trate on are the 150 or 200 re­port­ing sta­tions be­cause this ser­vice han­dles the 2,500 oth­ers. So they buy a slot on this for ev­ery one of their re­leases. We com­pile it for them, and we have ever since it started. The se­quence of the songs on the CD is al­pha­bet­i­cally based by song ti­tle, so Aaron Tip­pin doesn’t al­ways go first, or Arista Records does- n’t al­ways get their stuff first. Ev­ery sin­gle re­lease is a jum­ble, so there’s no pref­er­en­tial po­si­tion­ing on the disc. We’ve spaced those five, six, eight sec- onds apart, try­ing to make them less like an al­bum so it’s just like a col­lec- tion of songs.

www.SAllotheluprotdiuocenrs Mand athenreucorad lla.bienls gfeot copies of this, and the first thing they do is com­pare their cut to some­body else’s, and if theirs isn’t as loud, they go back to their mas­ter­ing en­gi­neers and say, “What’s wrong with this?” Or they call us and say, “You screwed mine up. You didn’t make mine as loud.” Wait a minute—all we’re do­ing is com­pil­ing. If you do a dig­i­tal com­pare, what’s on the CD is ex­actly what was given to us by who- ever mas­tered it. We don’t play with it, we don’t change lev­els, and we don’t have pref­er­ences. We are a ful­fill­ment cen­ter, and that’s all we’re do­ing, so don’t blame us. So they go back to their mas­ter­ing en­gi­neer and say, “The next time a track is go­ing on CDX, make sure it’s good and hot.” So we get spe­cial­ized re­leases for CDX that have been run through addi- tional pro­cess­ing and have even less dy­namic range. Then you have the sit- ua­tion where the record la­bel lis­tens to this ad­vance copy and pulls out their mas­tered al­bum and says, “The one on the CDX is louder than the one on the full al­bum. Why is that?”




Catch-22.

GLENN MEAD­OWS: It’s a com­plete catch-22. I just had a 1” two-track rolled in while we’re talk­ing be­cause I’m re-mas­ter­ing a ref on a shootout again. They came to me first, and ev­ery­body loved it. One of the peo­ple in­volved in the project said, “Well, I re­ally think we ought to go over here [to a com­peti­tor] to mas­ter.” So they pulled the tapes, went over to this other place, took my ref, and said, “Here’s what he’s done. Can you beat
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it?” So of course, he got more level and they said, “Wow, look at that.” So the pro­ducer and the head of the la­bel said, “You know, we re­ally like what you did, but we don’t feel it’s fair that you went first. Do you want to take an­other shot at it and hear what the other guys did?” So here we go. The tapes are com­ing back to­day. I’m go­ing to get a copy of what they did to see if I think I can do it any bet­ter or any dif­fer­ently. But the irony is that the pro­ducer was here when we did it the first time. This is what he said he wanted. Now, why are we do­ing this again? The prob­lem is if you stay in a sit­u­a­tion where you’re al­ways go­ing first and end up not do­ing the mas­ter- ing, then you have peo­ple go, “Well, why should I even go over there?” It’s a hor­ri­ble sit­u­a­tion, and I don’t per­son­ally know how to break the cy­cle, other than get­ting peo­ple to lis­ten.




As the qual­ity of the mu­sic is go­ing down, so are the record sales. I don’t think any­body has tried to make a cor­re­la­tion be­tween the fact that if it’s fa­tigu­ing to lis­ten to, the peo­ple at home are go­ing, “I can’t even lis- ten to the whole record. It comes on, it’s in my face—it never gets quiet, there are no dy­nam­ics. I could only lis­ten to five songs. Take it off and throw it away. It’s ir­ri­tat­ing.”




Do you think the prob­lem lies in mas­ter­ing or is it in mix­ing?

GLENN MEAD­OWS: God, that’s a hard ques­tion.




I must ad­mit that if I don’t use the buss com­pres­sor, I have clients who will get up­set. And no mat­ter how bad it sounds, you never get in trou­ble if you use it. But you get in trou­ble if you don’t.

GLENN MEAD­OWS: Right. And of course you al­ter your mix be­cause it’s in there, so it wouldn’t do any good, re­ally, to have one with­out it be­cause it’s not go­ing to have the right bal­ances. It re­ally is a catch-22.




My typ­i­cal ap­proach to do that is to use like a 1.15:1 com­pres­sion ra­tio and stick it down at –20 or –25 so you get into the com­pres­sor real early and don’t no­tice it go­ing from lin­ear to com­pressed and ba­si­cally just pack it a lit­tle bit tighter over that range. I’ll get maybe 3 dB of com­pres­sion, but I’ve brought the av­er­age level up 3 or 4 dB, and it just makes it big­ger and fat­ter. That’s what we did to it, and the record la­bel goes, “Wow, how did you do that? It doesn’t sound lim­ited and com­pressed?” And he and I just looked at each other and smiled. It sounded great on the ra­dio, and that’s the whole point. Peo­ple think that they have to be heav­ily com­pressed to sound loud on the ra­dio, and they don’t.




When you use your com­pres­sion tech­nique, are you us­ing the typ­i­cal ra­dio at­tack and re­lease set­tings? Long at­tack, long re­lease?

GLENN MEAD­OWS: No, it varies. It de­pends on what the tempo of the mu­sic is do­ing. I’ll ad­just it track by track.
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Breath­ing to the mu­sic.

GLENN MEAD­OWS: Yes. Most ev­ery­thing I do is tai­lored to what the mu­sic dic­tates that it needs. There’s no pre­set stan­dard that I’m aware of that I use, al­though I had a pro­ducer come in and have me mas­ter a record, and then he went back and matched it with a Fi­nal­izer and stored the set- ting: “Ah, there’s the Mas­ter­fon­ics set­ting.” He told me he did the same thing for Gate­way. He had a cou­ple of things mas­tered up there and then found a com­mon set­ting, and now he’s got it as his Gate­way pre­set. He does his own mas­ter­ing now. “Ah, make it sound like Gate­way. There it is.” I told Bob [Lud­wig] that, be­cause he and I have been friends for prob­a­bly 20 years, and he just died laugh­ing. He said, “If you can find out what that set­ting is, send it to me. I’d love to have it, be­cause I don’t know what I do.”




What makes a great mas­ter­ing en­gi­neer?

[image: image]GLENN MEAD­OWS: The abil­ity to use dis­cre­tion. The abil­ity to lis­ten to a piece of prod­uct and say, “You know, this re­ally doesn’t need much of any­thing.” At this point in my ca­reer—I’ve been do­ing this for al­most 30 years now—if I put a client’s tape up and I don’t have a pretty good clue by the time I’m at the end of the first run of the first song as to what that song needs, they ought to go back and remix. I find that the real value of a main­stream mas­ter­ing fa­cil­ity ver­sus try­ing to do it your­self or do­ing it in a small back­woods-type place or a base­ment place is that the ex­pe­ri­ence of the en­gi­neer comes into play, and it can save you money and time. We have had sit­u­a­tions where clients say, “Oh, we can’t pay your $210 an hour. We know how long it takes to mas­ter.” And I said, “Well, tell me about what you did the last time.” “Oh, we went to this guy and it was $25 an hour.” “How long did you spend?” He said, “We spent four days.” “Three or four hours a day?” “No, he worked 10, 12 hours a day. It cost us a for­tune.” I’m just shak­ing my head in dis­be­lief and say­ing there is no rea­son that an al­bum of what you’re putting out should take more than seven or eight hours at the most. I said, “To be real hon­est with you, if I had to spend more than four or five hours on the record to get 98 per­cent of what can be got­ten out of it, I’m wast­ing your time.”




I don’t mean to be ar­ro­gant, but it has to do with the ex­pe­ri­ence of the en­gi­neer work­ing in his en­vi­ron­ment. He’s in the same room ev­ery day for years. I can walk into this room in the morn­ing and know if my mon­i­tors are right or wrong just by lis­ten­ing to a track from yes­ter­day. To me, that’s the value of a mas­ter­ing en­gi­neer. What they bring to the ta­ble is the cross sec­tion of their ex­pe­ri­ence and their abil­ity to say, “No, you re­ally don’t want to do that.”




Speak­ing of which, what makes a great fa­cil­ity? Is it pos­si­ble to have a great mas­ter­ing en­gi­neer in a fa­cil­ity not up to par with his abil­i­ties?

GLENN MEAD­OWS: Yes, it can be done be­cause he knows the fa­cil­ity and he knows its lim­i­ta­tions—how to work around them and how to get the
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most out of the fa­cil­ity. You can put a medi­ocre en­gi­neer in a great fa­cil­ity, and if he doesn’t know what he’s do­ing and doesn’t know how to get the most out of what tools he has at his dis­posal, you are never go­ing to get there.




Tell me about a great fa­cil­ity. What makes it great?

GLENN MEAD­OWS: It is not some­thing that nec­es­sar­ily has the lat­est and great­est bells and whis­tles. It’s a fa­cil­ity that’s able to cap­ture what you started on tape and see it through to where the client is happy with what he walks out the door with, and the abil­ity to do that on a con­sis­tent ba­sis as well. It doesn’t nec­es­sar­ily have to be ex­actly right the first time be­cause that’s why you give a client a ref­er­ence. You let them go lis­ten in the envi- ron­ment they’re fa­mil­iar with, be­cause you’re forc­ing them into your envi- ron­ment to start with. That’s why they’ve come to you, be­cause they value your opin­ion and your ears and what that brings to the ta­ble. By the same to­ken, we all can’t ex­pect to get them 100-per­cent right ev­ery sin­gle time.




What’s your typ­i­cal day like?

GLENN MEAD­OWS: For me, usu­ally in by 8, 8:15. I get caught up on last- minute projects where clients might need some copies by mid-morn­ing or there’s an emer­gency sin­gle that gets pulled from an al­bum—that type of stuff. If it’s a day with clients, then we pretty much try to hold to one proj- ect a day un­less they are sin­gles, then maybe we do two or three a day. If it’s an al­bum, we’ll start at 10:00, break at 12:30 or 1:00 for lunch, then come back and fin­ish up. In the af­ter­noon we’re run­ning ref­er­ences for the client. If we’re done early, then we’re able to get onto our pro­duc­tion work for al­bums that are ap­proved or ref­er­ences that need level tweaks or changes done to them. We’re kind of unique in Nash­ville in that we’re very close to Mem­phis so our FedEx pickup is 9:15 at night, and it al­lows us to run a long day. If we fin­ish with clients at 4:00, we can then start crank­ing out what­ever it may be that has to go out the door. Whereas on the two coasts, the last pickup is at 5 PM, so if you miss that, it’s like an­other day be­fore it gets done. Here, we’ve got an­other four-hour shift that we can run.




Do you do your own pro­duc­tion work?

GLENN MEAD­OWS: I do my own pro­duc­tion work. That’s just part of what I bring to the ta­ble with the clients. I’ve got a lot of hard drive space avail­able, so a lot of projects can stay on­line for a long time un­til they are ap­proved. When we’re do­ing CD-R mas­ters, we run them at real time with au­dio present so that we can hear what goes down, be­cause I’m the one who did the work so I’m the one who is go­ing to no­tice if some­thing is wrong. If I pass this onto some­body, and there’s a process that’s not work- ing right or an au­to­ma­tion move that sounds weird, they’re not go­ing to know. Af­ter all, it’s my name that goes on the project as “mas­tered by.” I
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did the same thing on vinyl for quite a few years when I did all of my own lac­quer cut­ting.




What do you usu­ally send to the repli­ca­tor?

GLENN MEAD­OWS: Ver­i­fied mas­ters are run through the StageTech veri- fier, the print­out sheet is put in a Zi­ploc bag, and the jewel box is taped closed with a note to the plant say­ing that if it’s opened and there’s a prob- lem, we don’t war­ranty it. We tell the client, “If you take it out and play it, it’s yours. If there’s a prob­lem on it, we’ve ver­i­fied it. We’ve lis­tened to it by ear.” While we ver­ify we also have a guy lis­ten­ing on head­phones for any ex­tra­ne­ous clicks or pops or any­thing strange, so it’s been lis­tened to twice. That’s why we charge $350 for it. We run into those sit­u­a­tions where a client will say, “Oh, just give me a ref disc,” and they’ll take the ref and ap­prove it and send it straight on to the plant. It leaves you kind of like scratch­ing your head, go­ing, “Okay, but how do you know if the disc is good?” be­cause we don’t run the CD-R ref­er­ences through the ver­i­fier.




You should catch some­thing by that time.

[image: image]GLENN MEAD­OWS: Ab­so­lutely. And he also checks that the start cues are work­ing, and then we look at the print­out of the er­ror re­port and make sure there are no ex­tra­ne­ous E22s and things like that on the disc that should re­ject it. If we catch that, we just burn it again. But we don’t want

the client to lis­ten to it be­cause they’ve al­ready ap­proved a ref­er­ence disc, and they’re pay­ing us to make sure that their mas­ter is what they’ve ap­proved. That’s the value we bring to the ta­ble, rather than cut­ting the CD mas­ter and say­ing, “Okay, here it is. You go lis­ten to it and de­cide if it’s okay.” That, to me, is pass­ing the buck.




We’re get­ting paid a large num­ber of dol­lars to do these. They look at us like, “$350? The disc only costs two bucks.” And I say, “Yeah, but you’re not pay­ing for the disc. You’re pay­ing for the time it takes us to cre­ate it to give you ex­actly what you are sup­posed to have.” So that’s kind of the way it works, and we don’t have any prob­lem with clients try­ing to lis­ten to them as a re­sult. It gets to the plant, and the plant says, “Yes, it came in sealed,” so it seems to be work­ing.




Is there a par­tic­u­lar sit­u­a­tion that’s more dif­fi­cult than oth­ers?

GLENN MEAD­OWS: Prob­a­bly I put my­self in the sit­u­a­tion where I con- tinue to work with cus­tom peo­ple—guys who are just putting out 500 CDs. I’ve al­ways felt that they de­serve as much of an op­por­tu­nity to have their prod­uct han­dled by a pro as any­body else does. But you get some stuff and you just kind of have to roll your eyes like, “Wow, this is re­ally bad.” You have to be diplo­matic about it be­cause that’s the best a client can do some­times. I think that’s the hard­est thing; be­ing diplo­matic in situa- tions when you know that in re­al­ity they are only go­ing to sell these to their friends and fam­ily.
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Do you do a lot of these?

GLENN MEAD­OWS: I do enough of them. I used to not be avail­able to do that type of stuff, and I per­son­ally felt bad be­cause part of how I started out in this busi­ness was do­ing cus­tom disc mas­ter­ing. These peo­ple want to pay the rate, so they de­serve to have what can be done to help their prod­uct. In many cases it’s a whole lot eas­ier to make dra­matic im­prove- ments on bad-sound­ing stuff than it is to take some­thing that sounds great and make it dra­mat­i­cally bet­ter. That’s even harder—to try and make a dra­matic im­prove­ment in a great-sound­ing tape and to know when to leave it alone.




What do you en­joy the most in mas­ter­ing?

GLENN MEAD­OWS: I en­joy any­thing that is well recorded and the mu­sic is good. Be it a French Cana­dian project I’m lis­ten­ing to while we do this, be it a jazz thing or a clas­si­cal project. If the mu­sic is good, I re­ally en­joy it. We do most of the mas­ter­ing on the Cirque de Soleil sound­track al­bums for their shows, and that is just a joy to work on be­cause the mu­sic is great. There is no pre­tense that we’re try­ing to make this ra­dio-friendly or any- thing else. This is a piece of mu­sic that has got to sound great at home, and that is the en­joy­able part, when it doesn’t have to be com­mer­cial.




Is there some­thing that a pro­ducer can do be­fore­hand that makes your job eas­ier or some­thing that just makes it a lot harder? Maybe that’s two ques- tions.

GLENN MEAD­OWS: I re­ally hate, and have a much more dif­fi­cult time, work­ing with ma­te­rial that has been pre-pre-mas­tered. I’m not crazy about any of those mas­ter­ing-in-a-box type deals, be­cause most of what they do is un­doable. Most peo­ple us­ing them are lis­ten­ing in less than ideal en­vi­ron­ments, and they can’t hear a lot of the stuff that’s go­ing on. Plus, your ears be­come so used to it that it be­comes like an ad­dic­tion where more is bet­ter. If it is louder, it is bet­ter. If it has got more bass and more top, it is bet­ter. Just what­ever more is, that is bet­ter. As a re­sult you have a file that is sit­ting right at zero or clip­ping, and they want you to mas­ter it. You’re go­ing, “Well, there’s barely much left to do. You have kinda killed it al­ready.”




Do you nor­mal­ize? Do you ever use the nor­mal­ize func­tion?

GLENN MEAD­OWS: No. I don’t use a com­puter to de­cide how much to bring some­thing up. Typ­i­cally, I will process on the way into the work­sta- tion. I am not a load-it-in-and-then-mas­ter kind of guy. I pre­fer to take the orig­i­nal source ma­te­rial and go through what­ever pro­cess­ing gear I de­cide I need or would like to use on the project, and come into the work- sta­tion and deal with it that way.
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I have a ref­er­ence point where I park the mon­i­tors when I start work- ing on the cut, and I kind of get a feel for what it is do­ing and then look at the head­room com­ing in to see where I am at. In­vari­ably, I end up within 1/4 or 1/2 dB at the top, maybe be­cause there is a lit­tle bit of a peak lim­iter sit­ting there as a pro­tec­tion. But once in the work­sta­tion, I will use the pro­cess­ing only as sub­tle fi­nal tweaks. I don’t use the in­ter­nals of the work- sta­tion as my mas­ter­ing tools per se. The work­sta­tion is an edit­ing area. It is a scratch­pad to do all the work in and com­pile it and put it to­gether. The out­board gear is what I use for mas­ter­ing, and that is just the way I have grown into it.




Is that sig­nal chain dig­i­tal, ana­log, or a com­bi­na­tion?

GLENN MEAD­OWS: It can be a com­bi­na­tion, but my path is typ­i­cally 99- per­cent dig­i­tal be­cause 99 per­cent of what I am get­ting is dig­i­tal.




Do you ever get a re­quest to add ef­fects or have to add some tail to some­thing that has been cut off?

GLENN MEAD­OWS: Ev­ery now and then we do, yes. We just did a thing where one of the cuts on the al­bum is a live pi­ano/vo­cal track done live at a show. The mix that they ended up do­ing was a bit too dry, so we just added some verb and mas­ter­ing to it, and they are all happy.
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GLENN MEAD­OWS: I use a Lex­i­con 300L if we need it and route through

the mixer in SADiE. In this par­tic­u­lar case, the stupid lit­tle plug-in that SADiE had gave just the char­ac­ter it needed, so it lit­er­ally was added in­side the work­sta­tion and is part of the project, which in it­self is strange, but it works.




Do you use sub­woofers?

GLENN MEAD­OWS: No. The mon­i­tors in the room I am in and the room mea­sure flat to 28 Hz.


CHAP­TER 24
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In­ter­view: Bob Olhs­son
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Af­ter cut­ting his first num­ber-one record (Ste­vie Won­der’s “Up­tight”) at age 18, Bob Olhs­son worked on an amaz­ing 80 top-10 records while work- ing for Mo­town in De­troit. Now lo­cated in Nash­ville, Bob’s unique view of the tech­nol­ogy world and his in­sight­ful ac­count of the his­tory of the in­dus­try makes for a truly fas­ci­nat­ing read.




How do you think mas­ter­ing has changed from the vinyl days to the way it is now?

BOB OLHS­SON: Well, I was think­ing about that. In the vinyl days we were very con­cerned with me­chan­ics, mean­ing the playa­bil­ity of a record and whether it could be man­u­fac­tured. A mas­ter­ing er­ror in those ar­eas would mean thou­sands of re­turned press­ings. It was a big fi­nan­cial fac­tor. Tapes, for the most part, came from larger stu­dios with more ex­pe­ri­enced peo­ple, so you didn’t re­ally have that much to do in a lot of cases. You might use lit­tle EQ, a lit­tle level cor­rec­tion, fil­ter some low-fre­quency and de-ess some highs so you wouldn’t run into skip­ping prob­lems, but other than that you pretty much tried to go with the sound on the mas­ter tape. It was a lot more nuts and bolts. You’d al­ways think, “How do I get it off from the tape onto the disk and still have some­thing re­sem­bling the same thing come back?” So it started out very much as that kind of con­sid­er­a­tion.




Then, as the record­ing in­dus­try moved to the use of in­de­pen­dent stu- dios, we be­gan to get a new gen­er­a­tion of in­de­pen­dent mas­ter­ing stu­dios. They got more in­volved with work­ing on the au­dio it­self, partly be­cause the stu­dios ei­ther had less ex­pe­ri­ence or had less feed­back than, say, you would get in a record com­pany stu­dio. In a record com­pany stu­dio, you hear about it in a big hurry if some­thing doesn’t sound good, whereas in an in­de­pen­dent stu­dio you may or may not hear about it be­cause by the time the sales­peo­ple are in­volved, the stu­dio is com­pletely out of the loop. So Ster­ling Sound and the Mas­ter­ing Lab and so forth were kind of the first gen­er­a­tion of mas­ter­ing stu­dios that were not part of record com­pa­nies.
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At the same time, the record com­pany stu­dios be­came more in­volved in what we called “cre­ative mas­ter­ing.” This was where Bernie Grund­man at A&M, for ex­am­ple, made a very large im­pact from a record com­pany stu­dio. On the East Coast I guess Ster­ling was prob­a­bly the first. There was a stu­dio, Bell Sound, which was both a record­ing stu­dio and a mas­ter­ing fa­cil­ity, and they were a very big deal. Mo­town used to send their stuff to Bell.




In 1948, the ma­jors de­cided they were go­ing to stop do­ing any­thing other than mid­dle-of-the-road pop mu­sic, and so a whole bunch of peo­ple left the ma­jors and started the in­de­pen­dent record com­pa­nies—the At­lantics, the VJs, the Chesses, and so forth. Later on, Mo­town was ac­tu­ally part of the sec­ond gen­er­a­tion of that evo­lu­tion. This was a whole par­al­lel thing that was cre­ated by the ad­vent of tape record­ing. The idea that you didn’t have to record to disk and go through all that stuff that re­quired this spe­cial­ized ex­per­tise was a rev­e­la­tion. You could now go into a stu­dio that had done broad­cast ad­ver­tis­ing, or you could go into a ra­dio sta­tion.

At­lantic used to use ra­dio sta­tions all over the coun­try. They would find an artist they wanted to record and sign them to a con­tract on the spot. Then they’d find a lo­cal ra­dio sta­tion, make a tape, and send it back to New York. A lot of their early records were done that way. They even­tu­ally built their own stu­dio, and the rest is his­tory. A friend of mine, Joe
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When you were at Mo­town, were you in De­troit or LA?

BOB OLHS­SON: I was in De­troit, the real one.




You did the mas­ter­ing?

BOB OLHS­SON: Well, it was a com­pli­cated thing. Ba­si­cally, Berry Gordy is a man who tried to never make the same mis­take twice, so he had his own sys­tem that was in­te­grated into RCA’s man­u­fac­tur­ing. If at all possi- ble, he wanted the mixes to be able to be mas­tered flat. So in many cases, if it didn’t work well flat, it got sent back to mix­ing rather than at­tempt­ing to fix it in mas­ter­ing. He also had a pol­icy that he wouldn’t eval­u­ate any­thing other than off a disk since he wouldn’t have a tape recorder in his of­fice.

He wanted to hear how it stacked up against other records on the mar­ket, and he wanted that per­spec­tive on ev­ery­thing he lis­tened to. So we basi- cally did an ac­etate of ev­ery mix that was done. We would oc­ca­sion­ally sug­gest a change, but for the most part they wouldn’t ap­prove any­thing at all rad­i­cal. Any­thing be­yond a cou­ple of dB at 4,000 was sent back for an­other mix.




So what I was do­ing was ba­si­cally cut­ting these ac­etates. We would cut a 33 1/3 of all the mixes, and then they would pick which ones they wanted to go to the next step. If there was some mar­ket­ing rea­son why it had to
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hap­pen fast, we would do the mas­ter­ing. But if there was time, we would send the ac­etate and the mas­ter tape to RCA and tell them to match it.

They were will­ing to ab­so­lutely guar­an­tee press­ings and turn around any mis­takes in 24 hours. We went that route be­cause Berry’s first busi­ness was a record store, and he knew all about de­fec­tive press­ings.




What was the rea­son for them do­ing the mas­ter­ing? Did he think that there would be fewer re­jects if it hap­pened there?

BOB OLHS­SON: He had a guar­an­tee. Ba­si­cally, the way it was set up is we would hardly even know about a prob­lem be­cause they would deal with it all in­ter­nally at RCA. So they were ac­tu­ally match­ing an ac­etate that we had sent, and we would check their ac­etate to make sure that it matched what we had done be­fore let­ting it go. That was the process.




That’s far dif­fer­ent from what you would think.

BOB OLHS­SON: Yes, it was pretty unique. Ba­si­cally, the se­cret of the suc- cess of Mo­town was be­ing able to co­or­di­nate ap­pear­ances of the artists with records in the stores at the right time.




You saw first­hand some­thing that may not ever hap­pen again. That was prob­a­bly a won­der­ful ex­pe­ri­ence to live through.

BOB OLHS­SON: Oh yes. I’m con­vinced Berry Gordy is ab­so­lutely the smartest per­son I’ve ever heard of in the record busi­ness. All my ex­peri- ence since then has been look­ing at how peo­ple are do­ing things and scratch­ing my head and won­der­ing why on earth they are tak­ing the long way around. I’ve watched var­i­ous la­bels go through their changes, and my per­spec­tive is sort of an odd cyn­i­cism be­cause I haven’t seen much new. I would love to see some­body put to­gether a book about how he ac­tu­ally ran the com­pany. They have done all these books that have been ba­si­cally writ­ten for the fans of the artists, but they haven’t re­ally got­ten into how the com­pany worked and what they did.




The neat thing about do­ing mas­ter­ing there was that we saw ev­ery- thing. We had to re­late to vir­tu­ally ev­ery part of the com­pany, and we were among the only peo­ple that ever saw the whole thing. It was re­ally bril- liant. Of course, I am also not sure that he re­al­izes how bril­liant it was. He was just a very bright and very, very, very log­i­cal man. He was al­ways think­ing, “How can I make this sim­pler? How can I make this bet­ter?” And it meant that we did ev­ery­thing in a some­what dif­fer­ent way than the rest of the in­dus­try, but of­ten it was a much smarter way.




Like, for ex­am­ple, the Mo­town artists never paid for any stu­dio time. They never paid for pro­mo­tion. They didn’t pay a man­ager’s fee out of the record roy­al­ties. They didn’t pay for a lot of stuff, and they got a lower roy- alty rate as a re­sult. But you have all these peo­ple run­ning around be­liev- ing they re­ally got ripped off be­cause they don’t re­al­ize that the higher
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rates that the other com­pa­nies paid would then get whit­tled down to next to noth­ing. So, it’s an ap­ples and or­anges thing.




I was do­ing mas­ter­ing there un­til about 1968, and then I got moved into the stu­dio be­cause I had a back­ground in mu­sic. So from that point on I was do­ing vo­cals, strings, horns, rhythm dates, the whole bit. I was one of the two peo­ple that held ev­ery en­gi­neer­ing job there. The other one is Larry Miles.




The mu­si­cians were all jazz play­ers. Berry is a big jazz fan. His record store was a jazz record store, and it com­pletely failed, but he learned his les­son. Just be­cause he loved some­thing didn’t mean that it was com­mer- cial, so af­ter that he be­gan do­ing the most uni­ver­sally com­mer­cial stuff he could. His goal for the com­pany was for it to be an­other RCA or Co­lum­bia.




And he al­most got there.

BOB OLHS­SON: I think what fi­nally brought it down was the whole MTV thing, spend­ing hun­dreds of thou­sands of dol­lars on videos and that kind of thing. Of course Mo­town was much more ori­ented around the mu­sic than the video.




[image: image]I think the one ef­fect of the In­ter­net may be to com­pletely turn that back around again. I think in a lot of ways it is like ’48 all over again—the num­bers aren’t go­ing to work for these big new con­glom­er­ates, and a new com­plete in­de­pen­dent scene will de­velop. I look at on­line to play the same role that ra­dio did in the ’50s.




The thing peo­ple don’t un­der­stand is that mu­sic is a so­cial thing.

Peo­ple do mu­sic with other peo­ple. They want to hang out with peo­ple that are into a given kind of mu­sic. It’s some­thing they have on in the back­ground of their life. It’s like a piece of ar­chi­tec­ture al­most. It’s not some­thing where they put their life on hold to con­cen­trate on it, like a film. It’s a very, very dif­fer­ent prod­uct, and Mo­town was re­ally aware of that. That and the danc­ing.




In ret­ro­spect, an­other thing is bla­tantly ob­vi­ous, but I don’t think any- body re­ally re­al­ized it back then. What we called the R&B chart was re­ally the women’s chart. [Laughs.] I think the thing we didn’t re­al­ize was that be­gin­ning with the Bea­t­les, men had be­come an im­por­tant com­po­nent in buy­ing records, and the records we were mak­ing largely ap­pealed to women. We weren’t all that suc­cess­ful at mak­ing records that men were into. That just kind of came crash­ing home to me re­cently. It’s like our own racism lim­ited us be­cause we thought it was a racial thing and it prob­a­bly wasn’t. That may be true of the whole in­dus­try. Now it’s swung back that way again. This last year, women just started buy­ing more records than men for the first time since the Bea­t­les.
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I read some­where that the de­mo­graphic that buys the most CDs nowa­days is white women over 30.

BOB OLHS­SON: It’s the fastest-grow­ing group, I know that. I’ve ac­tu­ally been try­ing to re­search that some my­self. In our web mas­ter­ing project, one of the things that I have been do­ing is try­ing to come up with sta­tis­tics about sig­nal pro­cess­ing and de­mo­graph­ics. Un­for­tu­nately, most of the re­search has been done by broad­cast­ers and is ex­tremely pro­pri­etary. They paid for it and they’re damned if they’re go­ing to have other peo­ple know- ing what they learned.




I had an ex­change with Bob Or­ban [whose Op­ti­mod com­pres­sor/lim- iter is at the heart of most ra­dio and TV sta­tions’ sig­nal chains] and found out a cou­ple of real in­ter­est­ing things. Ap­par­ently too much high fre- quency ab­so­lutely kills you with women, but a lot of bass is very im­por­tant to women. Too much com­pres­sion kills you with women be­cause it be­comes what he calls “in­tru­sive.” You want it to be able to be on and in the back­ground all the time. You don’t want it pulling your at­ten­tion away. You still don’t want it to be bor­ing, and dy­nam­ics ac­tu­ally help with that, so it’s a fine bal­ance from a sta­tion’s view­point. In or­der to ap­peal to women, they have to be less in your face, and the more in-your-face thing has to do with maybe the first 10 sec­onds that some­body lis­tens to a sta- tion be­fore they ad­just the vol­ume con­trol.




How do you think we’re go­ing to get back to the use of dy­nam­ics, be­cause now we’re squeez­ing the life out of ev­ery­thing ev­ery­where along the line?

BOB OLHS­SON: The usual the­ory is that no­body will ques­tion it as long as it is sell­ing, but, of course, new record­ings are not sell­ing. I found out that the av­er­age new re­lease is sell­ing some­thing like 800 copies. The few ti­tles sell­ing very well, the record­ings that are sell­ing mil­lions of copies, are not pay­ing for the ones that aren’t. Ap­par­ently this came up in Sound­Scan, and Bill­board printed the thing, and a bunch of the ma­jors tried to ac­tu­ally get them to pull that is­sue off the stands be­cause they didn’t want their stock­hold­ers see­ing that statis­tic. So there is cer­tainly some­thing go­ing on there.




I have heard that there are some ma­jor meet­ings go­ing on in an at­tempt to more or less reel pro­duc­tion back into the record com­pa­nies. They are re­think­ing a lot of stuff be­cause of the drop­ping per­cent­age of ti­tles that are pay­ing for them­selves. It may all come out in the wash be­cause while stuff cer­tainly is go­ing to get squeezed, if peo­ple can come up with fig­ures that in­di­cate that over-com­pres­sion can harm sales, that is def­i­nitely the mes­sage that can turn it around.




Re­turns would scare peo­ple away from go­ing too far.

BOB OLHS­SON: You had that same eco­nomic with vinyl. But in this case, we can do things be­yond any­thing we were ever able to do be­fore, like turn
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the sig­nal into a square wave, even. The other thing is that peo­ple are com- monly go­ing too far with com­pres­sion dur­ing mix­ing, so much that an aw­ful lot of mixes can’t be helped. I av­er­age a cou­ple of mas­ter­ing jobs a year where I can’t do any­thing to it. If you switch any­thing in at all, it just ab­so­lutely turns to dust. All you can do is hope that the sta­tions that play it won’t de­stroy it too much more.




Do you have a phi­los­o­phy about mas­ter­ing?

BOB OLHS­SON: Well, first, do no harm. To me it’s a mat­ter of try­ing to fig­ure out what peo­ple were try­ing to do, and then do what they would do if they had the lis­ten­ing sit­u­a­tion and ex­pe­ri­ence that I have. I sort of try to be them be­cause I see the whole process as a mat­ter of try­ing to clear the tech­nol­ogy out of the way be­tween the artist and the au­di­ence. You’ve got this per­son on this end who is do­ing a per­for­mance, and you have these peo­ple on the other end who are lis­ten­ing to it, so I think it’s largely about keep­ing the tech­ni­cal as­pects from dis­tract­ing from the per­form- ance. That’s the most ba­sic thing. Then, to a cer­tain de­gree, you can en­hance things, of course. You can get it so that you can hear more of what they were do­ing on a wider range of play­back sys­tems or play­back cir­cum- stances.




[image: image]What I’m do­ing is mostly turn­ing parts up, turn­ing parts down, put- ting dif­fer­ent EQ on dif­fer­ent parts, and try­ing to get the dy­nam­ics so that there are some. I’m re­ally try­ing to make some­thing that some­body got work­ing on a pair of Gen­elecs work on big sys­tems and lit­tle ones, but yet some­body at a lis­ten­ing sta­tion in a record store won’t need to switch the vol­ume con­trol. So it has to be up at the cur­rent ac­cepted level, and yet I have to try to fig­ure out how to do the least harm to it and still have it be an ex­pe­ri­ence that peo­ple want to hear re­peat­edly. I can’t un­der­stand the idea of some­body buy­ing some­thing that they aren’t go­ing to want to lis- ten to over and over. To me, that is kind of the whole point.




But the big thing is com­mu­ni­ca­tion. It’s about some­body work­ing some magic in front of a mi­cro­phone, and peo­ple hav­ing the ef­fect of that magic com­ing out of a loud­speaker. To me, that is the key to the whole thing. Do ev­ery­thing you can to get the mu­sic to hap­pen in front of the mics and ev­ery­thing you can to pro­tect it af­ter it is an elec­tri­cal sig­nal.




The whole thing is to try to max­i­mize the amount of ex­per­tise that you can af­ford, be­cause you don’t re­ally want to mas­ter your own record­ings. For my own record­ings, if I can push the bud­get, I go to Bob Lud­wig. I’m frankly more im­pressed with his work than al­most any­body I have heard, and I have taken projects to just about ev­ery­body in the busi­ness. I think the man de­serves his rep­u­ta­tion. The un­for­tu­nate part of it is that at this point I sus­pect he gets mostly save jobs. Stuff where you’ll never know how bad it re­ally was. And so a lot of the stuff that has his name on it is fairly
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medi­ocre and of­ten was prob­a­bly sent to some­body else, and the la­bel bounced it back and said, “Well, okay. Let’s throw the big bucks at this and see if he can save it.”




What makes a great mas­ter­ing en­gi­neer as op­posed to some­one who is just com­pe­tent?

BOB OLHS­SON: A will­ing­ness to go the ex­tra mile and re­ally dig in and try and make some­thing bet­ter. It’s a will­ing­ness to fix the in­tro of some- thing that is a lit­tle off as op­posed to just let­ting it go.




How long does your typ­i­cal mas­ter­ing job take?

BOB OLHS­SON: For in­de­pen­dent clients, typ­i­cally at least six hours.




Do you have to add ef­fects at all?

BOB OLHS­SON: Like re­verb? Yes, we do that on some things. We do a lot of com­pi­la­tions where we’re start­ing with wildly dif­fer­ent sources and try- ing to get them to lay to­gether. It can be pretty chal­leng­ing. We just did a com­pi­la­tion of some Rus­sian choral mu­sic where some new record­ings had been done in a pretty dry church, and they just didn’t mix with the stuff that had been done in a cathe­dral, so I had to add a ton of re­verb to that.




What did you use?

BOB OLHS­SON: Well, we have a Nu­Verb sit­ting in a spare ma­chine, and that ap­pealed to me be­cause you can save the set­tings. Of course in mas- ter­ing, a whole lot of what it’s about is how you re­pro­duce it five years later. So I’m very, very anal about ar­chiv­ing source files and set­tings, and even soft­ware in some cases, so that I can pull it back later. Be­cause as things have pro­gressed, I’ve found that I can go back and take some­thing I mas­tered five years ago and do a heck of a lot bet­ter job to­day. So if I can go back to the sources and even just see what my set­tings were, I can just use newer soft­ware. The soft­ware that’s made most of this hap­pen is the Waves stuff.




Are you us­ing just one set of mon­i­tors, or do you go back and forth?

BOB OLHS­SON: I don’t like mul­ti­ple mon­i­tors in a stu­dio, al­though I’ll use the lit­tle speaker on a Studer two-track. I also check things out in my car. I find mid-level al­ter­nate mon­i­tors just con­fuse things.




Do you lis­ten in mono much?

BOB OLHS­SON: Yes, be­cause too many de­ci­sions are made in mono down the line. We have had oc­ca­sional prob­lems. We had one artist that de­cided they liked the ef­fect of the lead vo­cal 180 de­grees out of phase on each side, so when you mixed it to mono it went away. We had to ex­plain to them that you don’t re­ally want to know what the lim­iter at a ra­dio sta- tion is go­ing to do on that, be­cause the sta­tions have these cor­re­la­tion
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switch­ers that try to switch ev­ery­thing in phase. I un­der­stand there are also things that will some­what mono-ize a sig­nal be­cause it will re­duce the dis- tor­tion in stereo. So there is a lot of ma­nip­u­la­tion go­ing on there. They as­sume a clean, co­her­ent sig­nal go­ing in, so if you give them some­thing that isn’t, heaven only knows what will hap­pen.




How do you see mas­ter­ing chang­ing in the fu­ture? What will the mas­ter­ing fa­cil­ity of the fu­ture look like?

BOB OLHS­SON: I think there is go­ing to be a lot more in­volve­ment by the pro­duc­ers and mix­ers than there has been be­cause if any of the new for­mats fly, things are go­ing to be a lot more com­plex. Hav­ing three dif­fer- ent mixes of voice up, voice down, and voice in the mid­dle in a six-chan­nel sur­round is go­ing to be pretty un­wieldy to keep straight. I mean, there are just so many more things that can go wrong that I think a lot of it is very likely to go the way of the film busi­ness, be­cause that was how they worked out to deal with all the dif­fer­ent the­atri­cal for­mats. Film mixes are done to stems, and then those are “mas­tered” to the var­i­ous sur­round for­mats.




What are you lis­ten­ing to at home?

BOB OLHS­SON: Dun­techs with a pair of Hafler 9505s. It’s real good for dig­i­tal be­cause it’s a very bright, clean sys­tem, so it re­ally shows up any ar­ti­facts. That’s ba­si­cally what we want it to do. We just want to come up
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In­ter­view: Doug Sax
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If ever there was a ti­tle of “God­fa­ther of Mas­ter­ing,” Doug Sax has truly earned it, as ev­i­denced by the ex­tremely high re­gard in which the in­dus­try holds him. One of the first in­de­pen­dent mas­ter­ing en­gi­neers, Doug liter- ally de­fined the art when he opened his world-fa­mous The Mas­ter­ing Lab in Hol­ly­wood in 1967. Since then, he has worked his magic with such di­verse tal­ents as the Who; Pink Floyd; the Rolling Stones; the Ea­gles; Di­ana Krall; Kenny Rogers; Bar­bra Streisand; Neil Di­a­mond; Earth, Wind & Fire; Rod Stew­art; Jack­son Browne; and many, many more.




Do you have a phi­los­o­phy about mas­ter­ing?

DOUG SAX: Yes. If it needs noth­ing, don’t do any­thing. I think that you’re not do­ing a ser­vice adding some­thing it doesn’t need. Mas­ter­ing doesn’t cre­ate the prod­uct. I don’t make the stew; I sea­son it. And if the stew needs no sea­son­ing, then that’s what you have to do. If you add salt when it does- n’t need any, you’ve ru­ined it. I try to main­tain what the en­gi­neer did. A lot of times they’re not re­ally in the ball­park due to mon­i­tor­ing, so I EQ for clar­ity more than any­thing.




When you first run some­thing down, can you hear the fi­nal prod­uct in your head?

DOUG SAX: Oh yes, vir­tu­ally in­stantly. Be­cause for the most part I’m work­ing with mu­sic that I know what it’s sup­posed to sound like. But once in a while I’ll get an al­bum that is so strange to me, be­cause of ei­ther the mu­sic or what the en­gi­neer did, that I have no idea what it’s sup­posed to sound like, and I of­ten will pass on it. I’ll say, “I just don’t hear this. Maybe you should go some­where where they’re clued into what you’re do­ing.”




But for the most part, I’m for­tu­nate to usu­ally work on things that sound pretty good. I do Bill Schnee’s stuff and George Massen­burg’s and Ed Cher­ney’s and Al Schmitt’s—who’s the most nom­i­nated en­gi­neer, you know. I’ve done his stuff since 1969. These are clients that I’m the one they
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go to if they have a say in where it’s mas­tered. Ev­ery room has its claim to fame, and mine is that I work on more al­bums nom­i­nated for en­gi­neer­ing Gram­mys than any other room, and prob­a­bly by a fac­tor of three or four to the next clos­est room.




How has mas­ter­ing changed over the years, from the time you started un­til the way it is now?

DOUG SAX: My an­swer is maybe dif­fer­ent than ev­ery­one else’s. It hasn’t changed at all! In other words, what you’re do­ing is fi­ness­ing what some en­gi­neer and artist has cre­ated into its best pos­si­ble form. If an en­gi­neer says, “I don’t know what it is, but the vo­cal al­ways seems to be a lit­tle cloudy,” and I can go in there and keep his mix and make the vo­cal not sound cloudy, that’s what I did in 1968 and that’s what I still do. The process is the same; the goal is the same. I don’t mas­ter dif­fer­ently for dif- fer­ent for­mats. I don’t mas­ter dif­fer­ently for CD than I would for an LP be­cause you es­sen­tially make it sound as proper as you can, and then you trans­fer it to the fi­nal medium us­ing the best equip­ment.




[image: image]There’s a three-CD set which is a life­time ret­ro­spec­tive of Linda Ron­stadt. I had mas­tered, I would say, 95 per­cent of all the orig­i­nals, start- ing from Heart Like a Wheel when she was on Capi­tol Records, be­cause I’ve done most of Pe­ter Asher’s [Linda’s pro­ducer’s] work. So it gave me a chance to look at this stuff that I had done in the ’70s. Most of these tapes have the orig­i­nal EQ notes in them. My equal­iz­ers are the same as they’ve been for 30 years, so I could put on the tape, line up the tones, and throw up what I had done in ’75 or in ’78 or in ’81. I would make some changes if nec­es­sary, but for the most part, what felt good then feels good now.




What sur­prised me is I had done a lot of work on my ana­log ma­chines since then, and some of the tapes sounded ab­so­lutely bet­ter than in 1975 or in 1983. I could play them bet­ter to­day, so I was quite sur­prised how good some of those tapes sounded.




Did that in­flu­ence any of your de­ci­sions then, be­cause the stuff was com­ing back cleaner and bet­ter?

DOUG SAX: No. I just got more en­joy­ment out of it. Maybe a cou­ple of times I took a dB of top off be­cause I felt like I was get­ting more off the tape than I did then. Or maybe I felt that it could use a dB more bot­tom than I had done in ’75. I’ve read ar­ti­cles in all the trade mag­a­zines about how the mas­ter­ing en­gi­neer had to roll off the bot­tom to fit it on the disk, and now that we have CD you don’t have to do this. And I think, “Who are they talk­ing about?” I never fil­tered my low end for an LP, and I cut a very wide stereo. So I was won­der­ing who they were talk­ing about when they said that, now that sup­pos­edly you can re­ally hear the full bot­tom be­cause it didn’t have to get all rolled off to fit onto an LP record. I was shocked at that.
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Do you think that work­ing on vinyl has helped you in these days of CDs? Would that ex­pe­ri­ence help a mas­ter­ing en­gi­neer?

DOUG SAX: I don’t know if work­ing on vinyl helps. I think hav­ing worked on many dif­fer­ent types of mu­sic over the years helps. In one sense, be­ing from the vinyl days, I was used to do­ing all the moves in real time. I never went down a gen­er­a­tion. In other words, a lot of mas­ter­ing places would make a fade on a tape copy, then they would as­sem­ble a copy and cut from that. I never did that. I al­ways cut di­rectly from the mas­ter tapes, so if you blew a fade on the fourth cut, you started over again. So the con­cept of be­ing able to do ev­ery­thing in real time in­stead of go­ing into a com­puter prob­a­bly af­fects the way I mas­ter be­cause I don’t look at things as, “Oh, I can put this in and fine-tune this and move this up and down.” I look at it as to what I can do in real time.




I find the idea that you have a track for ev­ery in­stru­ment and you put them all to­gether to have great clar­ity doesn’t work. I think it works the op­po­site way. The more you sep­a­rate it, the harder it is to put to­gether and have clar­ity. So if you’re EQing for mu­si­cal clar­ity to hear what is down there, that’s un­changed to­day from way back 30 years ago. It’s the same process. And the EQ that would make it clear, that would make some­body call up and say, “Wow, I re­ally like it. I can hear ev­ery­thing, and yet it’s still full,” is still as valid to­day as it was then.




I’ll tell you what the big­gest dif­fer­ence is to­day from back then. The big­gest thing is dy­nam­ics. There is no dy­namic range now, and no­body wants dy­namic range.




Why do you think it has changed?

DOUG SAX: I think I know pre­cisely why it has changed. It has to do with the fact that there’s an in­creas­ing amount of mu­sic lis­ten­ing be­ing done in the car, and there’s one thing that doesn’t work in the car and that’s dy­nam­ics. Long, sexy fades that ease you out of one song and into an­other are worth­less in the car.




The thing that brought this to mind was when I was work­ing on a criti- cal al­bum for a pretty fa­mous en­gi­neer. We had done a cou­ple of changes, and he came back and we did a cou­ple more changes. Fi­nally, we got to the point that the last change was made, and he called up in about an hour and said, “I love it. Don’t touch a thing. It’s done.” And I said, “How can you judge? You haven’t even been home yet.” He says, “Oh, I do all my lis- ten­ing in the car. In fact, my home stereo hasn’t even been on in a year.” I’m not go­ing to men­tion his name, but he’s a ma­jor en­gi­neer who wins Gram­mys for his en­gi­neer­ing, so it re­ally brought to mind that I do my own lis­ten­ing in the car. I get stuck in traf­fic, but for recre­ation I lis­ten to mu­sic that I don’t nor­mally work on, which is sym­phonic mu­sic. That’s my back­ground. I was a sym­phonic trum­pet player, and you know Bob
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Lud­wig is a trum­pet player. And I think Ted Jensen is a trum­pet player as well. I don’t know what it is, but trum­pet play­ers seem to make pretty de­cent mas­ter­ing en­gi­neers.




What’s the hard­est thing that you have to do?

DOUG SAX: I come from a time when an al­bum had a con­cept to it. The pro­ducer worked with one en­gi­neer and one stu­dio, the group recorded ev­ery­thing, and there was co­he­sive­ness as to what was put be­fore you.

Once you got into where they were go­ing and what they were do­ing, you sort of had the al­bum done. The mul­ti­ple-pro­ducer al­bum to me is the big­gest chal­lenge be­cause you might have three mixes from Nash­ville in dif­fer­ent for­mats, a cou­ple from New York, and two that are re­ally dark and muddy, and three that are bright and thin. The only good part that I see about this is that you ab­so­lutely have to have a mas­ter­ing en­gi­neer. There’s no ques­tion, the mixes don’t go to­gether and they don’t work. The hard part is to find some mid­dle ground so that the guy that has the bright, thin tape is still happy with what he’s done and doesn’t drive off the road when the dull, thick one hits af­ter the bright, thin one. So that is the big­gest chal­lenge in mas­ter­ing, mak­ing what is re­ally a cafe­te­ria sound feel like a planned meal.




[image: image]I’m very proud of the fact that I’ve trained a lot of good mas­ter­ing en­gi­neers, and I’ll tell them, “You’re not go­ing to learn how to mas­ter

work­ing on a Massen­burg tape. It’s pretty well done. If he didn’t like it, he wouldn’t have sent it. But you get en­gi­neers that are not great, or you get these mul­ti­ple-en­gi­neer things, then you can sort of learn the art of mas- ter­ing by mak­ing these things work us­ing your ears.” Oth­er­wise, it’s pretty easy.




Were you the first in­de­pen­dent mas­ter­ing en­gi­neer, or one of the first? DOUG SAX: Ab­so­lutely. In­de­pen­dent has to be clar­i­fied be­cause if you go back to the late ’60s and be­fore, ev­ery­thing was in house. You were signed to a la­bel. You were given an A&R man. You stayed at the la­bel. You recorded at Capi­tol. You went down to Capi­tol’s mas­ter­ing to get your prod­uct mas­tered to lac­quer. You went to Capi­tol’s art de­part­ment, and they gave you an artist that de­signed your cover and that’s the way it was. It was re­ally at the end of the ’60s that cer­tain top pro­duc­ers would say, “I love the se­cu­rity, but I would like to work with an artist that’s not on this la­bel. I would like to work with Streisand, but she’s on Co­lum­bia.” So they started to break off and re­ally started the process where no­body uses la­bel stuff for any­thing any­more. “If you sign me, I’ll use the en­gi­neer I want, and I’ll record and mas­ter where I want.” That’s 30 years of hard-fought in­de­pen­dence. So from the stand­point of an in­de­pen­dent that is not aligned with a la­bel, just a spe­cialty room that han­dles mas­ter­ing, the an­swer is yes.
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I was one of the pi­o­neers when there was no busi­ness. We opened up our doors on De­cem­ber 27th of 1967, and by ’71, ’72, you couldn’t get into the place. By ’72 we were do­ing 20 per­cent of the top 100 chart, and there weren’t a lot of com­peti­tors. There was Ar­ti­san in LA, and Ster­ling and maybe Mas­ter­disk just start­ing in New York. That was it. Now there seems to be a thou­sand, be­cause the re­al­ity is that it’s very easy for some­one to go into this busi­ness now or do it them­selves. You can get a work­sta­tion with all the bells and whis­tles for a song and a dance. A Neu­mann lathe setup in 1972 was $75,000, and that was just the cut­ting sys­tem. You still needed a room and a con­sole. So there were only a few peo­ple do­ing it, and you had to have a big bud­get. Now you fire it right up.




And don’t for­get that in the in­dus­try, for al­most 10 years there were no tones on an ana­log tape, so you didn’t know how to line up to the ma­chine.




There were no tones?

DOUG SAX: No tones. I’m one of the in­sti­ga­tors in rail­ing on these guys to go back and print the tones so I could at least get my ma­chine to be where your ma­chine was. And there was no such thing as near-field moni- tor­ing. It didn’t ex­ist. So peo­ple used to go to these strange stu­dios with big speak­ers in the wall, most of which were use­less as far as re­lat­ing to the world, and the en­gi­neers never knew that they were out in left field be­cause they had noth­ing to take home. The cas­sette was just start­ing, and only hand­ful of en­gi­neers that I can think of ac­tu­ally had a 15-ips [inches per sec­ond] tape ma­chine at home that they could take home a mix and find out where they were.




I started the process in the early ’70s just in self-de­fense. I would say, “Look, be­fore you do any­thing, come in on the house with your first mix and find out if you’re in trou­ble. We’ll lis­ten to it and get you straight.” I just got tired of watch­ing these guys’ eyes open the first time they ever heard it out of the stu­dio. “Oh my God. I couldn’t hear any highs in the stu­dio, so I kept adding highs. I asked the guy, ‘Are these mon­i­tors right?’ and he said yes.” That ab­so­lute hor­ren­dous re­al­ity is the rea­son, re­ally, why near-fields came in.




The truth of the mat­ter is that the tools are get­ting so much bet­ter. I hate to say this as a mas­ter­ing en­gi­neer, but used right, the Fi­nal­izer can do some awe­some things. There was noth­ing like that three years ago. Dig­i­tal tech­nol­ogy is mov­ing so fast, and it has gone from, in my view, ab­so­lute garbage to, “Hey, this is pretty good.” They’re get­ting bet­ter clocks on the com­put­ers. They’re get­ting bet­ter sig­nal pro­cess­ing and bet­ter DSP. What used to be some­thing that was re­ally un­mu­si­cal to me, if I have to say it, is now get­ting there.
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I look at the Fi­nal­izer. A lot of mas­ter­ing en­gi­neers bad­mouth it, and I get a kick out of that be­cause with the Fi­nal­izer, you can make your prod- uct loud in­stantly. Mas­ter­ing en­gi­neers don’t like that be­cause they used to be the ones that made it loud. But the re­al­ity is that ev­ery­one’s go­ing to have it and, as a re­sult, ev­ery­one can make their CD loud. Once that be­comes ab­so­lutely no trick at all, then the ques­tion be­comes, are there things that maybe we should do be­sides just make it loud? I’m hop­ing that there’s still go­ing to be a busi­ness for some­one that treats the mu­sic with love and re­spect when they’re mas­ter­ing it. And I think there’s go­ing to be a small re­ver­sion away from, “I want the loud­est CD.”




I get peo­ple in here new off the street that say, “I want the loud­est CD ever made,” and I say, “You’re in the wrong place.” Once in a while, they’ll pull out a CD and put it on, and it’s ab­so­lutely blaz­ing, and I’ll say, “Find out where that was mas­tered and go there and get what you’re look­ing for.” But as I say, I still do more Grammy-nom­i­nated al­bums for en­gi­neer­ing, so I have to be com­pet­i­tive from the stand­point that you don’t want to turn it up a bunch when you put the thing in a CD player.




Your rep­u­ta­tion is that you’re more of an ana­log guy….

[image: image]DOUG SAX: My part­ner and I did some of the pi­o­neer­ing work in dig­i­tal in the late ’70s. The clas­sic 3M ma­chines [dig­i­tal tape ma­chines] were

de­signed out in Ca­mar­illo, and my part­ner lived in Ca­mar­illo and did the orig­i­nal pi­ano tests for them in ’78. The very first record­ings that were done on the Sound­stream ma­chine [the first dig­i­tal recorder], be­fore it was even up to a 44.1k sam­pling rate, we par­tic­i­pated in. It was done right down the street at a church here. So when I’m be­ing crit­i­cal of dig­i­tal, it is be­cause I re­ally have heard dig­i­tal from the be­gin­ning, and I knew that it was not up to the best of ana­log. But we’re talk­ing about 1980, and there’s been a lot of de­vel­op­ment since.




I get a lot of 96/24 stuff in. It’s cheap, it’s here, it’s now. So any com- ments that I make about a Sony 1610 from 1985 that was ab­so­lutely just hor­ri­ble then are true. And when I say that a 96/24 record­ing done with dB Tech­nol­ogy con­vert­ers sounds ter­rific, that’s also true.




De­scribe your sig­nal chain, or is that pro­pri­etary?

DOUG SAX: No, it’s not pro­pri­etary. As a point of in­ter­est, whether the source is ana­log or dig­i­tal, if it needs EQ, I EQ it as an ana­log. That makes sense be­cause if you come in with 96/24, I just look at it as good-sound­ing ana­log. I do what I want with it, then I’ll get it down to 44.1 and 16 bit in the best way pos­si­ble. So whether it’s 1/2” or 1/4” ana­log or dig­i­tal, it goes into good con­vert­ers and comes up as ana­log. Then the EQ is pas­sive with the same equal­izer I’ve had since 1968. The lim­iters are all tubes, and they’re trans­former-less. Ninety-nine per­cent of what I do is done be­tween those two de­vices.
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What do you use for mon­i­tors?

DOUG SAX: I use my own. They’re two 15’s with a midrange horn and a tweeter, and they’ve been here since 1968. I have no near-fields.




That’s fan­tas­tic that what you have has weath­ered the test of time.

DOUG SAX: Yes. It’s the same con­cept that I have about mas­ter­ing. I don’t mas­ter any dif­fer­ently to­day than I did in 1968. The speak­ers al­low me to put the right stuff on, and if they steer me wrong, then they’re worth­less.
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In­ter­view: Eddy Schreyer
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Noted vet­eran en­gi­neer Eddy Schreyer opened Oa­sis Mas­ter­ing in 1996 af­ter mas­ter­ing stints at Capi­tol, MCA, and Fu­ture Disc. With a list of chart-top­ping clients that span the var­i­ous mu­si­cal gen­res, by such artists as Baby­face, Eric Clap­ton, Christina Aguil­era, Fiona Ap­ple, Hootie and the Blow­fish, Off­spring, Korn, Dave Hol­lis­ter, Pen­ny­wise, and Xz­ibit, Eddy’s work is heard and re­spected world­wide.




Do you have a phi­los­o­phy about mas­ter­ing?

EDDY SCHREYER: Yes, I do. I would say the phi­los­o­phy is to cre­ate a sonic prod­uct that gives the song bal­ance and com­petes with the cur­rent mar­ket in terms of sonic qual­ity and level.




What do you mean by bal­ance?

EDDY SCHREYER: Fre­quency bal­ance—not too much bot­tom, not too many mids, and not too much top. Bal­ance is mak­ing ad­just­ments with com­pres­sion, EQ, and such so that it main­tains the in­tegrity of the mix, yet achieves bal­ance in the highs, mids, and low fre­quen­cies. I go for a bal- ance that is pleas­ing in any play­back medium that the pro­gram may be heard in. And ob­vi­ously I try to make the pro­gram as loud as I can. That still al­ways ap­plies.




But all mixes can’t be cut as loud as oth­ers, so there are many lim­it­ing fac­tors as to how loud some­thing can go, and there are also lim­it­ing fac­tors on what bal­ance can be achieved. Some mixes just can­not be forced at the mas­ter­ing stage be­cause of cer­tain in­gre­di­ents in a mix. If some­thing is a lit­tle bot­tom-light, you may not be able to get the bot­tom to where you would re­ally like it. You have to leave it alone so it re­mains thin­ner be­cause it dis­torts too eas­ily.
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There are a lot of peo­ple who are com­plain­ing that things are so squashed these days and it’s be­cause of ev­ery­one try­ing to get their com­pet­i­tive level up. EDDY SCHREYER: What I am hear­ing is that var­i­ous houses are re­ally over-com­press­ing try­ing to get more ap­par­ent level. The trade­off with ex­ces­sive com­pres­sion to me is the blur­ring of not only the stereo im­age, but the highs too. An over-com­pressed pro­gram sounds pretty muddy to me. In the quest to get the level, they end up EQing the heck out of these tracks, which of course in­duces even more dis­tor­tion be­tween the EQ and the com­pres­sion. I am hear­ing things that are very, very loud, but in my opin­ion not a very good sound. I am hear­ing a pro­gram that is just way over-EQed be­cause they’re try­ing to get back what the com­pres­sor has taken away.




How do you de­ter­mine what’s go­ing to work and what isn’t?

[image: image]EDDY SCHREYER: By lis­ten­ing. You go as loud as you can, and you be­gin lis­ten­ing for dig­i­tal clip­ping, ana­log grit­ti­ness, and things that be­gin to hap­pen as you start to ex­ceed the thresh­olds of what that mix will al­low you to do, in terms of level. Again, just spank­ing as much gain as you can, be it in the ana­log or dig­i­tal world, doesn’t mat­ter. You go for the level and prop­erly con­trol it with com­pres­sion, then you start to EQ to achieve this bal­ance. Of course, it all de­pends on the type of mix, how it was mixed, the kind of equip­ment that was used, how many tracks, the num­ber of in­stru- ments, and the ar­range­ment. Just the num­ber of in­stru­ments can be a very lim­it­ing fac­tor on level also. For ex­am­ple, a 96-track mix may not go as loud as a 24-track mix be­cause there is too much sig­nal to be pro­cessed.




You don’t seem to com­press things a lot, a dB and a half at the most. Is that typ­i­cal?

EDDY SCHREYER: It’s very typ­i­cal of what I do with all my stuff, but I com­press more than peo­ple are aware. I can com­press in dif­fer­ent stages, so hope­fully you are not even re­ally hear­ing it. You are not ac­tu­ally see­ing the com­pres­sion, ei­ther ana­log or dig­i­tal, that I’m do­ing. But I do go a lit- tle lighter than a lot of other mas­ter­ing houses.




Do you use mul­ti­ple stages of com­pres­sion then?

EDDY SCHREYER: Yes. I do use ana­log and dig­i­tal com­pres­sion and some­times dig­i­tal lim­it­ing. Some­times I dig­i­tally limit, I dig­i­tally com- press, and I ana­log com­press. Very rarely do I use ana­log lim­it­ing, though. I use what­ever is needed to con­trol the pro­gram. In other words, when a pro­gram is mixed a lit­tle heavy on the snare, for ex­am­ple, I can use a digi- tal lim­iter that will sort of clip the peak off that so that I can back off the dy­nam­ics of that par­tic­u­lar in­stru­ment in the mix with­out EQing it out. Be­cause if I go for the snare with EQ, I’m go­ing to be pulling down the vo­cals and pos­si­bly the gui­tars as well. Like­wise with the bass. If I go for a kick that’s mixed too hot, ad­just­ing 80, 60, 40 cy­cles or some­thing to pull a kick down, it will re­ally sac­ri­fice the bot­tom quite a bit, so I’ll tend to use
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dig­i­tal lim­it­ing to peak limit ex­ces­sive dy­nam­ics in those par­tic­u­lar cases. And then there’s de-es­s­ing for sibi­lance on vo­cals and cym­bals. That’s all in try­ing to achieve bal­ance again.




Do you think there is a dif­fer­ence in the way peo­ple mas­ter from city to city or coast to coast?

EDDY SCHREYER: Maybe slightly. And that only comes into play on the East Coast, for ex­am­ple. Cer­tainly, I think there is com­pe­ti­tion on both coasts, but the East Coast might be a lit­tle more ag­gres­sive be­cause of the com­pe­ti­tion be­tween the mas­ter­ing houses to be the king of the hill, so to speak.




So the sound is more ag­gres­sive.

EDDY SCHREYER: Ab­so­lutely. Whereas I think West Coast houses might be spread out a lit­tle more, so they are a lit­tle less ag­gres­sive with the style and type of mas­ter­ing that’s done. Which gets back pri­mar­ily to level. It seems to me that the East Coast has gone a lit­tle over­board in the level game.




What do you think makes a great mas­ter­ing en­gi­neer, as op­posed to some- body who’s just good?

EDDY SCHREYER: Prob­a­bly the abil­ity to hand-pick var­i­ous pieces of equip­ment that main­tain a sound. When I say main­tain a sound, I mean keep the stereo sep­a­ra­tion strong. Also, the abil­ity to use taste and know how far mas­ter­ing can and can’t go. Put it this way; a lot of times less is bet­ter.




Then you have the en­vi­ron­men­tal is­sue. You can’t make a move or cre- ate a fix if you can’t hear it, so ob­vi­ously the mas­ter­ing en­vi­ron­ment is ex­tremely im­por­tant. Then, the abil­ity to know just how far to push the cre­ative en­ve­lope is im­por­tant.




For ex­am­ple, I en­joy the cre­ative edit­ing pos­si­bil­i­ties when us­ing the work­sta­tion in help­ing an al­bum main­tain some con­ti­nu­ity and flow. If I hear some­thing that will make a good cross­fade, I’ll men­tion it to the client. It may or may not fly, but we’ll al­ways try it. So I def­i­nitely like the cre­ative part of the work­sta­tion, as it has cre­ated a great sit­u­a­tion for mas- ter­ing en­gi­neers to step for­ward and have a lit­tle more say in terms of the flow of the al­bum with ed­its, spread times, and things like that. It’s all part of the big pic­ture, if you will, to keep the flow of an al­bum hap­pen­ing.




What do you think makes for a great fa­cil­ity? And is it pos­si­ble to have a great mas­ter­ing en­gi­neer and a medi­ocre fa­cil­ity?

EDDY SCHREYER: A great fa­cil­ity to me means both client ser­vices and a com­fort­able place that’s able to fa­cil­i­tate both large and small ses­sions. I am as­sum­ing my stu­dio is some­what the norm. I can seat about five to six
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peo­ple in my room very com­fort­ably and I be­lieve that is prob­a­bly some- what com­mon. I think a mas­ter­ing room that’s too small is not a good thing. At times there are more than two or three peo­ple who want to show up at a mas­ter­ing ses­sion, so that part of the client re­la­tion­ship is very im­por­tant to me. So the fa­cil­ity sort of dic­tates what your goal is in terms of the client/en­gi­neer re­la­tion­ship and just how com­fort­able you want these peo­ple to be. The client dis­trac­tions are also one of the most im­por- tant, yet sim­plest things—be it games or a nice kitchen where peo­ple can sit down and re­lax. Ob­vi­ously staff is very im­por­tant as well, in terms of help­ing clients, whether it be re­ceiv­ing a phone call or set­ting them up in a lounge to hear play­back of var­i­ous ma­te­rial. All of that, to me, rep­re­sents a good fa­cil­ity.




Re­gard­ing the back end of that ques­tion, I’ve al­ways felt, as a pretty good mas­ter­ing en­gi­neer, that I’ve worked in some pretty lousy places. I’m one of those guys that might have been in lesser fa­cil­i­ties un­til I got the chance to build my own. To some de­gree you can cer­tainly have the abil­ity and be ham­pered by bud­getary con­cerns where equip­ment that you need is not be­ing pur­chased. Or it could be just the phys­i­cal lim­i­ta­tions of the room, the size of the room, the type of mon­i­tors, or the sound of the room, which is cer­tainly the most im­por­tant thing. If the room is not there, I re­ally be­lieve you are in trou­ble. So some of the best guys have
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Can you hear the fi­nal prod­uct in your head when you first do a run-through? EDDY SCHREYER: Usu­ally, yes I do. Typ­i­cally, when I first put up a mix, the first thing I do is just go for the level with­out touch­ing EQs un­less there is some­thing bla­tantly wrong. So I pretty much do get a pic­ture in my head. The ex­treme is that a good mix is some­times even more dif­fi­cult to mas­ter in some re­spects than some­thing that has a bla­tant prob­lem, so I have got to be very care­ful be­cause some­times less is bet­ter.




Some­times you throw up a mix and it’s so kick-heavy with an 808, for ex­am­ple, that it is ab­so­lutely dis­tort­ing from the get-go, so then you’re tweak­ing right from the be­gin­ning. You im­me­di­ately start to drop the bot- tom and try to get that bal­ance go­ing so you can dial out some of the kick, then the level starts in­creas­ing. I’ve mas­tered records where I pulled 4, 5, 6, 7, 8 dB out of the bot­tom, and all of a sud­den I’m able to get 4 dB more over­all pro­gram level. So when some­thing is not bal­anced, it can re­ally cre- ate big prob­lems.




I do love the fact that vinyl is still hang­ing around be­cause, ul­ti­mately, when a lot of these projects are cut to vinyl, that’s what re­ally susses engi- neers out. If they’re dis­tort­ing and mas­tered to the im­proper side of loud, it cer­tainly doesn’t go to vinyl well. Just the process of cut­ting vinyl is prob­a­bly adding 15-per­cent dis­tor­tion or more. The good news here at
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Oa­sis is that we’re hear­ing that our vinyl sounds bet­ter than any­body in the world at this point, and I’m very proud of that.




I know you cut vinyl for a long time, but you don’t now. Do you miss it? EDDY SCHREYER: Not ter­ri­bly, no. It is a te­dious process. I’m glad that I did cut vinyl, be­cause again, that gets back to that big word “bal­ance.” The best sonic and the most prop­erly mas­tered prod­ucts al­ways cut real well. The worst mas­ter­ing jobs and the worst mixes mas­ter re­ally badly. So I’m re­fer­ring to this smoke-and-mir­rors black art of bal­ance, if you will, that’s the tough­est game, and cut­ting vinyl has prob­a­bly been the big­gest help in my en­tire ca­reer. Try­ing to get the au­dio bal­anced so that it would cut well was a huge help be­cause a bad mas­ter­ing job would cut just hor­ri­bly. As you started bal­anc­ing projects out prop­erly, they would cut that much bet­ter.




Un­for­tu­nately, you can prob­a­bly count the lac­quer houses on one hand now in this coun­try, so the new gen­er­a­tion of mas­ter­ing en­gi­neers has not had that train­ing. As a re­sult it’s a lit­tle tougher to get to that fi­nal stage of mas­ter­ing some­thing well. Just like any­thing else, you can’t have too much ex­pe­ri­ence. I’m still learn­ing ev­ery day be­cause mas­ter­ing is a con­stant learn­ing ex­pe­ri­ence. That’s the good news, frus­trat­ingly so. The vinyl is just to­tally un­for­giv­ing, whereas the dig­i­tal medium al­lows you to slam any­thing into it that you want, clipped or not, be­cause it’s not go­ing to skip. In other words, you can al­most do any­thing to a CD and get away with it. Left-right bal­ance can be to­tally wrong, im­age can be to­tally wrong; it just doesn’t mat­ter be­cause that CD will not skip. So ba­si­cally, the taste fac­tor be­comes the lim­it­ing is­sue.




What’s the hard­est thing that you have to do? Do you get projects that are more dif­fi­cult be­cause of the way they’re pre­pared or treated?

EDDY SCHREYER: I’d say one of the most dif­fi­cult types of project is the one with source mis­matches where some of it’s on a file and some is on 1/2”. I still find 1/2”, prop­erly aligned on good tape and a good ma­chine, to be a deeper, wider sound. And I still en­joy lis­ten­ing to ana­log more than I do a lot of the files. But cut­ting an al­bum with source mis­matches is quite dif­fi­cult be­cause some of the dig­i­tal for­mats son­i­cally shrink to me. No mat­ter what I do, that file is just go­ing to sound a lit­tle thin­ner and a lit­tle less deep than the 1/2”, so try­ing to cre­ate and main­tain an al­bum with flow and con­ti­nu­ity in terms of son­ics be­comes dif­fi­cult.




Sound­track al­bums are prob­a­bly the sin­gle most dif­fi­cult type of proj- ect for me to do, es­pe­cially if a score is in­volved. Se­quenc­ing is ter­ri­bly im­por­tant if score is com­ing be­hind a big rockin’ song. It’s very dif­fi­cult be­cause the score is dy­nam­i­cally wide with lev­els from maybe –20 to +3. The low-level score is never loud enough. I think it’s al­ways best to help
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main­tain good con­ti­nu­ity and flow with good song se­quenc­ing. So main- tain­ing some sort of sonic equal­ity, if you will, on a sound­track al­bum is very dif­fi­cult, es­pe­cially if you’re se­quenc­ing ma­te­rial that’s maybe 10 or 15 years old and then cur­rent stuff. So prob­a­bly the most dif­fi­cult stuff out- side of mis­match­ing of sources would be the sound­track al­bum, but I en­joy do­ing them and I think I do them pretty well.




What makes your job eas­ier? Is there some­thing that a client can do to make ev­ery­thing go faster or smoother?

EDDY SCHREYER: Hav­ing some com­mon sense, like be­ing or­ga­nized and ob­vi­ously hav­ing a se­quence in mind, helps. In gen­eral I’d al­ways pre- fer to have the best mixes first. But if sev­eral stu­dios were used for mix- down, I rather keep all the mixes from each stu­dio to­gether. So, if four or five dif­fer­ent stu­dios were used, I would start with all the tracks from stu- dio num­ber one. I don’t care if it’s song num­ber 1, 3, 10, or 12; I would rather mas­ter those as a unit, and then move on to the next stu­dio to keep some sort of con­ti­nu­ity.




What’s the thing that you en­joy most about mas­ter­ing?

[image: image]EDDY SCHREYER: The thing I en­joy most is tak­ing a project to an­other level. And ob­vi­ously, it’s the great­est feel­ing in the world when Fiona Ap­ple or Christina Aguil­era or Off­spring ends up be­ing re­ally out­stand­ing soni- cally and then also achieves the sales that they do. It makes ev­ery­body in­volved with the project pretty happy.




Do you do all of your equal­iza­tion, com­pres­sion, and lim­it­ing be­fore you hit the work­sta­tion?

EDDY SCHREYER: If the source is ana­log, it’s the best of all worlds be­cause then you’re mak­ing just one dig­i­tal con­ver­sion into the work­sta- tion, so that’s the ul­ti­mate. I think it’s silly to make an A-to-D con­ver­sion, process dig­i­tally, and then go back into the work­sta­tion. The less sig­nal jack­ing the bet­ter, in my opin­ion.




I’ve no­ticed that you use a lot of lit­tle bits of EQ. Is that typ­i­cal of most mas- ter­ing guys?

EDDY SCHREYER: To tell you the truth, I don’t re­ally know how a lot of guys mas­ter their projects. I would sus­pect that I’m some­what sim­i­lar to a lot of guys, though. I tend to build sound ver­sus stab­bing things pretty strongly in one spot. That’s about the eas­i­est way as I can say it. I have digi- tal and ana­log EQ, and upon lis­ten­ing the de­ci­sion is made which should re­ceive the bulk of the work.




How did you come by that method?

EDDY SCHREYER: Prob­a­bly from tun­ing rooms us­ing third-oc­tave EQs. I tend to shape the sound, rather than stab it pretty strongly in spots.
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How of­ten do you have to add ef­fects?

EDDY SCHREYER: Very rarely. I mean, it might hap­pen twice a year in this room. We don’t tend to get those sorts of prob­lems.




Do you get peo­ple who pre-mas­ter things where they’ll maybe cut in­tros off or cut fades off or some­thing like that?

EDDY SCHREYER: Yes, some­times for the worse. Usu­ally they think they are sav­ing time, but they might cre­ate more prob­lems than if they left it alone in the first place. I’ve had some projects where they clipped in­tros and I’ve had to grab beats from other places and put them on the top, so I pre­fer it if you don’t cut the pro­gram too tight. If there is a lot of very de­lib­er­ate edit­ing to be done and you want to save time and money off­site, then I un­der­stand it. But it bet­ter be right.




How im­por­tant is mono to you? Do you lis­ten in mono a lot?

EDDY SCHREYER: No, but I be­lieve MTV uses a fold-in process, so there is cer­tainly a con­sid­er­a­tion to be made for that. De­pend­ing on the mix, it’s pos­si­ble that cer­tain in­stru­ments will dis­ap­pear on the fold-in. So pure mono is re­ally not a con­sid­er­a­tion at all, but if you’re think­ing of MTV at all, it is def­i­nitely a good idea to maybe nar­row the spread just to main­tain a lit­tle bet­ter match be­tween a slight fold-in and pure stereo.




How did you go about choos­ing your mon­i­tors?

EDDY SCHREYER: I’ve been us­ing Tan­noys since about 1984 or ’85. I’m just a big fan of the dual-con­centrics. I think the phase co­herency is just un­sur­passed. Once you get used to lis­ten­ing to these boxes, it’s very diffi- cult to lis­ten to spread driv­ers again. In this par­tic­u­lar case, my Dual 15s have been cus­tom-mod­i­fied for the room to some de­gree, and us­ing them is just a great treat. I think they are one of the eas­ier speak­ers to lis­ten to since they cer­tainly don’t sound like the big, brash mon­i­tor that they pos- sibly might look to be. A typ­i­cal com­ment made about the mon­i­tors here at Oa­sis is that they sound like the best big stereo sys­tem they’ve ever heard, which is a ter­rif­i­cally flat­ter­ing com­pli­ment. I also have some lit­tle Tan­noy Sys­tem 600s for near-fields, and now I’ve added some dual 15 subs to the mains. Son­i­cally speak­ing, I have been in quite a few rooms and I have yet to hear a sys­tem that ri­vals this, so I am very happy with it.




Tell me about the sub­woofers. What was the rea­son for get­ting them, and why did you get two as op­posed to one?

EDDY SCHREYER: My mains, the Dual 15s, are def­i­nitely light from, say, 30 Hz down, so I wanted to fill in the ex­treme lows more ac­cu­rately be­cause of the amount of R&B that I do. Dar­ren Ca­vanaugh and Aria came up with a de­sign that I just ab­so­lutely love. I feel I have a lit­tle bit bet­ter con­trol with the pair than with a sin­gle sub in terms of where they sit. With one, you are pretty much locked down po­si­tion­ally, but with the two you ac­tu­ally have a lit­tle more flex­i­bil­ity.
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Now that you have had some ex­pe­ri­ence with sur­round sound, how do you feel about that as op­posed to stereo?

EDDY SCHREYER: Oh, I am lov­ing it, but it’s a dif­fi­cult medium to work in. It’s not some­thing you just throw up and do. To some de­gree you’d think it would be eas­ier be­cause you have five speak­ers to fill up in­stead of cram­ming all this in­for­ma­tion in two speak­ers, but it is not. The bal­ance of the mon­i­tor sys­tem is ex­tremely im­por­tant, and the ad­just­ment of lev­els of the driv­ers and then in­ter­fac­ing the sub is ex­tremely crit­i­cal on the mix. I find that the stereo im­age be­tween the left and right, left and left sur­round, right and right sur­round in the criss­cross from the left to the right sur- round is very, very tricky. I do hear some un­usual low-fre­quency phase char­ac­ter­is­tics that I’m not real happy with, de­pend­ing on the mix. I’ve also heard some very, very good mixes, so it can def­i­nitely work. But it is a dif­fi­cult medium at best to re­ally make sound good, but so is a re­ally great stereo mix. 5.1 is just so new to all of us that it’s much more dif­fi­cult at this point, but when some­thing is nailed, it’s just awe­some.




What’s your fa­vorite piece of gear?

[image: image]EDDY SCHREYER: That is tough be­cause the dig­i­tal Weiss desk that I have cer­tainly is still un­sur­passed at this point. The Man­ley Lim­Com [Vari-Mu com­pres­sor] is def­i­nitely one of the best units I have in terms of ana­log. I re­ally don’t have a piece of gear in here that I dis­like, so be­tween Tube-Tech and Man­ley and Avalon, Waves L-2 and Junger, it is all my fa­vorite stuff, to be hon­est with you. Son­i­cally, it just doesn’t let me down.




When you get handed a project, what are the steps? What do you ac­tu­ally go through on a whole project? De­scribe a whole project like Christina Aguil­era, for ex­am­ple.

EDDY SCHREYER: Christina is an ex­treme ex­am­ple be­cause of the com- plex­ity of the al­bum. In other words, that par­tic­u­lar al­bum was mas­tered over the course of six to eight weeks, maybe longer. Songs were be­ing remixed and get­ting swapped, so it was a lit­tle longer process than nor­mal. Not that it was bad be­cause, if any­thing, I didn’t have to deal with the typi- cal 12 or 13 songs in one day and nail them all with one mas­ter­ing ses­sion. An av­er­age al­bum rolls in where I am do­ing that in five to six hours, though.




Ba­si­cally, a project starts out whereby a client comes in, hands me tapes, and gives me a song se­quence. I just take it song by song and dump it into the work­sta­tion [an Au­dioCube] and then off­load refs. The proce- dure can be rel­a­tively sim­ple, out­side of in­ter­ludes and any spe­cial lit­tle mu­si­cal pieces that may in­ter­face with the al­bum in terms of spreads in be­tween songs.
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But Christina was un­usual, as I say, be­cause it was done over quite a pe­riod of time. That was ac­tu­ally great be­cause as the se­quence changed and songs came and went, my per­spec­tive on the sound of the al­bum re­mained con­sis­tent be­cause I was al­ways given the time I needed.




Is it harder for you to do some­thing like that over the course of a week or two than it is to do it all at once?

EDDY SCHREYER: It re­ally de­pends. Some­times I would say yes, but some­times it gets crush­ingly dif­fi­cult when a project just strings on and on and on be­cause you can lose a bit of your ob­jec­tiv­ity.




I truly find that the R&B-type pop records are a lit­tle eas­ier than rock records. Rock records get a lit­tle trick­ier be­cause the bal­ances are so criti- cal. It just seems that a well-ar­ranged R&B pop track is pretty sim­ple for me to hear, whereas rock seems to need more sonic con­ti­nu­ity than R&B tracks. It just feels bet­ter when they are seem­ingly com­ing from a sim­i­lar place. Whereas R&B pop records can have much more ex­tremes in­volved and it just plays out fine.




How does Latin stack up?

EDDY SCHREYER: It’s sim­i­lar. The only catch be­comes—just as in my Ja­pa­nese projects—that it’s a lit­tle trick­ier to dis­sect vo­cal bal­ances if they are not sung in Eng­lish. I’ll of­ten turn to a client and ask about a word in Span­ish or Ja­pa­nese. “Was that okay? Was that dis­cern­able?” Be­cause the Ja­pa­nese mar­ket tends to go for a lit­tle higher vo­cal level be­cause it is tough to hear the lyrics in the lan­guage. Ul­ti­mately, though, bal­ance is still the key.
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Glos­sary
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5.1  A speaker sys­tem that uses three speak­ers across the front and two stereo speak­ers in the rear, along with a sub­woofer.




1630  A first-gen­er­a­tion two-track dig­i­tal tape ma­chine uti­liz­ing a sep­a­rate digi- tal pro­ces­sor and a 3/4” U-matic video tape ma­chine for stor­age. In the early years of the CD, 1630’s were the pri­mary mas­ter tape de­liv­ered to the press­ing plant, but they are con­sid­ered ob­so­lete to­day. A model 1610 pre- dated this ma­chine.




ac­etate A sin­gle-sided vinyl check disc, some­times called a ref. Due to the ex­treme soft­ness of the vinyl, an ac­etate has a lim­ited num­ber of plays (five or six) be­fore it wears out. (See ref.)




A/D  Ana­log-to-dig­i­tal con­verter. This de­vice con­verts the ana­log wave­form into the dig­i­tal form of dig­i­tal 1s and 0s.




AIFF Au­dio In­ter­change File For­mat (also known as Ap­ple In­ter­change File For­mat) is the most used au­dio file for­mat in the Ap­ple Mac­in­tosh op­erat- ing sys­tem. An AIFF file con­tains the raw au­dio data, chan­nel in­for­ma­tion (mono­phonic or stereo­phonic), bit depth, sam­ple rate, and ap­pli­ca­tion- spe­cific data ar­eas. The ap­pli­ca­tion-spe­cific data ar­eas let dif­fer­ent ap­plica- tions add in­for­ma­tion to the file header that re­mains there even if the file is opened and pro­cessed by an­other ap­pli­ca­tion. For ex­am­ple, a file could re­tain in­for­ma­tion about se­lected re­gions of the au­dio data used for re­call- ing zoom lev­els not used by other ap­pli­ca­tions.




am­bi­ence  The back­ground noise of an en­vi­ron­ment.




as­set  A mul­ti­me­dia el­e­ment—sound, pic­ture, graphic, or text.




at­tack  The first part of a sound. On a com­pres­sor/lim­iter, a con­trol that af­fects how that de­vice will re­spond to the at­tack of a sound.




at­ten­u­a­tion  A de­crease in level.



[image: image]



Augs­burger  George Augs­burger of Per­cep­tion Inc. in Los An­ge­les is one of the most revered stu­dio de­sign­ers. He also de­signs large stu­dio mon­i­tors, each hav- ing dual 15” woofers and a horn tweeter.




au­to­ma­tion  A sys­tem that mem­o­rizes then plays back the po­si­tion of all faders and mutes on a con­sole.




band­width The num­ber of fre­quen­cies that a de­vice will pass be­fore the sig­nal de­grades. A hu­man be­ing can sup­pos­edly hear from 20 Hz to 20 kHz, so the band­width of the hu­man ear is 20 Hz to 20 kHz. Some­times ap­plies to com­puter data rate, where a high rate per sec­ond rep­re­sents a wider band- width.




bass man­age­ment A cir­cuit that uti­lizes the sub­woofer in a 5.1 sys­tem to pro­vide bass ex­ten- sion for the five main speak­ers. The bass man­ager steers all fre­quen­cies be­low 80 Hz into the sub­woofer along with the LFE (see LFE) source sig- nal.




bass re­di­rect­ion An­other term for bass man­age­ment.




bit rate  The trans­mis­sion rate of a dig­i­tal sys­tem that is ex­pressed in ei­ther kilo­bits per sec­ond (kbps) or megabits per sec­ond (Mbps).

bit swplitwter wIn.oSrdeor tlouretcoiord na siMgnaal wnithua 2a0-lo.ri2n4-fboit word length onto a recorder that is only 16-bit, the dig­i­tal word is “split” across two tracks in­stead of one. This is some­times known as mul­ti­plex­ing.




BLER Block Er­ror Rate. A mea­sure­ment of how many er­rors a disc con­tains. A BLER rate of 220 per sec­ond or above will cause the disc to be re­jected, al­though the ac­cept­able rate is usu­ally far lower.




brick-wall A lim­iter em­ploy­ing “look-ahead” tech­nol­ogy that is so ef­fi­cient that no mat­ter what hap­pens, the sig­nal will not ex­ceed a cer­tain pre­de­ter­mined level and there will be no dig­i­tal “overs.”




buss  A sig­nal path­way.




cham­ber (re­verb)  A method of cre­at­ing ar­ti­fi­cial re­ver­ber­a­tion by send­ing a sig­nal to a speaker in a tiled room that is picked up by sev­eral mi­cro­phones placed in the room.




cho­rus A type of sig­nal pro­ces­sor where a de­tuned copy is mixed with the orig­i­nal sig­nal, which cre­ates a fat­ter sound.
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clip­ping  When an au­dio sig­nal be­gins to dis­tort be­cause of a cir­cuit in the sig­nal path be­ing over­loaded, the top of the wave­form be­comes “clipped” off and be­gins to look square in­stead of rounded. This usu­ally re­sults in some type of dis­tor­tion, which can be ei­ther soft and barely no­tice­able or hor­ri­bly crunchy sound­ing.




clone A copy of a tape that is bit-for-bit ac­cu­rate with the orig­i­nal source.




codec  Com­pres­sor/de­com­pres­sor. A codec is a soft­ware al­go­rithm that en­codes and de­codes a par­tic­u­lar data for­mat. Some ex­am­ples of codecs are .mp3,

.ac3, .wmv, and .flac.




comb fil­ter  A dis­tor­tion pro­duced by com­bin­ing an elec­tronic or acous­tic sig­nal with a de­layed copy of it­self. The re­sult is peaks and dips in­tro­duced into the fre­quency re­sponse. This is what hap­pens when a sig­nal is flanged. (See flang­ing.)



com­pet­i­tive level A mix level that is as loud as your com­peti­tor’s mix.


cut  To de­crease, at­ten­u­ate, or make less.




cut­ter head The as­sem­bly on a lathe that holds the cut­ting sty­lus be­tween a set of drive coils pow­ered by very high-pow­ered (typ­i­cally 1,000- to 3,500-watt) am­pli­fiers.




D/A  Dig­i­tal-to-ana­log con­verter. This de­vice con­verts the dig­i­tal 1s and 0s back to an ana­log wave­form.




DAT Dig­i­tal Au­dio Tape. An in­ex­pen­sive dig­i­tal au­dio for­mat us­ing 4mm-wide tape. This for­mat was orig­i­nally in­tended for the con­sumer mar­ket, but has found wide­spread use in pro­fes­sional cir­cles due to its small size and low cost.




data com­pres­sion  Data com­pres­sion is the process of us­ing psy­choa­cous­tic prin­ci­ples to re­duce the num­ber of bits re­quired to rep­re­sent the sig­nal.




DAW  Dig­i­tal Au­dio Work­sta­tion. A com­puter with the ap­pro­pri­ate hard­ware and soft­ware needed to dig­i­tize and edit au­dio.




DDP  Disc De­scrip­tion Pro­to­col. A pro­pri­etary for­mat de­vel­oped by Doug Car­son As­so­ciates that is low in er­rors and al­lows high-speed glass mas­ter cut­ting. It is cur­rently the stan­dard de­liv­ery for­mat for CDs and DVDs.



de­cay The time it takes for a sig­nal to fall be­low au­di­bil­ity.
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de­lay  A type of sig­nal pro­ces­sor that pro­duces dis­tinct re­peats (echoes) of a sig­nal.


dig­i­tal do­main  When a sig­nal source is dig­i­tized, or con­verted into a se­ries of elec­tronic pulses rep­re­sented by 1s and 0s, the sig­nal is then in the dig­i­tal do­main.




dipole  A loud­speaker hav­ing a fig­ure-eight di­rec­tional pat­tern and of­ten used for re­pro­duc­ing the sur­round chan­nels of a mul­ti­chan­nel au­dio sys­tem by plac­ing the lis­ten­ing area in the null of the fig­ure-eight pat­tern. Dipoles are of­ten found to be bet­ter at re­pro­duc­ing en­velop­ing sounds, such as re­ver­ber­a­tion and am­bi­ence, and poorer at lo­cal­iz­ing than a di­rect ra­dia- tor. Also, dipoles sim­u­late an ar­ray of loud­speak­ers in the­aters when used in the home.




di­rect ra­di­a­tor A loud­speaker where the prin­ci­pal out­put is di­rected at the lis­ten­ing area. Uni­ver­sally used for the front chan­nels in a mul­ti­chan­nel sound sys­tem and widely used for the sur­round chan­nels, di­rect ra­di­a­tors are of­ten found to be bet­ter for lo­cal­iza­tion and poorer for dif­fuse-field re­pro­duc- tion, such as for re­ver­ber­a­tion and am­bi­ence, than dipole ra­di­a­tors.




dis­tres­sor A com­pres­sor made by Em­pir­i­cal Labs that’s noted for its dis­tinc­tively ag­gres­sive sound.




[image: image]dither  A low-level noise sig­nal used to re­duce the distor­tion that some­times oc­curs when re­duc­ing the length of a dig­i­tal word.



DLT  Dig­i­tal Lin­ear Tape. A high-speed, large-ca­pac­ity for­mat for data backup.

Also used as the stan­dard mas­ter for DVD de­liv­ery to the repli­ca­tor.


Dolby Dig­i­tal  A data com­pres­sion method, oth­er­wise known as AC-3, that uses psy­choa- cous­tic prin­ci­ples to re­duce the num­ber of bits re­quired to rep­re­sent the sig­nal. Bit rates for 5.1 chan­nels range from 320 kbps for sound on film to 384 kbps for dig­i­tal tele­vi­sion and up to 448 kbps for au­dio use on DVD. AC-3 is also what is known as a lossy com­pres­sor (see lossy com­pres­sion), which re­lies on psy­choa­cous­tic mod­el­ing of fre­quency and tem­po­ral mask­ing ef­fects to re­duce bits by elim­i­nat­ing those parts of the sig­nal thought to be in­audi­ble. The bit-rate re­duc­tion achieved at a nom­i­nal 384 kbps is about 10:1.




Dolby Pro Logic  An ac­tive ma­trix de­coder that ex­tracts four sig­nals from two-chan­nel Dolby Sur­round–en­coded ma­te­rial. The four chan­nels are left, cen­ter, and right front chan­nels, and a sin­gle-band­width lim­ited mono sur­round chan­nel. The am­pli­tude-phase ma­trix de­coder uses level dif­fer­ence be­tween the two source chan­nels, called Lt and Rt, to steer across left-cen- ter-right, and the phase dif­fer­ence to steer from front to sur­round.
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Dolby Sur­round  A dig­i­tal en­cod­ing sys­tem that com­bines four chan­nels (left, cen­ter, right, and a lim­ited-band­width sur­round chan­nel) into two chan­nels. These two chan­nels can be summed to­gether for mono play­back or played back as nor­mal stereo. When the two chan­nels are fed into the ac­tive Dolby Pro Logic de­coder, the ma­trix is un­folded back into four chan­nels again. The lim­ited-band­width sur­round chan­nel is re­pro­duced through the left sur- round and right sur­round speak­ers. If the ma­trix is fed into a pas­sive de­coder, then only the stereo sig­nal plus the sur­round chan­nel is un­folded.




down­mix  To au­to­mat­i­cally ex­tract a stereo or mono mix from an en­coded sur­round mix.




DSP  Dig­i­tal Sig­nal Pro­cess­ing. Pro­cess­ing within the dig­i­tal do­main, usu­ally by ded­i­cated mi­cro­pro­ces­sors.




DTS Dig­i­tal Sur­round A data-com­pres­sion method de­vel­oped by Dig­i­tal The­ater Sys­tems us­ing wave­form cod­ing tech­niques that takes six chan­nels of au­dio (5.1) and folds them into a sin­gle dig­i­tal bit stream. This dif­fers from Dolby Dig­i­tal in that the data rate is a some­what higher 1.4 Mbps, which rep­re­sents a com­pres­sion ra­tio of about 4:1. DTS is also what’s known as a lossy com- pres­sion. (See lossy com­pres­sion.)




DTV Dig­i­tal Tele­vi­sion.




dy­namic range  A ra­tio that de­scribes the dif­fer­ence be­tween the loud­est and the qui­etest au­dio. The higher the num­ber, the bet­ter.




el­e­ment  A com­po­nent or in­gre­di­ent of the mix.




el­lip­ti­cal EQ A spe­cial equal­izer built es­pe­cially for vinyl disc mas­ter­ing that takes ex­ces- sive bass en­ergy from ei­ther side of a stereo sig­nal and di­rects it to the cen- ter. This pre­vents ex­ces­sive low-fre­quency en­ergy from cut­ting through the groove wall and de­stroy­ing the mas­ter lac­quer.




equal­izer A tone con­trol that can vary in so­phis­ti­ca­tion from very sim­ple to very com­plex. (See para­met­ric equal­izer.)




ex­citer An out­board ef­fects de­vice that uses phase ma­nip­u­la­tion and har­monic dis­tor­tion to pro­duce high-fre­quency en­hance­ment of a sig­nal.




feath­er­ing A tech­nique used in ap­ply­ing EQ so that rather than ap­ply­ing a large amount of equal­iza­tion at a sin­gle fre­quency, small amounts are added in­stead at the fre­quen­cies ad­join­ing the one of prin­ci­ple con­cern.



[image: image]



flang­ing  The process of mix­ing a copy of the sig­nal back with it­self, but grad­u­ally and ran­domly slow­ing the copy down to cause the sound to “whoosh” as if it were in a wind tun­nel. This was orig­i­nally done by hold­ing a fin­ger against a tape flange (the metal part that holds the tape on the reel), hence the name.




Fletcher-Mun­son curves A set of mea­sure­ments that de­scribes how the fre­quency re­sponse of the ear changes at dif­fer­ent sound pres­sure lev­els. For in­stance, we gen­er­ally hear very high and very low fre­quen­cies much bet­ter as the over­all sound pres­sure level is in­creased.




glass mas­ter The first and most im­por­tant step in CD repli­ca­tion, from which the stam­pers are even­tu­ally made.




groove The pulse of the song and how the in­stru­ments dy­nam­i­cally breathe with it. Or, the part of a vinyl record that con­tains the me­chan­i­cal in­for­ma­tion that is trans­ferred to elec­tronic info by the sty­lus.




HDCD High Def­i­ni­tion Com­pat­i­ble Dig­i­tal. A process by Pa­cific Mi­croson­ics that en­codes 20 bits of in­for­ma­tion onto a stan­dard 16-bit CD while still re­main­ing com­pat­i­ble with stan­dard CD play­ers.




[image: image]headroom  The amount of dy­namic range be­tween the normal op­er­at­ing level and the max­i­mum out­put level, which is usu­ally the on­set of clip­ping.




high-pass fil­ter An elec­tronic fre­quency fil­ter that al­lows only the high fre­quen­cies to pass. The fre­quency point where it cuts off is usu­ally ei­ther switch­able or vari- able.




hy­per­com­pres­sion  Too much buss com­pres­sion dur­ing mix­ing or lim­it­ing dur­ing mas­ter­ing in an ef­fort to make the record­ing louder re­sults in what’s known as hy­per- com­pres­sion, a con­di­tion that es­sen­tially leaves no dy­nam­ics and makes the track sound life­less.




I/O The in­put/out­put of a de­vice.




jit­ter The AES/EBU wave­form should have par­tic­u­lar tran­si­tions at pre­cise in­ter­vals. Jit­ter is a mea­sure of the in­sta­bil­ity of this tim­ing. Tim­ing er­rors re­sult in fre­quency mod­u­la­tion of the au­dio sig­nal, which, in ex­treme cases, can be de­tected as side bands on ei­ther side of a con­stant tone.




lac­quer The vinyl mas­ter, which is a sin­gle-sided 14” disc made of alu­minum sub- strate cov­ered with a soft cel­lu­lose ni­trate. A sep­a­rate lac­quer is re­quired for each side of a record. Since the lac­quer can never be played, a ref or ac­etate is made to check the disc. (See ref and ac­etate.)
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LBR  Laser Beam Recorder. The de­vice that cuts the glass mas­ter from which the CD stam­pers are made.




LFE Low-fre­quency ef­fects chan­nel. This is a spe­cial chan­nel of 5- to 120-Hz in­for­ma­tion pri­mar­ily in­tended for spe­cial ef­fects, such as ex­plo­sions in movies. The LFE has an ad­di­tional 10 dB of head­room in or­der to ac­com- mo­date the re­quired level.




look-ahead In a mas­ter­ing lim­iter, look-ahead de­lays the au­dio sig­nal a small amount (about two mil­lisec­onds or so) so that the lim­iter can an­tic­i­pate the peaks in such a way that it catches the peak be­fore it gets by.




loss­less com­pres­sion A com­pres­sion for­mat that re­cov­ers all the orig­i­nal data from the com- pressed ver­sion. MLP, Dolby TrueHD, and DTS-HD Mas­ter Au­dio are loss- less com­pres­sion schemes.




lossy com­pres­sion A com­pres­sion for­mat that can­not re­cover all of its orig­i­nal data from the com­pressed ver­sion. Sup­pos­edly some of what is nor­mally recorded be­fore com­pres­sion is im­per­cep­ti­ble, with the louder sounds mask­ing the softer ones. As a re­sult, some data can be elim­i­nated since it’s not heard any­way. This se­lec­tive ap­proach, de­ter­mined by ex­ten­sive psy­choa­cous­tic re­search, is the ba­sis for lossy com­pres­sion. It is de­bat­able, how­ever, how much data can ac­tu­ally be thrown away (or com­pressed) with­out an au­di­ble sac­ri­fice. Dolby Dig­i­tal and DTS are lossy com­pres­sion schemes.




low-pass fil­ter A elec­tronic fre­quency fil­ter that al­lows only the low fre­quen­cies to pass. The fre­quency point where it cuts off is usu­ally ei­ther switch­able or vari- able.




LPCM Lin­ear Pulse Code Mod­u­la­tion. This is the most com­mon method of digi- tal en­cod­ing of au­dio used to­day and is the same dig­i­tal en­cod­ing method used by cur­rent au­dio CDs. In LPCM, the ana­log wave­form is mea­sured at dis­crete points in time and con­verted into a dig­i­tal rep­re­sen­ta­tion.




makeup gain  A con­trol on a com­pres­sor/lim­iter that ap­plies ad­di­tional gain to the sig- nal. This is re­quired since the sig­nal is au­to­mat­i­cally de­creased when the com­pres­sor is work­ing. Makeup gain “makes up” the gain and brings it back to where it was prior to be­ing com­pressed.




mas­ter­ing  The process of turn­ing a col­lec­tion of songs into a record by mak­ing them sound like they be­long to­gether in tone, vol­ume, and tim­ing (spac­ing be­tween songs).




meta­data Data that de­scribes the pri­mary data. For in­stance, meta­data can be data about an au­dio file that in­di­cates the date recorded, sam­ple rate, res­olu- tion, and so on.
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MLP Merid­ian Loss­less Pack­ing. A data-com­pres­sion tech­nique de­signed specif- ically for high-qual­ity (96-kHz/24-bit) sonic data. MLP dif­fers from other data-com­pres­sion tech­niques in that no data is thrown away, thereby claim­ing the “loss­less” moniker. MLP is also a stan­dard for the 96-kHz/24- bit por­tion of the new DVD-Au­dio disc and will be li­censed by Dolby Labs.




MO Mag­neto Op­ti­cal. A writable method of dig­i­tal stor­age uti­liz­ing an op­ti­cal disc. Each disc stores from 250 MB to 4.3 GB and may be dou­ble-sided. Its wide­spread use has been lim­ited due to its slow disc ac­cess time.




mod­u­late  The process of adding a con­trol volt­age to a sig­nal source in or­der to change its char­ac­ter. For ex­am­ple, mod­u­lat­ing a short slap de­lay with a 0.5-Hz sine wave will pro­duce cho­rus­ing. (See cho­rus.)




mother  In ei­ther vinyl or CD man­u­fac­tur­ing, the in­ter­me­di­ate step from which a stam­per is made.



mute An on/off switch. To mute some­thing means to turn it off.


noise shap­ing  Dither that moves much of the in­jected noise to an au­dio band be­yond what we can hear.

nor­maliwzatiwon wA.sSelecotiolnuontiaoDAnWMthaat lonokus faor lth.einhigfhoest peak of an au­dio file and ad­justs all the lev­els of the file up­ward to match that level.




overs  Dig­i­tal overs oc­cur when the level is so high that it tries to go be­yond 0 dB full scale on a typ­i­cal dig­i­tal level me­ter found in just about all equip­ment. A red over­load in­di­ca­tor usu­ally will turn on, ac­com­pa­nied by the crunchy, dis­torted sound of wave­form clip­ping.




para­met­ric equal­izer A tone con­trol in which the gain, fre­quency, and band­width are all vari- able.




parts The dif­fer­ent mas­ters sent to the press­ing plant. A mas­ter­ing house may make dif­fer­ent parts/mas­ters for CD, cas­sette, and vinyl or send ad­di­tional parts to press­ing plants around the world.




phan­tom im­age  In a stereo sys­tem, if the sig­nal is of equal strength in the left and right chan­nels, the re­sul­tant sound ap­pears to come from in be­tween them. This is a phan­tom im­age.




phase shift The process dur­ing which some fre­quen­cies (usu­ally those be­low 100 Hz) are slowed down ever so slightly as they pass through a de­vice. This is usu- ally ex­ag­ger­ated by ex­ces­sive use of equal­iza­tion and is highly un­de­sir­able.
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pitch On a record, the ve­loc­ity of the cut­ter head. Mea­sured by the num­ber of lines (grooves) per inch.




plate (re­verb)  A method to cre­ate ar­ti­fi­cial re­ver­ber­a­tion us­ing a large steel plate with a speaker and sev­eral trans­duc­ers con­nected to it.




PMCD  Pre-Mas­tered CD. An ob­so­lete for­mat sim­i­lar to a CD-R, ex­cept that it has PQ codes writ­ten on the lead out of the disc to ex­pe­dite repli­ca­tion.




PQ codes  Sub­codes in­cluded along with the main data chan­nel as a means of plac­ing con­trol data, such as start IDs and ta­bles of con­tents, on a CD.




pre­de­lay A vari­able length of time be­fore the on­set of re­ver­ber­a­tion. Pre­de­lay is of­ten used to sep­a­rate the source from the re­ver­ber­a­tion so the source can be heard more clearly.




Pul­tec An equal­izer sold dur­ing the ’50s and ’60s by West­ern Elec­tric that is highly prized to­day for its smooth sound.




pump­ing When the level of a mix in­creases, and then de­creases no­tice­ably. Pump­ing is caused by the im­proper set­ting of the at­tack and re­lease times on a com- pres­sor.




punchy  A de­scrip­tion for a qual­ity of sound that in­fers good re­pro­duc­tion of dy­nam­ics with a strong im­pact. The term some­times means em­pha­sis in the 200-Hz and 5-kHz ar­eas.




Q  Band­width of a fil­ter or equal­izer.




range  On a gate or ex­pander, a con­trol that ad­justs the amount of at­ten­u­a­tion that will oc­cur to the sig­nal when the the sig­nal drops be­low the thresh­old.




ra­tio  A pa­ram­e­ter con­trol on a com­pres­sor/lim­iter that de­ter­mines how much com­pres­sion or lim­it­ing will oc­cur when the sig­nal ex­ceeds the thresh­old.




re­call  A sys­tem that mem­o­rizes the po­si­tion of all pots and switches on a con- sole. The en­gi­neer must still phys­i­cally re­set the pots and switches back to their pre­vi­ous po­si­tions as in­di­cated on a video mon­i­tor.




Red Book  The pre-recorded CD au­dio stan­dard that you find in mu­sic stores to­day.

Be­cause of this stan­dard, any CD will play in any au­dio com­pact disc player. Spec­i­fied are the sam­ple rate (44.1 kHz), bit depth (16), type of er­ror de­tec­tion and cor­rec­tion, and how the data is stored on the disc, among other things.
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ref Short for ref­er­ence record, a ref is a sin­gle-sided vinyl check disc, some­times called an ac­etate. Due to the ex­treme soft­ness of the vinyl, a ref has a lim- ited num­ber of plays (five or six) be­fore it wears out. (See ac­etate.)




ref­er­ence level  This is the au­dio level, ei­ther elec­tronic and acous­tic, at which a sound sys- tem is aligned.




re­lease  The last part of a sound. On a com­pres­sor/lim­iter, a con­trol that af­fects how that de­vice will re­spond to the re­lease of a sound.




re­turn In­puts on a record­ing con­sole es­pe­cially ded­i­cated for ef­fects de­vices, such as re­verbs and de­lays. The re­turn in­puts are usu­ally not as so­phis­ti­cated as nor­mal chan­nel in­puts on a con­sole.




re­verb  A type of sig­nal pro­ces­sor that re­pro­duces the spa­tial sound of an en­v­i­ron- ment (for ex­am­ple, the sound of a closet or locker room or in­side an oil tanker).




[image: image]RIAA curve An equal­iza­tion curve in­sti­tuted by the Record­ing In­dus­try As­so­ci­a­tion of Amer­ica (the RIAA) in 1953 that nar­rowed the grooves, thereby al­low­ing more of them to be cut on a record, which in­creased the play­ing time and de­creased the noise. This was ac­com­plished by boost­ing the high fre­quen- cies by about 17 dB at 15 kHz and cut­ting the lows by 17 dB at 50 Hz when the record was cut. The op­po­site curve is then ap­plied dur­ing play­back.




sam­ple rate  The rate at which the ana­log wave­form is mea­sured. The more sam­ples per sec­ond of the ana­log wave­form that are taken, the bet­ter the dig­i­tal repre- sen­ta­tion of the wave­form that oc­curs, re­sult­ing in greater band­width for the sig­nal.




sam­pling An ana­log au­dio wave­form is mea­sured by an ana­log-to-dig­i­tal con­verter (called an A-to-D, ADC, or A/D con­verter) in am­pli­tude at dis­crete points in time and con­verted from elec­tronic data to dig­i­tal data.




scal­a­bil­ity A fea­ture of DVD-A that al­lows the pro­ducer to se­lect from var­i­ous sam- ple rates (44.1, 48, 88.2, 96, 176.4, and 192 kHz) and word lengths (16, 20, 24). It is also pos­si­ble for the pro­ducer to as­sign dif­fer­ent sam­ple rates and word lengths to dif­fer­ent chan­nel fam­i­lies, such as 96/24 to the front speak­ers and 48/16 to the sur­rounds.




SDDS Sony Dy­namic Dig­i­tal Sound. Sony’s dig­i­tal de­liv­ery sys­tem for the cin- ema. This 7.1 sys­tem fea­tures five speak­ers across the front, stereo speak­ers on the sides, plus a sub­woofer.
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sibi­lance A rise in the fre­quency re­sponse in a vo­cal where there’s an ex­ces­sive amount of up­per midrange fre­quen­cies, re­sult­ing in the “S” sounds be­ing overem­pha­sized.




slate A com­ment added to a tape or track to iden­tify it. In the early days of tape, a 50-Hz slate tone was added be­fore each take of a song to eas­ily iden­tify its be­gin­ning as the tape was rewind­ing.




source tape  An orig­i­nal mas­ter tape that is not a copy or a clone.




Spa­tial­izer A process de­vel­oped by Spa­tial­izer Lab­o­ra­to­ries that uses psy­choa­cous­tic al­go­rithms to give the lis­tener the im­pres­sion that he is im­mersed in sound.




SPL Sound Pres­sure Level.




SRC Sam­ple Rate Con­ver­sion.




stam­per In ei­ther vinyl or CD man­u­fac­tur­ing, a neg­a­tive copy bolted into the presser to ac­tu­ally stamp out records or CDs.




stems  Mixes that have their ma­jor el­e­ments bro­ken out sep­a­rately for in­di­vid­ual ad­just­ment at a later time.




sub  Short for sub­woofer.




sub­woofer  A low-fre­quency speaker with a fre­quency re­sponse from about 25 Hz to 120 Hz.




syn­chro­niza­tion  When two de­vices—usu­ally stor­age de­vices such as tape ma­chines, DAWs, or se­quencers—are locked to­gether with re­spect to time.




test tones A set of tones used to cal­i­brate a play­back sys­tem. In the days of tape, they were added to a tape to help cal­i­brate the play­back ma­chine.




thresh­old  The point at which an ef­fect takes place. On a com­pres­sor/lim­iter, for in­stance, the thresh­old con­trol ad­justs the point at which com­pres­sion will take place.




THX A set of spec­i­fi­ca­tions, pri­mar­ily for movie the­aters, that spec­i­fies the acous­tics and play­back equip­ment so a movie will sound rea­son­ably the same from the­ater to the­ater. THX was cre­ated by au­dio sci­en­tist and edu- cator Tom­lin­son Hol­man for Lu­cas­film. THX stands for Tom­lin­son Hol­man Ex­per­i­ment.
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TV mix  A mix with­out the vo­cals so the artist can sing live to the back tracks dur- ing a tele­vi­sion ap­pear­ance.




unity gain  When the out­put level of a process or pro­ces­sor ex­actly matches its in­put level.




UDF  Uni­ver­sal Disc For­mat. The file sys­tem used by DVD that elim­i­nates much of the con­fu­sion that CD-ROM had due to the many dif­fer­ent file for­mats used. All DVD for­mats use UDF and, as a re­sult, have some level of com- pat­i­bil­ity with not only all DVD play­ers, but also with com­put­ers us­ing DOS, OS/2, Win­dows, Mac, and UNIX op­er­at­ing sys­tems.




U-matic  An in­dus­trial video ma­chine uti­liz­ing a cas­sette stor­ing 3/4” tape. The U- matic is the pri­mary stor­age de­vice for the 1630 dig­i­tal pro­ces­sor.




vari­able pitch  On a record, vary­ing the num­ber of grooves per inch de­pend­ing upon the pro­gram ma­te­rial.




varispeed A pa­ram­e­ter on tape recorders that varies the speed of the play­back.




vinylite The vinyl used to make records ac­tu­ally comes in a gran­u­lated form called

vinylite. Be­fore be­ing pressed, it is heated into the form of mod­el­ing clay
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WAV A WAV file is an au­dio data file de­vel­oped by the IBM and Mi­cro­soft cor- po­ra­tions and is the PC equiv­a­lent of an AIFF file. It is iden­ti­fied by the

.wav file ex­ten­sion.




word length The num­ber of bits in a word. Word length is in groups of eight. The longer the word length, the bet­ter the dy­namic range.
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Three Rules for Hot Levels
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* Set your master fader to ~1 6B to avoid digtal overs
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Scalabilty. The program producer, mastering engineer, or author is
able to choose the number of channels, the bit depth, the sample
rate, and the encoding method

Value-added material. Liner notes, abum-cover arwork, music
videos, and artist commentary can all be included.
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CD-R Recording Tips

* Ahays use dscatonce mode

* Also use the lowest burner speed forthe best sound and the lowest
number of ermors.
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For Best MP3 Encodes

* Dont hypercompress  the source master.
* Cutsome ofthe high frequencies
¢ UseVariable Bit Rate mode

Tum off Mid-Side Joint Stereo, Intensiy Joit Stereo, and Stereo
Narrowing

+ iy not to use abt rate below 160 Kaps (igher is better)

* Setthe outputto—1 dB since encodes are hotter.
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